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MAGIC TH/;oPra

Five Status-LEDs
POWER, SYNC, ALARM, INFO 1, INFO 2

llluminated graphic display with 160 x 32 pixels & front keypad

For basic settings and status displays, but not for operation.
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POWER - r IR e S I AUDIO2  DIGITALAES 1 -
100-250VAC - Eﬁffg‘é'— érm.oeus - ANALOGUE
g max. 30W a w

MODULE SLOT 2 o O
3 Q U . . q
.o () (]

LAN 1 LAN 2 CLOCK 1 CLOCK2 TTL/RELAY DIGITALAES 3 -4

Two independent LAN interfaces for control and 2 x analogue Audio input/output

VolIP applications. Je 2 x XLR (female/male)

Word clock input/output 4 x AES Audio input/output

Programmable GPIO interface 8 x digital audio cable (2 x Sub-D 15-polig)
8 x TTL input/output 2 x Slot for DANTE/LAN modules

8 x Relays (8 x normally open contact)

Redundant Power Supply (optional requires
hardware version 4.0)
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———RUUIUT—KUUTO—Z__AUDTm—_E\U 2 DIGITALAES1-2
EXTERNAL
= -l | = +5V DC ALOGUE -5- ANALOGUE
| max. 30W

T CE
S8 - QU@O@

LAN2 CLOCK1 CLOCK2

DIGITAL AES 3 -4

Slot 1: LAN 3/4 Slot 2: DANTE
2 additional Ethernet interfaces 32 channels
Flexible use e.g. for control, VoIP, 2 Ethernet interfaces
Ember+, DHD Set Logic, SNMP The classic audio interfaces can still be
used.
Avallable modaduies
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19” housing x 1 U signalling

Without fan for silent operation DHD Set Logic

. 96 inputs/outputs
Low power consumption of typ. 15 W

Ember+ provider

Optional redundant power supply (requires Hardware Version 4.0)
96 inputs and 96 outputs

Two system variants Keypad, phone number, name
8 caller lines, expandable to 16 caller lines

Ember+ Consumer

16 caller lines ) )
Connection to 2 Ember+ providers

12 audio interfaces 20 functions per consumer
2 x analogue input/output ..
g P g DTMF generator for the transmission of DTMF tones

8 x digital input/output (4 x AES)

2 x handset/headset VLAN support

Digital signal processing for each line QoS support

Echo canceller to eliminate echoes with a runtime of up to 120 ms (Echo Tail . .
Time) integrated SIP monitor

AGC Automatic Gain Control . . .
Audio test panel with signal generator

Expander for noise suppression

Send Level Booster

Programmable GPIO for mixing console control and external
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MAGIC THipPro Intercom PC
Software

AVT

Single user license (1 licence
included, optionally up to 20 per
system).

Up to 10 systems with 160 lines can
be displayed simultaneously.

Grouping of the systems on up to 10
pages.

Resolution independent design.

Supported operating systems
- Windows 7, 8.1, 10 (32/64 Bit)

Free colour design
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6 workplace configurations

8 or 16 VoIP lines
HD Voice

Significantly better voice quality with
G.722 codec.

Pretalk via USB Headset
AESG7

Audio over IP

8 Channels (in addition to hardware
audio interfaces).



MAGICT

PC Software Operation
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Install the MAGIC THipPro Intercom Software from
the USB stick with administrator rights on your PC
and then start the software with administrator

rl g hts : Control Port Settings
From Windows 7 and higher via the context menu "Run rierfaces
as administrator”, even if you are currently logged on S Tope —_— ——
as administrator. 1 LDP apen 10.418.211: 10000
2 upp open 10.4.18.212; 10000
Under MENU > CONFIGURATION - CONTROL ; O S 50000
INTERFACE, enter the systems to be controlled. :
7
Add systems by double-clicking a line or use the .
ADD/EDIT key. 10
Remove a system using DELETE.
DELETE ALL removes all entries from the list. Load - T S e R Y
The order of the entries can be changed via UP Concs
and DOWN. The sequence determines the order
of the systems in the main window.
Srarring rne PC Ssorrware
-_— wEs @ e e . - -e ¥ . - S—— el BTeYw oas s W
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INTERFACE: The connection can only be
established via the LAN interface (UDP).

PARAMETERS:

INTERFACE: If the PC has several network interfaces,
specify here which of them is to be used.

Communication Interface Parameter

IP ADDRESS: IP address of the THipPro Intercom
device. Interface; H[s]] o
PORT: UDP port of the control connection on the Parameter
THipPro Intercom device. The default value is 10 000. .
Interface: <Default: w
Press the right telephone key on the device twice IP addhess: |10.4.16.211 |
to display the currently assigned IP address of the Port (10000 |
system,.
The network settings can be adjusted on the Cancsl
device under MENU - SYSTEM SETTINGS >
LAN SETTINGS.
/.\,-\ ) - ~ ,\,__,\ ) - b - =N -~ f-\“—'\ ==
SOITICSLCLIOVN pPal aliliSierls
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The software can connect to up to 10 THipPro Intercom
systems simultaneously.

The THipPro Intercom systems can be distributed over up to
10 pages.

The pages are selected via the tabs (@) below the menu
bar.

Depending on the screen resolution, up to 10 THipPro
Intercom systems with 160 lines can be displayed
simultaneously on one page.

On the right-hand side you will find:

= (@) Telephone book, Redial list and the input field for the
telephone number.

= (©) Keys for the Preallocation of lines.

= (@) Quick dial keys and call history list. Click on the list title
to switch between the two views.

= (®) The WORKPLACE SELECTION key to switch the view
to an alternative workplace configuration.

CONNECT

o 2 ™ o5 8 70 m

08 706 707 ™ m m B s 6
- __ ___
sewect | sewecr | seect seect || seecr || seecr (| seecr || sewect SELECT SELECT
TRA-GL

et

Ho

S—

p¥ob || DHOB

Main Window
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« The title bar can be hidden using
LOCAL SETTINGS -
APPLICATION PARAMETERS.

+ Clicking the menu button (@)
displays the menu as a sidebar.

« Without the title bar, the window
can no longer be moved with the
mouse.

« To temporarily show the title bar,
press the SCROLL LOCK key on
the keyboard.
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Main Window
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« Atelephone connection can be established in

various ways: e

DIAL PANEL

Dial Number
)

= Enter the phone number in the phone number field (@)
and press the CALL key (©) on the desired line.

AESE7 Ch. 8

o0Q

= Select a phone book entry (®). The phone number is
then transferred to the phone number field. Press the
CALL key (®) on the desired line.

= Select a redial number (®) and press the CALL key (©)
on the desired line.

= Select a number from the CALL HISTORY list (®) and
press the CALL key (©) on the desired line.

* Press the CALL key (©) on the desired line. A dialling > (4
window opens where you can select a directory entry or
enter a telephone number.

= Select a quick dial key (®) and press the CALL key (©)
on the desired line.

CALL HISTORY -

=
H
>

B

)

B

)

B

8

)

B

8

5
8
<

'WORKPLACE SELECTION

O —

[ [ wowbeesz )

Call set-up
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« Aclick on the level indicator (@) opens
the send level booster.

= The level of the outgoing signal can be
increased in three steps. S5

= The individual levels are configurable =

(SYSTEM CONFIGURATION - SIGNAL
PROCESSING).

= The currently set gain is highlighted in
yellow.

HQ-TRA-01

« The currently set gain is permanently
displayed in the level meter. CONNECT

« Whether the gain is reset or kept after
a connection is terminated is
configurable.
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« Akey (@) for local
communication with the
subscriber can be displayed for
all lines (activate under

AES67 Ch. 5

605

371

CONFIGURATION - LOCAL HQ-TRA01
SETTINGS - PRETALK
STREAMING). HO

=

« This pretalk is conducted via the
PC's sound card. !

« The audio data streams are

transferred between the PC and n

the THipPro Intercom System via
LAN.

| R
DROF
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«  Akey (@) to hold the connection can be displayed
for all lines (activate under SYSTEM

CONFIGURATION > INTRO / HOLD SIGNAL). = AES67 Ch.5
« The position of the key depends on whether the 605
pretalk function is activated. (S —— B TR

< The received audio signal will no longer be output oL
HQ-TRA-01

to the audio interface.

« The following signals may be played to the caller:

= Intro: A short announcement, individual for each line
stored on the THipPro Intercom system.

= External: A signal fed via a separate audio interface.

= Line: The signal from the audio interface assigned to
the telephone line.
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+ An R key (0) can be displayed for all lines
to transfer calls to up to 10 predefined
destinations (®) (enable under

AES67 Ch. 5

CONFIGURATION - LOCAL SETTINGS = =
- QUICK DIALS / CALL TRANSFER).
+ Inthe CONNECT (®) state, the connection
Is transferred directly (blind call transfer). w :‘ :
+ Inthe PRETALK (@) state, the desired party n ‘ ' ~ '
is notified (attended call transfer). ~ . ety oL -
= The symbol of the R key changes to an arrow el o6
(®). The call can be retrieved. L R || orop

= The DROP key (®) completes the call transfer.

~ —_— - -
— - = - —_— - pi
—_

‘\_1\::--- —‘—\_A———:/—‘C_
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A telephone connection can also be prepared and
established at a later time.

The SELECT (@) key opens the phone book:

An entry can be searched for (®) and selected (®) here and
the preallocation can be completed by pressing the SELECT
key ().

If several numbers are stored for an entry, the
preallocation is completed by clicking on the desired
number (©).

If the desired number is not yet stored in the phone
book, a new entry must be created using the NEW (@)
key.

The CLEAR key (@) deletes the preallocation on this
line.

Preallocation is also possible without a database:
The SELECT (@) key opens a keypad.

Here you can enter a number and complete the
preallocation by pressing the SELECT key.

The CLEAR key (@) deletes the preallocation on this
line.

~ ~ =5 -
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« The CALLALL (®) key is
used to establish telephone
connections on all
preallocated lines of all
THipPro Intercom systems.

+ The DROP ALL (®) key
terminates all active
telephone connections on
all THipPro Intercom
systems.

e & &3 & 5 08 &7 08

_—t— —— —— BN N 2

HOZB1 HO-TBV2 Ha-ZB¥3 HOZBA SUB-TR-20

Preallocation of lines (2)
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The preallocation of all lines of all THipPro
Intercom systems can be stored in a preallocation -
record in the database.

Each THipPro Intercom system must be assigned
an individual system index under SYSTEM
CONFIGURATION > GENERAL > SYSTEM >
INDEX.

Preallocation records are managed via the
PREALLOCATION key (®):

CLEAR ALL (®) clears the preallocations of all THipPro
Intercom systems.

LOAD (®) displays all preallocation records stored in
the database.

SAVE Cancel

SAVE (@) stores the lines currently preallocated on the
THipPro Intercom systems as preallocation records in
the database. Select <New> under SAVE AS to create
a new record. Select an existing record under SAVE
AS to overwrite it.

Demo A (Mittwoch, 23. Januar 2019) v

Lisk Hame: Derma A

Description: | Demonstration &

Individual preallocation records can be deleted from the
database using DELETE (©).

_\‘.—‘"\ — - ~ — 1—‘_ ‘r L
r1realloCacion Ol
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MAGIC THipP

Inte

Local Settings

These settings are stored on the PC. Each instance on each PC stores
its own record. The storage location depends on the SETTINGS
FOLDER setting in the LOCAL SETTINGS (see Tips & Tricks).
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All Settings under CONFIGURATION -> LOCAL SETTINGS are stored on the PC.

On page APPLICATION PARAMETER the appearance, notifications and path of
the log files are configured.

MAIN WINDOW SIZE: The size of the program window in pixels.
AUTO: The window size is automatically set to full screen resolution at program start.

CUSTOM: The window size can be specified pixel by pixel under CUSTOM WINDOW
SIZE.

Some frequently used window sizes can be selected directly.

LAYOUT: Arrangement of the THipPro Intercom systems on the main window:
COLUMNS: Number of systems next to each other.
ROWS: Number of systems on top of each other.

HIDE UNITS WITHOUT CONFIGURED IP ADDRESS: Gaps in the list of systems
under CONTROL INTERFACE can optionally be skipped.

SYSTEM APPEARANCE: Arrangement of the caller lines of the individual
THipPro Intercom devices:

ROWS PER SYSTEM: One or two row display of a THipPro intercom system.
CALLER LINES PER ROW: Number of caller lines of a THipPro Intercom System per
line.

UNIFORM WIDTH: All lines have the same width.

MIN X: At least X caller lines per row.
16: 16 caller lines per row

SPACE BETWEEN ROWS: Height of the horizontal space between two rows.

Audio
Video
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Application Parameters  Quick Dials / Call Transfer  PRETALK Sheaming S ettings Folder

ain *window Presentation

Screen resolutior: 192041170
tain window size Custom w Customn window size:
Layout Sypgtem Appearance
Columns: 1 ~ Rows: | 2 ~ Rows per Systen: 1

] Hide urits without configured P address Caler lines per row:

Space between rows:

Side-Bar size: 200
Show title bar [temporaily toggle with [Scroll-Lock] key]
] 5how windaw on fixed pasitian 0 i}
Page |abels
Page 2 |Subsidiary & Page 5 |Subsidiary D Page &: l:l

Play " ave File

(] 0n Incaming Call |F!ing way ‘

[Jon Remate Drop:
[]0n Local Drop:

C:iUsers\PublichaW TAMAGIC THipPro Intercomyw armning %d. wav ‘

Logfile
Lagfile Falder;

C:hU sershPublichAW T WMAGIC THipPro Intercom'Lagfiles

File Marme Farmat: <folder>“log-<day of monthz .kt [default) e

Page 10 I:I

Erowse

Browse

%d in the wave file name will be replaced by the line index (1..16] of the line which was dropped.

Brawse

Abbrechen

Open

— -~ - ~ 1~ " == \
— — — D |
A A R A A A L 1 B \




SYSTEM APPEARANCE: Arrangement of the caller lines of the
individual THipPro Intercom devices:

ROWS PER SYSTEM: One or two row display of a THipPro intercom
system.

CALLER LINES PER ROW: Number of caller lines of a THipPro Intercom
System per line.

UNIFORM WIDTH: All lines have the same width.

MIN X: At least X caller lines per row.

16: 16 caller lines per row

SPACE BETWEEN ROWS: Height of the horizontal space between two
rows.

SIDE BAR SIZE: Width of the sidebar of the main window in
pixels.

SHOW TITLE BAR: Displays the classic Windows title bar along
with the menu bar. Otherwise, the title bar will disappear, and the
menu will be offered in a sidebar that can be opened by pressing
the menu button in the upper left corner.

SHOW WINDOW ON FIXED POSITION: The window is displayed
at the given position (in pixels) on the screen when the program
starts.

PAGE LABELS: Labelling of the tabs in the main window.

*‘ —~ — ~ —~ N - ~ -~
- \ -~
a1 4 A A A L A 1A 4 N -
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Application Parameters  Quick Dials / Call Transfer  PRETALK Sheaming S ettings Folder

ain *window Presentation
Screen resolutior: 192041170

] Hide urits without configured P address

Side-Bar size: 200

Show title bar (temporarily toggle with [Scroll-Lock] key)
] 5how windaw on fixed pasitian 0 i}
Page |abels

Page 1: Page 4: | Subsidiary C Page 7
Page 2 |Subsidiary & Page 5 |Subsidiary D Page &:
Page 3: |Subsidiary B Page E: I:l Page 9

Play " ave File

tain window size Custom w Customn window size:
Layout Sypgtem Appearance
Columns: 1 ~ Rows: | 2 ~ Rows per Systen:

Caller lines per rav:

Space between rows:

.
L]
L]

e |-
1 -
min. & ~

L

(] 0n Incaming Call |F!ing way

‘ Erowse

[ 0n Remate Drop |C:\U sers Publichay TAMAGIC THipPro Intercomiwaming d. way

‘ Browse

[J0n Local Drap: 54 in the: wave File name: will be: replaced by the line index (1,15 of the line which was dropped

Page 10 I:I

Logfile
Lagfile Falder; C:hU sershPublichAW T WMAGIC THipPro Intercom'Lagfiles Browse Open
File Marme Farmat: <folder>“log-<day of monthz .kt [default) e
Abbrechen
/
-
= S —~ ~ ~ = 4N — o~ i
— —_— —_— ~— A
B B _ A B B A A LA 2 B —




AVT

PLAY WAVE FILE: The PC software can
play audio files in WAVE format to signal
the following events:

ON INCOMING CALL: Activates the playback
of an audio file when a call arrives on a line of
the THipPro Intercom system.

ON REMOTE DROP: Activates the playback of
an audio file when the telephone connection
has been terminated by the remote side.

ON LOCAL DROP: Enables playback of an
audio file when the telephone connection has
been disconnected from the local side.

A file name can be specified for incoming and
outgoing calls respectively. If the file name or
path contains the symbol "%d", a separate
audio file will be played for each line. In the
example, Warning_%d.wav expands to
Warning_1.wav for line 1,

Warning_2.wav for line 2, and so on.

— — —~ — —. o
— —
—
- — — _ e NS e - - -
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Local Settings

Application Parameters  Quick Dials / Call Transfer  PRETALK Sheaming S ettings Folder

ain *window Presentation

] Hide urits without configured P address

Page 3: |Subsidiary B

Play " ave File

Pagoe [ ]

Side-Bar size: 200

Show title bar [temporaily toggle with [Scroll-Lock] key]

] 5how windaw on fixed pasitian 0 i}

Page |abels
Page 1: Page 4: Page 7:
Page 2: Page &: Page 8

Page 9:

Space between rows:

L]
L]
LI

(] 0n Incaming Call |F!ing way

[ 0n Remate Drop |C:\U sers Publichay TAMAGIC THipPro Intercomiwaming d. way

[]0n Local Drop:

Screen resolutior: 192041170
tain window size Custom w Customn window size: * (1100
Layout Sypgtem Appearance
Columns: 1 ~ Rows: | 2 ~ Rows per Systen: 1 w
Caller lines per row: min. & &4

L

Page 10 I:I

Erowse

Browse

%d in the wave file name will be replaced by the line index (1..16] of the line which was dropped.

Logfile
Lagfile Falder; C:hU sershPublichAW T WMAGIC THipPro Intercom'Lagfiles Browse Open
File Marme Farmat: <folder>“log-<day of monthz .kt [default) e
Abbrechen
= X\
- PR —~ -~ —_ o~ / \
— _ —_ ey »
B B _ A B B A A LA 41 B —




LOGFILE: A log file is saved on
the PC for each day of the
month. After one month the files
are overwritten.

LOGFILE FOLDER: The storage

path of the log files can be selected
via BROWSE.

OPEN opens the current log file.

FILE NAME FORMAT: The PC
name can be included in the file
name of the log file, e.qg. if all log

files are stored in a central location.

A
\ - — —~ - ~ -
—
—
- —_— _ 48 B B A _ B 1 B B -
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Application Parameters  Quick Dials / Call Transfer  PRETALK Sheaming S ettings Folder

ain *window Presentation
Screen resolutior: 192041170

tain window size Custom w Customn window size: 1400 | " |1100
Layout Sypgtem Appearance
Calumnis: 1 ~ Rows: | 2 ~ Rows per System: 1 ~
Caller lines per row: min. & &4

] Hide urits without configured P address

Space between rows: CI

Side-Bar size: 200

Show title bar (temporarily toggle with [Scroll-Lock] key)
] 5how windaw on fixed pasitian 0 i}
Page |abels

Page 2 |Subsidiary &
Page 3: |Subsidiary B

Play " ave File
(] 0n Incaming Call |F!ing way

Fags & Page?. [ ]
Poge Pages [ ]
Pot [ ] res [ ]

‘ Erowse

[ 0n Remate Drop |C:\U sers Publichay TAMAGIC THipPro Intercomiwaming d. way ‘ Browse

[J0n Local Drap: 54 in the: wave File name: will be: replaced by the line index (1,15 of the line which was dropped

Page 10 I:I

Logfile
Lagfile Falder; C:hU sershPublichAW T WMAGIC THipPro Intercom'Lagfiles Browse Open
File Marme Farmat: <folder>“log-<day of monthz .kt [default) e
Abbrechen

| 3
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Up to 20 quick dial entries can be configured.
NAME: Labelling of the quick dial key.
NUMBER: Telephone number.

Application Parameters  Quick Dials / Call Transfer  PRETALK Streaming  Settings Folder
The quick dial keys are displayed in the sidebar of the Bk Do - et ol Tt "
main window. 1. [Headguaters | [300 | 1. [Operstor | [502 |
2 |Subsidiay A | [4m | 2 [cF1 ES |
Calls can be transferred to up to 10 different , =" e |
& | | | & || |
numbers. . ! nes ! |
ENABLE CALL TRANSFER: This activates the call ’ I I I I ’ I H I
transfer function. An R key is displayed on each line in o | 1 s I |
the main window. | || | e || |
) ) m | | | | [ Use "Blind Call Transfer” instead of "Attended Call Transfer"
NAME: You can 0pt|0na||y Spec|fy a name for a transfer 12| | | fIn case of PRETALK. "Attended Call Transfer i stil used)
destination. . I H I
NUMBER: Telephone number. . | |
7| | | |
USE BLIND CALL TRANSFER...: Sets the SIP . I H I
method used to transfer a connection. o | | |
Anyhow_, an attended call transfer is only performed if —
the line is in Pretalk. |
f-\ N o~ A pY — -~ N = B B — - — : - —
A LA L Il walil 1 1aliole€l
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The PC software allows the user to speak directly to the

remote station (software option PRETALK STREAMING st ez G D 1o T PRETALK veang [saligeraia
requ i red) ] Enable PRETALK Stiearing

Audia Inpu Fiiméter S oundaufnahmetraiber <] [ Steamtest signalts MAGIC THigPro
Th|s pretalk iS Conducted Via the PC'S Sound Card. Ao Output i en Sailz | [ Play test signal on audio output

The audio data streams are transferred between the PC and
the THipPro Intercom System via LAN.

Configure the function on the PRETALK STREAMING
page:

ENABLE PRETALK STREAMING: A pretalk key is displayed
on all lines.

AUDIO INPUT: Select an audio recording device from the
PC.

STREAM TEST SIGNAL TO MAGIC THIPPRO: Sends a test
signal to the remote terminal to check the network connection
to the THipPro intercom system. A telephone connection
must be established in PRETALK mode.

AUDIO OUTPUT: Select an audio output device from the PC.

PLAY TEST SIGNAL ON AUDIO OUTPUT: Plays a test
signal on the PC's audio output device to check the network
connection from the THipPro Intercom system. A telephone
connection must be established in PRETALK mode.

Abbrechen

~
y F = b ke Y - _F - — -
—_ - - e = _\_ -_— e L. A A B R 2B B -
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Determine how the settings are stored on
the local PC on page SETTINGS FOLDER:
FOR CURRENT USER: Each user has

separate settings and can change them
themselves.

FOR ALL USERS: All users of the PC use
identical settings. Administrator rights are

needed to change them. Dsﬂ
IN THIS FOLDER: The settings are saved to a
file in the specified location. idons Ao gt ey be e

SAVE SETTINGS ENCRYPTED: The local
settings are stored encrypted.

If you want to create a backup of the local
settings, the command showprofilepath

under ADMINISTRATION - SYSTEM
PANEL shows where the file can be found.

Audio
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MAGICT

System Configuration

Audio
Video
Technologies




The settings can be found in the CONFIGRATION menu. There is

a submenu for each connected THipPro Intercom device.

CONFIGURATION opens the settings of the respective system:
These settings are stored on the device.

All settings unter GLOBAL SETTINGS and OPERATION SETTINGS can
be saved as PRESET.

A SUPER PRESET contains all settings under GLOBAL SETTINGS,
OPERATION SETTINGS and SYSTEM SETTINGS.

PRESETS and SUPER PRESETS are stored on the device and

can be managed and loaded via CONFIGURATION = SYSTEM X
- PRESETS.



«  Presets are managed via CONFIGURATION -»>
SYSTEM X > PRESETS:

AVT

SAVE PRESET AS: The current configuration of the
OPERATION SETTINGS branch is saved as a Preset.
The name is freely selectable (max. 16 characters).

SAVE SUPER PRESET AS: The entire current system
configuration is saved as a super Preset. The name is
freely selectable (max. 16 characters).

MANAGE PRESETS: Displays a list of all stored
Presets and offers additional management functions:

NEW PRESET: Creates a new Preset based on the
current configuration.

NEW SUPER PRESET: Creates a new super Preset
based on the current configuration.

EDIT: Opens the selected Preset for editing.
SELECT: Activates the selected Preset.
IMPORT: Imports a Preset stored on the PC.
EXPORT: Saves a selected Preset to the PC.
EXPORT ALL: Saves all Presets to the PC.

List of Presets: The menu also displays all available
Presets. Click on a Preset to activate it.

Audio
Video
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# Workplace 3 : OPERATOR : MAGIC THipPra Intercomn - System01 : VolP

File Configurstion Administration  Extras  Help

Control Interface

et Local Settings

> Configuration

Save Preset As ...

Save Super Preset &5 ...
Manage Presets

System 1: System01

PRESET 1

601 602
“ “ —

HQ-ZBV-1 HQ-ZBV-2 HQ-ZBV-1

" R R 2

Presets

PRESETZ

PRESET 1

MNew Preset
Mew Super Preset
Edit

Delete

Select

Imnpork
Expork

Export All

| Close |




« The system configuration can be
stored in a file under FILE > SYSTEM % Workplace 3 : OPERATOR : MAGIC THipPro Intercom - System01 : VolP
X 9 EXPORT SYSTEM SETTINGS. File Configuration Administration Extras Help

Systern 1: System01 > Import System Settings

Export System Settings

Exit

« To restore a backup, open the file
using FILE - SYSTEM X - IMPORT S SRS ASETES ASEI
SYSTEM SETTINGS.

601 602 603 604
« ltis also recommended to recreate the n - “

backup file after a firmware update, as e e e
it cannot be guaranteed that old
backups are compatible with the latest
firmware.

= In such a case, the device would first have

to be downgraded to the software version
with which the backup file was created.

SACKUD &
—/&A—‘\._,—\_\_A_ 4 e
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The local settings are automatically
protected when working under a user
account while FOR ALL USERS is selected
under CONFIGURATION - LOCAL
SETTINGS - SETTINGS LOCATION.

To also protect the system settings, a
password must be set under LOGIN.

Two levels are available:

ADMINISTRATOR: Log in with this password
to access all functions and settings.

USER: Log in with this password to load
presets and switch between workplaces.

Note: If you have forgotten the administrator
password, the device can only be unlocked
by resetting to factory settings.
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Client Workplace Assignment
Client Workplace Restrictions

Caller Line Grouping
VolP (LAN/SIF)
Audi Interface
PRETALK Streaming
AESET

LAN Interface

VLAN

DHD Audio Matrix
Ember+

SHP

Client |0 1 ‘whorkplace: 3

Login

USER

Password

Canfirm Password:

ADMINISTRATOR

Password

Confirm Password:

Abbrechen

Apply Now




MAGIC THipP

Inte

Global Settings

These settings are identical for all connected systems.

The PC software only reads the GLOBAL SETTINGS of the first available THipPro
Intercom device and displays them for all subsequent devices. If the configuration
window is closed with OK, the settings are saved on all connected devices.
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Optionally, up to 20 PCs can connect
to a THipPro Intercom system.

If the INTERCOM CLIENTS list on the
CLIENTS/SECURITY page is empty,

Client Workplace Assignment

any PC can connect to the system. o[
As soon as an entry exists, access
protection is active. !

All PCs in the list can connect directly to ;

the system e ;

On all other PCs, the administrator :

password must be entered when
establishing a connection.

Wisiolees 8 Abbrechen | | Appl Now
N — - -
- - Y P — - -
—_— — — P
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Basic settings are made on the
GENERAL page.

Each workplace configuration can be

assigned a name and a background I

colour of the main window. w O m
e T —

Customize the buttons off the main i o

window under BUTTON LABELS. .

If BLOCK CALLS FROM NUMBERS

OTHER THAN THE PREALLOCATED

NUMBER is activated the THipPro

Intercom Systems only accept calls

from the respective preallocated
number.
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On the CLIENT
WORKPLACE
ASSIGNMENT page, the
WORKPLACE ACCESS
column specifies which
workplace configurations
the respective clients can
access.
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5. Glabal Settings
Clients / Security
General

Client Workplace Restrictions
Database

&) Operation Settings
Workplace Definition
Audin Line
Intra / HOLD Signal
Signal Processing
Line Labels

Auto Answer

GPIO

- System Settings

General

Line Interface

Caller Line Grouping
VolP (LAN/SIF)
Audi Interface
PRETALK Streaming
AESET

LAN Interface

VLAN

DHD Audio Matrix
Ember+

SHP

Lagin

Client |0 1 ‘whorkplace: 3

Client Workplace Assignment

Audia Assignment
Ciient
1 DPERATOR
2 ICCTALO0
3:ICCTRLO0

41 |CC-TRL-003

Caution: Irwalid settings are red!

Warkpiace Access
1234
.

23

Settings for this client have gray background colour

Abbrechen

Apply Now




On the CLIENT WORKPLACE
RESTRICTIONS page, the
permissions of individual clients can

be

configured centrally.

For each client, each authorization can

be

set to one of two values:

ALLOWED: The client is allowed to use this
function.

FORBIDDEN: The client is not allowed to
use this function.

LONG CLICK DURATION: Special
functions of some keys are triggered

by

a long keystroke. The duration from

which a keystroke is recognized as a
long keystroke can be set here.

AVT
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Client Workplace Restrictions

Client  |ongCickDuaton  DepAl  Calal
1: OPERATOR 1000 msee: - dowed |~ doved |+ dloved |~ alowed |~
2:1CCTRLO0T
3:ICCTRLODZ
i 4:ICCTRLOD3
Auto Answier
[
em Settings
GGGGGGG
eeeeeeeeeeee
Caller Line Grouping
(LAN/SIF)
Audio Interface
PRETALK Streamin: 9
AESE?
VLAN
DHD Audio Matrix
EEEEEE
sl
Login
Settings forthis client have gray background eolur,
ClentID: 1 Warkplace: 3
— — — . — - . . i - \
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The following permissions are
available:

AVT

DROP ALL: Hang up all lines.

CALL ALL: Establish telephone connections

on all preallocated lines.

PREALLOCATE CALLER: Preallocate
lines.

PREALLOCATION LOAD / SAVE /
DELETE: Load, save and delete
preallocation records.

VIEW CALL HISTORY: Show call history
list on main panel.

MANAGE PRESETS: Manage presets.

LOAD SUPER PRESET: Load Super
Presets.

LOAD PRESET: Load presets.

—~ — - A —~ . - —
—_— A —
e 4 A A A B B W e e e e
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g Client Workplace Restrictions

Clients f Security
Client Lang Click Duration Drop All Call &l Preallocate Caller  Preallocation Load/.
1: OPERATOR 1000 msec dloved |+ dlowed - alowed |~ alowed -
2:ICC-TRLO01 1000 msec dloved [+ allowed allowed alowed
3:ICC-TRLO0Z 1000 msec dloved [~ allowed alowed |~ alowed |-

Intro / HOLD Signal

Signal Processing 4:ICC-TRLO03 1000 msec dlowed [+ allowed allowed alowed

Line Labels

Auto Answer

GPIO

- System Settings

Audi Interface

PRETALK Streamin 9

AESET

LAN Interface

VLAN

DHD Audio Matrix

Ember+

SHP

Lagin
Settings for this cfisnt have gray background colour Defaul Setings
Chent D1 Workplace: 3 oK Abbrechen | | Apply Now
= - - _
~ —_ - — — ~ — —_ y, \
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The phone book is configured on the DATABASE
page.

The phonebook is provided via a Microsoft SQL
database.

£ Global Database

Information on installing a free Microsoft SQLExpress et @ 110416 BSOUEHFRESS VT

Client Workplace
kplace Restrictions Database

database can be found in the download area of our e — ‘
website under QUICK GUIDES in the document SQL s onion [Fiiecan ‘
]
\

Test/Open Connection

Ludia Line

SERVER 2012 INSTALLATION. S pcesng. e

Auto Answer Network Library: Default o

Enable the DATABASE and enter the following - =

General Phone Number Types  Connection Types soution  Sampling Rate  Data Rate cure Stieam  Remot.
. - . Line Interface Other Telephone
information: ot e raueing

VolP (LAN/SIPY Dffice Telephone

Audio Interface Piivale Telephone

SQL SERVER: IP address or computer name of the PC

LEN Interface

on which the SQL Server is installed and - if available -

DHD Audio Matrix

1 Embers Location Details
the SQI— Server InStance S:Mepr Courty Deutschland (+49) v County Codes

begin ciy feaCode:  [811
DATABASE: Name of the database bl Narber Frntiog

USER

ChentID: 1 Workplace: 3 Abtechen| [ AcphNow
PASSWORD
NETWORK LIBRARY: Default
You can test the database connection via TEST/OPEN
CONNECTION.
—~ L — — - N
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Under TELEPHONE BOOK you can define the
PHONE NUMBER TYPES that shall be available
in the telephone book, e.g. private, mobile, office,

etc.
If you make a change, save the data with SAVE s
[ Database
To enable automatic area code evaluation, enter e i | e
your location information (LOCATION DETAILS): . |
The import of a valid area code database is required e — - .
(see document SQL SERVER 2012 |NSTALLAT|ON). L Pt e f\ph”w Hode Resction _ Samplng e Dala ke Secue Steam _ Remet
Select your COUNTRY. o o e
Enter your CITY.
Please check that your COUNTRY CODE and AREA s [ o canren
CODE are correct.
 Labeliarmhouse el [] Disable Humber Fomating )
Specify a LABEL FOR IN-HOUSE CALLS.
If you have problems with number formatting, choose S e e
DISABLE NUMBER FORMATTING.
Only applicable if area code database is used.
\‘ ’; i'_;: ﬁ, f; : -’\_
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MAGIC TH

System Settings

Settings that cannot be loaded using a PRESET.
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The language for the front display can be set
under DISPLAY LANGUAGE.

KEY TONE activates the key click on the front
keypad.

Backlight and contrast of the front display are set
under DISPLAY.

Under NAME you can enter a device name, which
is also displayed on the main window.

REDUNDANT POWER SUPPLY - ENABLE
ALARM activates the alarm window if one of the
two power supplies (optional from hardware
version 4.0) fails.

Assign an individual INDEX to every THipPro
Intercom system to be able to save preallocation
records.
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Call

Ludia

AESET

VLAN

SMMP
Login

Client |0 1

u
VolP (LAN/SIF)

LEN Inf

Interface

PRETALK Streaminy a

erface

DHD Audio Matrix
Ermber.

‘whorkplace: 3

General
Display Language:
English

Front Keypad
Key Tore

Display
Backight: |On

Redundant Pawer Supply
Enable Alam

System

Indes: 1

Abbrechen

Apply Now




LINE MODE: THipPro intercom systems are only available with VolIP interface.

DROP NOT ANSWERED CALLS AFTER 90 SECONDS terminates a connection
if it is not established after 90 seconds at the latest.

On the LINE INTERFACE page, in the INHOUSE LINES line, mark all lines which
are connect to a PBX.

ANONYMOUS CALLING suppresses the own phone number for outgoing calls.
Attention: Some SIP servers then refuse registration.

Under PBX/EXCHANGE LINE CONFIGURATION, automatic outside line access
is configured:

AVT

INTERNATIONAL PREFIX is the prefix for international calls.
NATIONAL PREFIX is the prefix for calls to other national prefix areas.
LENGTH OF EXTENSION is the number length of internal extensions.
OUTGOING LINE PREFIX is the prefix for external calls.

PBX NUMBER is the local number of the PBX.

SKIP OUTGOING LINE PREFIX ON INCOMING CALL: Activate this function if the
PBX signals numbers of incoming calls including the prefix for external calls.

ENTER OUTGOING LINE PREFIX ON MANUAL CALLS prompts the user to enter the
prefix for external calls when dialling manually.

ANONYMOUS CALL SIGNALLING: Character string used by your PBX to signal
anonymous calls.

IGNORE SIP DISPLAY NAME OF CALLER discards the caller's supplied display
name.
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- Global Settings
- Clients / Security
General
Client Warkplace Assignment
- Client Workplace Restrictions
Database
5 Operation Settings
Warkplace Definition
- Budia Line
Intra / HOLD Signal
Signal Processing
~Line Labels
Auto nswer
GPIO
stem Settings

~General

Caller Line Grouping
VolP (LAN/SIP
- Budia Interface
PRETALK Streaming
AESET
~LAN Interface

VLAN

DHD Audio Matrix
Ember+

Line Interface

General

Line Mode:  ValP (LAN/SIF)

[ Diop net answered incoming/autgeing calk after 30 seconds

Channels

FTEFF FEFF FERFERE FFFERF
A el il el T el
i niaial alnlnl all ol ol al ni ni nl o

Ivhouse Lines

Anonpmous Caling

PE3/Exchange fine configuration
Intemational prefi

(Default value: 00)
0| efautvae

WolP

National prefix

Length of extension:

Outgoing line prefis:

3 -

|

FBX number,
[m]

- SHMP Skip oulgaing line prefis on incoming ealk:
Login [ Enter outgoing line prefix on manual calls
Anenymeus Cal signaling | separate stings by )
[ianers SIP Display Name of caler
Client 1D 1 ‘Waorkplace: 3 Abbrechen £pply Noww
« - A —_ =l =
— = —
- - . = O -_— e




Under CALLER LINE
GROUPING lines can be
combined into groups.

Up to 10 line groups can be set up
per system.

All unassigned lines remain in the
standard UNASSIGNED line pool.

You can assign a NAME to a line
group, which is available under
LINE LABELS.

In the COLOUR column, each
group can be assigned an
individual colour.
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Mame. Colour Channels

FEFF FEFF FRFERE FRFERF

Lin B Elrrrr rrrr
Lie Groun2 MR rrrr
Une Broup 3 A
Lie Group 4 rrrr
Lie Broup 5 rrrr
it rrr
Line Growp 7 rrrr
Ling Group 8 Tor
PRETALK Strearming e Frrr
RESET Line Broup 8
LAN Interface e rrrr
VLAN Line Group 10 rrr
DHD Audio Matrix
Ernber+ Unassignes d v Vv v ¥
SMMP
Login
CF: Call Forwarding Line
ClentiD: 1 Workplace: 3 sbtrechen || npl Now
\ 4
Background colour;
Luminance difference: 15
Text colour
(O Black (@) 'white
SET DEFAULT
o
L - -
—_— o~ — — —
- - e e . B .-




On the VOIP (LAN/SIP) page the access data of
the VoIP lines are configured, please also refer to
the tips & tricks at the end of this document.

The following parameters are available for each
line:

LAN: Network interface to be used.

SIP SERVER: IP address or URL of the SIP server,
DNS-SRYV is also supported.

LAN: Network interface to be used for the redundant
SIP server.

BACKUP SERVER: IP address of the redundant SIP
server. This parameter is ignored for DNS-SRV.

TCP: Switching between UDP and TCP as SIP
transport protocol.

STUN, USER NAME, USER AUTHENTICATION,
PASSWORD: SIP account credentials.

AUDIO PORT: Local UDP port for RTP audio
transmission.

DISPLAYED NAME: Any text transmitted to and
displayed by the other party.
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General

Client Warkplace Assignment
Client Workplace Restrictions
Database

&) Operation Settings

Workplace Definition

Audin Line

Intra / HOLD Signal

Signal Processing

Line Labels

Auto Answer

GPIO

£ System Settings

General

Line Interface

PRETALK Streaming
AESET

LAN Interface
VLAN

DHD Asudio Matrix
Ember+

SMMP

Login

Client |0 1 ‘whorkplace: 3

VolP (LAN/SIP)

Line
Line 1
Line 2
Line 3
Line 4
Line 5
Line &
Line 7
Line 8
Line 3
Line 10
Line 11
Line 12
Line 13
Line 14
Line 15
Line 16

]

1
1
1
1
1
1
1
1
1
1
1
1
1
1
1
1

“VolP Parameter

Payload Time.
[ &-Law/p-Law Signaling on incor

-| 1021408
-] 1021408
- 1021408
~ 1021408
- 1021408
- 1021408
-| 1021408
- 1021408
-] 1021408
-| 1021408
-] 1021408
- 1021408
~ 1021408
- 1021408
- 1021408
-| 1021408

LAN  Backup Server

[ SR N N R N N N N N S Y

MRLEALIE
BRLEALE)
BRLEALIE
- 1021418
BRLEALIE
MRLALE
MRLEALIE)
MRLALE
-] w2418
MRLEALIE
BRLEALE)
BRLEALIE
- 1021418
BRLEALIE
MRLALE
MRLEALIE)

ming G.722 calls

[ Use first eadec of SDP audio codec list as defauit

| o o

9
=
=

o

User Name
01
802
E03
604
05
B0E
E07
€08
609
E10
11
E12
613
E14
€15
E16

Registration

User Authenti

Pass

word

fudio Port ... Displaye.
5004
5005
5006
5007
5008
5008
s010
5011
5012
5013
s014
5015
016
s017
5018
5019

Set Defaul Audio Ports

Delay between SIPlnes: [0 | mses (0.4000)

sec (60.500)

Timeout:

0K

Abbrechen

Apply Now




A low PAYLOAD TIME reduces the audio
delay, but increases the gross data rate a
little.

A-LAW/U-LAW SIGNALLING ON

INCOMING G.722 CALLS / USE FIRST O e oo ™ st = o i
CODEC OF SDP AUDIO CODEC LISTAS R B2 T
Line 4 1 « 10.2140.8 2 =218 |— ’— B04 5007
DEFAULT: Functions to avoid errors in the T e L e e = [
. - Line 7 1 - 10.21408 2 - 1021418 r r BO7 - 5010
iImplementations of some SIP servers. B
. Line 9 1 * 10.21408 2 = 1021418 r r 609 - 5012
Normally disabled. wo 1 Husves 2 s T S
" Line12 1 [-] 1021408 z [-|wzins [ [ s 5015
. . in Line13 1 « 10.2140.8 2 =218 |— ’— 13 5016
Under REGISTRATION the registration on beit 1 [Jwzs 2z [Jwaws [ o -
. Bawwa |22iBme fww TP -

the SIP server can be controlled: H

Login olP Patameter egistration

5
B

Payload Time.

] sec Delay between SIP Inss: msec (04000
DELAY BETWEEN SIP LINES: Some SIP D T
servers refuse registration if all lines of the

THipPro intercom system log in at the same " e
time. Here you can set a time interval between

the lines.

TIMEOUT: Time until the line is re-registered.
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On the AUDIO INTERFACE page,
the clock source for the digital
audio outputs is set under
AES/EBU INTERFACE.

If DANTE is used, the digital
outputs always run synchronously
to the DANTE clock.

Under MAIN NOMINAL LEVEL OF
ANALOGUE (XLR) the nominal
level of the analogue audio
Interface is set.

Input and output gain can be set
separately for both HANDSETS.
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On the PRETALK STREAMING

page, the UDP audio ports are

configured for transferring audio

data between THipPro Intercom and

1 5200
Client Workplace Restrictions
Database

&) Operation Settings
P Workplace Definition
. Audin Line

Intro # HOLD Signal
Signal Processing
Line Labels

£ Global Settings PRETALK Streaming

Auto Answer
GPIO

- System Settings
General

Line Interface

Caller Line Grouping
VolP (LAN/SIF)
Audi Interface

Set Default Audio Ports

AESET

LAN Interface
VLAN

DHD Asudio Matrix
Ember+

SMMP

Login

Client 1D 1 ‘Waorkplace: 3 Abbrechen £pply Noww

Audio
Video
Technologies



The AES67 page is used to configure the
transmission of audio data streams over the
network (software option AES67 required).

ACTIVATE AES67 STREAMING turns the function
on.

When activated for the first time, existing AES67 streams are
automatically searched for. The process may take some
time.

AES67 streams are distributed via multicast. So
that systems do not receive all multicast streams
in the network, the switches must support IGMP
snooping.

The RX data rate in the system monitor shows you quickly

whether IGMP is working correctly: RXRate = 1.4 Mbit/s x
Channels (at L24 and 48 kHz)

LAN INTERFACE: Network interface used for
AESG67.

CHANNELS: Number of channels needed.
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Clients / Security

AESET

LAN Interface
VLAN

DHD Asudio Matrix
Ember+

SMMP

Login

Client |0 1 ‘whorkplace: 3

AES67
Activate AESE streaming
LAN Interface: LAN2:10.274239 v

Channeks 8 -

ATP LIDF Port:

Audin Mode: 16 v

SemplngFele |43k v

Address Mode: Auto > 1P Address: 23 Elmz 3
Recepli

Stream 1 003271 8 chennels “]

Stieam 2 [aviouse-avTz; 8 chamels -]
Hualy of Service (DifS erv:

FTP 0,255 EF DSC: Gidec

RTP: (0.255) EF DSCP: 43dec e

Update Rx Streams

Abbrechen

Apply Now




TRANSMISSION: Configuration of
the TX audio data streams:

SAP STREAM NAME: Name of the stream

identifying it in the network.

RTP UDP PORT

AUDIO MODE: L16/L24
SAMPLING RATE: 32 kHz / 48 kHz

ADDRESS MODE: Select whether the
multicast IP address should be assigned
automatically or set manually.

IP ADDRESS: Multicast IP address

AES67

5. Glabal Settings
Clients / Security

General Activate AESE streaming

Client Warkplace Assignment LAN Interface: LAN2:10214239 v

Client Workplace Restrictions

Database Channels 8 -
- Qperatian Setings Transmissiart

Worky
Audio
Intro # HOLD Signal
Signal Processing

5300

RTP UDP Port:

Line Labels Audio Mods: L1 v
Auto Answier
&Rl SamplngRate |48k >
£ System Ssttings
Gemeral Address Mode: B v 1P Address: eE] Elmz ]
Line Interface Feception
Caller Line Grouping
VolP (LAN/SIP) Stieam 1 |AVIDUSB—AVT1, 8 channels v \
Audio Interface
Stream 2 [aviouse-avTz; 8 chamels -]

PRET!
AESE7|
LEN Interface

VLAN
DHD Audio Matrix

Dualiy of Service (DilfSer)

Ember+
ShMP FIP (0255 EF DSCP: Gdec
Login Set Default 0o values

RTP:

(0.255) EF DSCP: 43dec:

Client |0 1 ‘whorkplace: 3

Update Rx Streams

Abbrechen

Apply Now
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— -~
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RECEPTION: Selection of the RX
audio data streams:

Filling the list may take some time.

5. Glabal Settings AES67

Clients / Security
. . General ctivate AESE7 streaming

The list can be updated using UPDATE RX st (W
Client Workplace Restrictions
Database Channels 8 v

£ Operation Settings Transmission
. Workplace Definition

Audio Line SAP Strieam Name:

Intro / HOLD Signal

Signal Pracessing RTFUDP Port:
Line Labels Audio Mode: -
Auto Answier
QUALITY OF SERVICE o .

£ System Ssttings
General Address Mode: Auto v IP Address: 21 42
Line Interface Feception
Caller Line Grouping
VolP (LAN/SIF) Stream 1 |AVIDUSB—AVT1, & channels v‘ Update i Streams
Audio Interface

Sty 2 - “

PRETALK Stearming ream [aviouse-avTz; 8 chamels |

LEN Interface

The values for RTP and PTP must be

Ermbers
SMMIP FTF.

identical throughout the AES67 network.

Dualiy of Service (DilfSer)

(0..265) EF DSCP: 53dec

Set Defaul Qos values
(0.255) EF DSCP: 43dec:

Client 1D 1 ‘Waorkplace: 3 Abbrechen £pply Noww
. S gy o == e Y
— - -
- - —— S— _ 5 —
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Configure the network interfaces on the LAN
INTERFACE page. The Device has two LAN
interfaces, which can be extended to four via LAN
3/4 module.

You can assign two additional IP addresses per B
interface for utilisation in VLANS. - o || [ [T ‘
el [ \ [ N \
Configure the STUN server if it is required by the e | il |
VoIP provider. Check which LAN interface the e
VoIP line is assigned to. i
e - o e e
Under QUALITY OF SERVICE the DiffServ e
parameters of the network can be configured. . : S
g —
For safety reasons, the PC access to the system pecriter [N E
should be restricted to one interface under
ACCESSIBLE FROM in the CONTROL/PRETALK
STREAMING section. It can be set on the front
display under MENU - SYSTEM SETTINGS -
LAN SETTINGS = CTRL LAN INTERFACE as
well.
~ eI TaceS
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Enable the VLAN functionality on the
VLAN page.

To assign a service to a VLAN select
802.1QTAG in the TPID column.
Select NONE to disable VLAN for this
service.

Select the desired priority. 6 (VOICE)
Is the default for VolP.

ENTER VLAN ID in the VID column.

The IP address of the device in the
VLAN is selected on the configuration
page of the respective service (VolP,
SNMP, DHD, ...).
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to Anser Remote Light Frotocol

AESE?
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On the DHD AUDIO MATRIX page, control
and signalling via DHD Set Logic is
activated.

Under LAN INTERFACE, select the LAN

interface of the THipPro Intercom used for g o

the connection to the DHD core. B e

Enter the IP address of the DHD core under e

TCP/IP ADDRESS.

The functions and signals are configured on

the GPIO - DHD - SET LOGIC page. o

More detailed information can be found in

the download area of our website under
QUICK GUIDES in the section EMBER+ &

DHD SET LOGIC.
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On the EMBER+ page, control and signalling via Ember+ is
configured. The THipPro Intercom can provide the roles
PROVIDER and CONSUMER.

ACTIVATE EMBER+ PROVIDER: Enables the Ember+ provider

role:

Select the LAN INTERFACE of the THipPro Intercom, via which the Ember+
consumers establish a connection to the system.

Enter EMBER+ TCP PORTS (default ports: 9000 - 9007) for up to eight
Ember+ consumers.

The functions and signals are configured on the GPIO > EMBER+ >
INPUT / OUTPUT pages.

The Ember+ parameter tree also provides functions that can be called
directly by consumers.

ACTIVATE EMBER+ CONSUMER: Enables the Ember+
consumer role:

Select the LAN INTERFACE of the THipPro Intercom, used for connecting
to Ember+ providers.

PROVIDER: IP address and TCP port of up to two Ember+ providers.

The functions and signals are configured on the page GPIO > EMBER+ >
CONSUMER FUNCTIONS.

More detailed information can be found in the download area of
our website under QUICK GUIDES in the section EMBER+ &
DHD SET LOGIC.

AVT
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SystemD! - Configuration

£ Global Settings Embers

Clients / Security
General

Client Workplace Assignment Ember+ Connection Parameters:

Client Workplace Restrictions LEN Interface.
Database
&) Operation Settings
Workplace Definition Port 2 (Consume: 2)
Audio Line Port 3 (Consume 3)
Intro / HOLD Signal
Signal Processing
Line Labels
Auto Answer Activate Embert Consumer

= GPIO Connestion Parameters:
LAN Interface.

Provider 1

Providsr 2

General
Line Interface

Caller Line Grauping
VolP (LAN/SIP)
Audin Interface
PRETALK Streaming
AESET

LAN Interface

VLN

Login

Client |0 1 ‘whorkplace: 3

Activate Ember+ Provider

Part 1 (Consumer 1):

e

Abbrechen | | Apply Now
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SNMP must be activated to integrate
the THipPro Intercom into a network
management system.

Up to four destinations can be
configured.

The desired ALARM TRAPS can be
selected individually, or four categories
can be assigned in order to minimise
the number of messages in the control
centre.

The necessary MIBs can be found in
the installation directory of the
THipPro Intercom PC software.
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£ Global Settings SNMP
Clients / Security
General dse
Client Workplace Assignment e = e Alam Traps Categoy “
Client Workplace Restrictions Read/Trap Commurity: System Alarms
svp s =
£ Operation Settings 5 ime: Kesper
Workplate Definition NMS 1 (LANAP Adi/Par |LANT:10478211  ~ empetatuse Sensor
Audio Line NMS 2 (LANAP At /Port) | LANT: 10478211~ 0 LASH EPROM
Intro / HOLD Signal NS 3 [LANAP Adi/Pen |LANT 10478210 ~ 0 :Tﬁ?:;w
Signal Processing HMS 4 (LANAP Adi/Park |LAN 110478211  ~ 0 isplay Contrast DAC
Line Labels
Auts Bnswer System Description: | THipPra Intercom 01 | fEIXPUm
GPIO Contact [ | et MAC 1
£ Systern Settings Spstem Location [ | themmst MAC 2
General themet MAC 3
Line Interface [ 5end al traps at system stattup themet MAC 4
Caller Line Grauping [ Send taps inmedatey after encbing 5P 2 Bool
ValP (LAN/SIF) SP 2 Access
Audio Interface Catenory h Aliss [ | ot 1 Access
PRETALK Streaming ) ot 2 Access
s Categay B Alizs [ J lot 3Access
LEN Interface Category C Aliss [ ] odule Assembly
VLA Catoony b Aot I ] ANTE Module Access
DHD fudio Matrix Applcation Alams
Embers E5/EBU Framing Input 1
£5/EBU Framing Input 2
Login £5/EBU Framing Input 3
1 AESJEBU Framina Inout & )
Setal Clear Al
ClentID: 1 Warkplace: 3 Armreme| [ Anbow
—
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Operation Settings

Settings that can be loaded using a PRESET.

Audio
Video
Technologies




On the WORKPLACE
DEFINITION page, the
system’s lines can be

Client Workplace Restrictions
Database

& Operaton ssirgs FEFF FFFF FRFE FREER

distributed across six SR e O — —

Signal Processing

Line Labels workplacs 1 rrrr- FrFF FFEFFF T
Auto Answer

e w2 RN FREN FREFE NER

Workplaces_ i wies WNFNFN T TIICFFFF

£ Global Settings Workplace Definition

Name Channels

Line Interface

Sa:::va\-!;g:)wmz \warkplace 4 rrrr-rrr-rr-rrrrrrrr
o aace e e e e e e e

PRETALK Streaming
AESET

Each line can be assigned .

workplace 6 o rrrrrrrr

Ember+
SMMP
Login
to several Workplaces.
Clent D1 Warkplace: 3 Abtechen| [ AcphNow
I -~ -
A - o — —_ —~ ~h5 = | o -~ iy
A - p— p—
A A 4 B A Y A A A LA =B aa i B 2B 2R 1B 48
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On the AUDIO LINE page the
audio interfaces are assigned
to the telephone lines.

It is possible to use the
device audio interfaces and
DANTE at the same time.
However, DANTE and AES67
cannot be mixed.

If an AES interface is only
used as an output, the INPUT
ALARM can be deactivated.
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5. Glabal Settings
Clients / Security

General

Client Warkplace Assignment
Client Workplace Restrictions
Database

&) Operation Settings

Workplace Definition

Intro / HOLD Signal
Signal Processing
Line Labels

Auto Answer

GPIO

- System Settings
General

Line Interface
Caller Line Grouping
VolP (LAN/SIF)
Audi Interface
PRETALK Streaming
AESET

LAN Interface
VLAN

DHD Audio Matrix
Ember+

SHP

Lagin

Client |0 1 ‘whorkplace: 3

Audio Line

Audio Line dssignment

Audio
Line 1
Line 2
Line 3
Line 4
Line 5
Line &
Line 7
Line &
Line 9
Line 10
Line 11
Line 12
Line 13
Line 14
Line 15
Line 16
Ext. HOLD Input

Caution: Invaiid settings are red

Ludia Interface
DANTE Ch. 1
DANTE Ch. 2
DANTE Ch. 2
DANTE Ch. 4
DANTE Ch. 5
DANTE Ch. &
DANTE Ch.7
DANTECh. &
DANTE Ch.9
DANTE Ch. 10
DANTE Ch. 11
DANTE Ch. 12
DANTE Ch. 13
DANTE Ch 14
DANTE Ch. 15
DANTE Ch. 16
AES/EBU 1 Left

No Input &lerm

Clear Al

Default Setlings

Abbrechen

Apply Now




After starting the DANTE
ONTROLLER software,
NETWORK VIEW -
ROUTING automatically
displays all devices that
support the Dante protocol.

The inputs and outputs of
the systems can be
assigned to each other via
the matrix.
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File Device View Help

Ll 42| ] | &) &) (] @

Routing! pevice Info  Clack Status - Network Status

@Dante

Filcer Transmitters

A¥TMesse-DT2[F

Filter Receivers

+ [I/Dante Transmitters

(=) DantAvThesse OTe]
A¥TMesse-DT2
+ A¥TMesse-DTE =
= DHDS52TX =
THipPro 1

e
6

g
O

| THipPro-Intercom
—ITHipPro-Messe s
ON AIRY
ON AIR2
ON AIR3
ON AIR+
ON AIRS

=
z
n
2
-

Ri_CH2S
R¥_CH26
RI_CH27
Rit_CH2S
R¥_CH29
Ri_CH30
Rit_CHzL
R _CH32

Events

A¥THesse-DT6]

Txd
T2
73
Txd

DHD52TX-|

Grand Master Clock: THipPro-Messe (7]

THipPro-Intercom
THipPro-Messe =l
TX_CHL
™_CH
™ CH
TH_CHY
X CHS
T CHe
T*_CH?
™ CHB
TX_CHS
TR_CHLO
TH_CHL
TH_CHI2
TR_CHL3
TH_CHL4
TX_CHLS
TX_CHLG
TH_CHLT
TX_CHLE
TX_CHIS
TH_CHzO
TX_CHz
TX_CHz2
TH_CHz3
TX_CHz4
TX_CHZS
TH_CHz6
TX_CHET
TX_CHzB
TH_CHZ9
TX_CHaO
TX_CH31
TH_CH32

e
H
>

e
5

Unmanaged Multicast Bandwidth: 13Mbps Event Log: il Clock Status Monitor:




In the DANTE CONTROLLER software, the T T =1 o
Ethernet interfaces can be configured in the e s

DEVICE VIEW under NETWORK CONFIG,
if necessary.

Assign IP address automatically (default - —_—

(O Obtain an 1P Address Automatically (defaul) | @ Gbtain an 1P Address Automaticaly (defaulty

S ettl n g) (®) Manually configure an [P Address () Manualy corfigure an [P Address

IPAddress: | 172). | 16 .| 75 .| 100 | IP Address:

Manual adjustment netmaski | 255, [2s5]. | o). [ o] | memask .

It is also essential to correctly configure the
maximum expected latency in the network,
which should be identical for all Dante
devices.

THipPro-Messe Apply

Attention: After a REBOOT MAGIC THipPro
may have to be switched off/on if a DSP
alarm appears in the display:. R
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If AES67 audio data streams are
used, the AES67 TX channels
must be assigned to the lines in

the AUDIO INTERFACE column.
Audio Audio Interface BESEY Rx Mo Input Alam
Line 1 AESE7Ch 1 - sn titht [
Line 2 AESE7Ch. 2 ¥ St 1.Ch.2 |+
In the AES67 RX column, the e R
’ Line 4 AESE7Ch. 4 w St 1,Ch.4a |w
Lire & AESE7Ch. 5 w St 1.Ch.5 |+
Line Labels
Auto Answer Line 6 AESE7Ch.B ¥ St 1.,ChE w
GPIO Lire 7 AESE7Ch. 7 w St 1:Ch7 «
- System Settings Line B AESE7Ch. 8 ~sntthe v
g o General
Line Interface Lined AES/EBU T Left - I
aSS I I I e O e I I I eS Caller Line Grouping Line 10 AES/EBU1RGn |~ -
[ ] VolP (LAN/SIPY ’_
Audio Interface Line 11 AES/EBU 2 Left A
PRETALK Streaming Line 12 AES/EBU2Ran |~ I
AESE? Line 13 AES/EBU 3 Left v ’—
- - - - L&N Interface
VLaN Line 14 AES/EBU3Rh | v I
DHD Audio Matrix Line 15 AES/EBU 4 Left A F
Embers Lire 16 AESJ/EBU 4 Right r
) . i e ine iaht
Interfaces (an alogue and dlgltal) e
)
Caution: Invalid setings are red o oot Sotings
.
and AES67 simultar IeOUSIy.
ClentiDs 1 arkplace: 3 sl B

However, DANTE and AES67
cannot be mixed.
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Automatic announcements and the HOLD function are
configured on the Intro / HOLD Signal page.

In the HOLD SIGNAL area, SIGNAL SOURCE defines what
the caller hears when the line is held.

NOT USED: The hold function is not available. The Intro HOLD Signal

. . . . A . Clients / Seeurity
corresponding key in the main window is not displayed. Genen
g:‘mtawtﬁla(i’:55‘9”"““ [ Skip Intro when callis aceepted manually #  Info Length
ient Workplace Restrictions : o
INTRO LOOP: The announcement is played in an endless sl ——liar e
|00p_ Wu”'kp‘“en‘ﬁ”‘“"” s e s rmnesn - [Leeen 3 Lined 1.75see Impart Rec./Play/Del.
it nal HOLD Signal 4 Lined 1.76 sec Import Rec. Play/Del
ASSOCIATED LINE: The caller hears the signal of the audio et p.ls‘hhwf;ﬂ ol [l Bl - : z::jg:
Intel‘face aSSIgned tO the telephone ||ne : GP‘OS Nurber of Announcements: 1 < 7 Line7 184580 Import Rec /Plag/Del
T Sl;:v::‘ﬂai Pause time after announcement: without pause v 8  Lined 166 sec Impart Rec./Play/Del
<AUDIO INTERFACE>: The caller hears a signal which is g 2 |Lme Gy - W
. . o 10 Line 10 173 sec Import Rec. /Play/Del
fed to a separate audio interface (to be set under AUDIO ot s T ren Ty
PRETALK Streamin:
LINE) AESE? ? Generate Intros om Line Labels 12 w12 e meet oo Mas/Del
L&N Interface 13 Line13 203 sec Impart Rec./Play/Del
LaR 14 Linetd 20 sec Import Riee. /Play/Del.
DHD Audio Matrix
. 1 Ember+ 15 Line 18 200 sec Impart Rec./Play/Del
PLAY INTRO WHEN SWITCHING TO HOLD: If g call is L s
switched to HOLD, the announcement starts playing. ’
Missing Intros are red!
NUMBER OF ANNOUNCEMENTS: Number of repetitions
Client |01 ‘Warkplace: 3 rechen o
of the announcement (1...4). e

PAUSE TIME AFTER ANNOUNCEMENT: Pause after each
announcement (0...7 seconds).

- - ~ -~ —~ q \
-~ ~ S A~ = b=
e — T - ‘ ‘
e . e B A A 1 e
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PLAY INTRO AFTER CONNECTION ESTABLISHED: The device
plays an announcement to the caller after the connection has been
established:

SKIP INTRO WHEN CALL IS ACCEPTED MANUALLY: The announcement
is not played if a call was answered manually.

NUMBER OF ANNOUNCEMENTS: Number of repetitions of the
announcement (1...4).

PAUSE TIME AFTER ANNOUNCEMENT: Pause after each announcement
(0...7 seconds).

STORED INTROS: A separate announcement can be stored on the device
for each line.
< #: Number of the line.
+ INFO: Info on the currently stored greeting. This text can be automatically
converted into an audio file via speech synthesis (SPEECH SYNTHESIS).
+ LENGTH: Length of the announcement.

- IMPORT: A pre-produced announcement can be imported in the formats wav or
mp3.REC/PLAY/DEL: Opens a window to record, play and delete
announcements.

SPEECH SYNTHESIS: The announcements can be created automatically
by the voice synthesis function contained in the Windows operating system.
©  GENERATE INTROS FROM INTRO INFO: The text in the INFO column is
converted into an audio file for each line and stored on the system.

+  GENERATE INTROS FROM LINE LABELS: The text defined on the LINE
LABELS page for each line is converted into an audio file and stored on the

system.
Y oo d:peon || ~
- 1 R A1 B . g 0
Audio
Video
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5. Glabal Settings
Clients / Security

Intro / HOLD Signal

General Play Intro after connection established Stored Intros
Client Workplace Assignment (] Skip Intro when call is aceepted manualy 4 i Length
Client Workplace Restrictions
Database Mumber of Announcements 2 » 1 Linel 17050 Import Fiee Plap/Del.
&) Operation Settings 2 Lne2 158 Inport Fiee APlay/Del.
o tion Pause fime after amnouncement: |1 second v "e o b sehmie
" 3 Lned 175 sec Import Fier Play/Del.
Audio Line
HOLD Signal 4 Lined 176 sec Import Rer Play/Del.
Signal Processing Signal Source AsocistedLine v 5 Lines 17850 Import Fiee Play/Del.
Line Labels
Auto Answer Flay Intro when switching to HOLD 6 Linek 1.89 sec Import Rec. Play/Del
GPIO Nurber of Announcements: 1 - 7 LineT 18580 Impart Rec /Plag/Del
£ System Settings
General Pause fime alter amnouncement: | withaut pause. < 8 Lnes 186 52 Iniport Fiee Play/Del.
Line Interface 9 Lned 175 sec Import Fier Play/Del.
Caller Line Groupin:
VolP (LAN/SIP) ping Spesch Synithesis 10 Line10 1.73sec Import Rec. Play/Del
Audio Interface Eerorslim b (e 1 Line 1l 18550 Import Fiee Play/Del.
ZEEZJ;LK Streaming 12 Linel2 181 sec It Fec. Plap/Del
Generate Intas from Line Labels
LAN Interface 13 Line13 203588 Inport Fiee APlay/Del.
LN 14 Line14 204 sec Impart Riee. Play/Del
DHD Audio Matrix
Embers 15 Line15 200 sec Import Rer Play/Del.
SMP 16 Line16 2,00 sec Impart Rec Play/Del
Login
Missing Intros are red!
ClentID: 1 Warkplace: 3 R Armreme| [ Anbow
Voice: Microsoft Zira Deskbop - English {United States) v
Rate: .
Yolume: .
Test: Lautsprecher (3- USB PrP Sound Device) v
‘ Line 1 ‘ Speak
Generate Intros Cancel
~ —_ \,—\
\ ,-1 = b= {
\ ‘ - ‘, ]
o — Ny N A B \ —_




The REC/PLAY/DEL key opens a window in which the
announcement of a line can be recorded, played back, saved or
deleted.

NAME: About the announcement.
SIGNAL DURATION: Length of the announcement.

RECORD SOURCE: Audio interface of the THipPro intercom
system from which recording is being made. This interface is also
used to listen to the recording.

Progress bar: An announcement can be a maximum of 16
seconds long.

HOLD SIGNAL RECORDING:
Level display.
Record button: Starts recording.
STOP: Stops the recording.

SAVE: Saves the announcement in the device.

TEST RECORDED HOLD SIGNAL:

PLAY: Starts playback of the greeting.
STOP: Stops the playback of the greeting.

DELETE FILE: Deletes the announcement from the system.

Audio
Video
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HOLD Signal Recarding

HZLD Signal
Mame: Lire 1
Signal durakion: 1,68 sec
Record source: AESJEEL 1 Left (PRETALK) v

max. 16 sec

HOLD signal recording

Test recorded HOLD signal

I I
. . Save P .
Deelete File
- — l/—\. \
\\;_J_T_Q‘_ «<J



Audio processing is configured on the SIGNAL
PROCESSING page.

AGC (AUTOMATIC GAIN CONTROL) equalises
the volume of the received audio signal.

The EXPANDER is enabled to eliminate S i o o .‘ e
background noise. D —
: o - o et derten “olume control defaulk valie
The SEND LEVEL BOOSTER raises the level of .
the outgoing audio signal on the telephone line. : 4 Hm e
The behavior can be configured for each line: Gl rrnses g . . e
RESET AFTER DROP: The gain is reset after hanging : - it .
up. O ey ——
KEEP BOOST VALUE: The gain is retained for the next
connection. SeUAGE on/efor alines TCEERSETNETEIE) Detoul Setings
SEND LEVEL BOOSTER defines three gain levels

that are available in the main window after clicking
on the level meter.

-—y 3 —
\ — — — - ~ — ~ —~ ~ — —
~ —_ — -—lte. =
_— I - B A _ B - = - e A 4 4 A B B B —
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AVT

AUTOMATIC GAIN CONTROL SETTINGS (AGC) / EXPANDER
is used to configure the behavior of AGC and Expander.

THRESHOLD: Below this threshold the expander attenuates the signal to
suppress background noise. Above this threshold, the AGC alters the audio
signal.

LEVEL: This is the average level at which the AGC tries to bring the
received audio signal. The AGC can dynamically adjust the gain from -16
dB to +16 dB.

LIMITER: Regardless of the AGC speed, the limiter can quickly lower the
level above this threshold.

SPEED: The AGC speed can be set from SLOW to VERY FAST.

VOLUME CONTROL DEFAULT VALUE raises or lowers the level
of the audio signal received from all telephone lines.

The ECHO CANCELLER circuit eliminates received line echoes.

Echoes received with a delay of 0 - 120 ms can be suppressed by the Echo
Canceller.

Especially with VVolP, however, longer delays can occur. In this case, the
working range of the echo canceller can be shifted via the LINE BASIS
DELAY.

—~
—~ - — —

S — —

-_— W - A A _ B = =
—
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5. Glabal Settings Signal Processing
Clients / Security
General Line Setiings Automalic Gain Contiol Selfings [AGC) / Expander
Client Workplace Assignment Line Automatic Gain Control Expander  Send Level Booster Threshold L] 40dBFS
Client Workplace Restricti
e Vortplace Restnictians 1 off - on Reset after drop Level [} 25d8FS
Database
. Operation Settings 2 off B o Fleset dfer diop Limiter. A odFs
Workplace Definition 3 off - oN Feset fter drop Speed Medium v
Audio Line 4 it o Resetaterd
o - et after dop
Intro / HOLD Signal Yolume cortrol default vaue
Signal g 5 off - on Rleset after drop N .
Line Labels 3 off B oN Reset after diop
Auto Answer
P10 7 oft - oN Reset after diop Echo Canceller
%
£ System Settings 8 aff - oN Reset shter drop Edetive
General g off - N Peset after diop Line Biasis Delay msec (0.120)
Line Interface
10 off - o Fleset sfler diop Line Level Dffset Attenualion (Send]
Caller Line Grouping
VolP (LAN/SIF) 11 off - oN Reset after diop h 6B
Audio Interface 12 off - oN Reset ofter diop
PRETALK Streaming send Level Booster
13 off - o Fleset sfler diop
AESET Presetl: 4608 v
LAN Interfsce 14 oft - oN Reset afer drop
VLAN 15 off - o Rleset afer drop Fresct2: (11268 <
DHD fudio Mat
uatlo Matrx 15 off - oN Reset ofter diop Preset3  [+184d8 4
Ember+
SHP
Lagin
Set AGC on/al for al ines Toggie Send Level Booster —
Chent D1 Workplace: 3 ptrmizn | AplEs
— \\
—~ —~ = — \
y,




On the LINE LABELS page, the headings of
the lines on the main window are defined.

The following placeholders are available:

AVT

{index}: consecutive line number i
{lineid}:SIP User e s Z E;::ZZ; E“:j e
{grp}: Line group name e o
{sipsrv}: SIP Server
{sipsrv#}: Index of the active SIP Servers o
(1=Main; 2=Backup) é@é;i?mw g ;:;:Ezg ot
{sipaut}: SIP Authentication "
{sipdisp}: SIP display name of the line
{airai}: Audio interface used
{sysname}: System name
The length of the label can be restricted:

:-# Only the first # characters are displayed.

:# Only the last # characters are displayed.

LITIC LAaDCIS
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The Auto Answer mode can be
activated for all lines or only for
selected lines on the AUTO ANSWER

page.
ANSWER CALL ON determines how
the call is accepted:

ASSOCIATED LINE: The call is switched
through directly.

HOLD: The connection is put in hold.

LINE GROUP SELECTION: For each line
group it is possible to choose between
ASSOCIATED LINE and HOLD.

Set the delay with which the call is
automatically accepted under AUTO
ANSWER DELAY.

Audio
Video
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Channel Index

Line Groups

Auto Answer Channel

nnnnnnnn
FEFF FEFF FEFF FRER
. - B - |
FVNIT FEFRF CIITFEFER

Auto dnswer Delay:

] 1sec

HOLD

Line Grp. 1 Line Gip. 2 Line Gip. 3 Line Gip. 4 Line Grp. § Line Gip. & Line Gip. 7 Line Grp. B
(NI NN NN ST ST BN B
- | Assaciated Line |~ | Associated Line [ +| Assoviated Line | -] Associated Line |~ | Assaciated Line |- | Associated Line |~

- HOLD

Client |0 1 ‘whorkplace: 3




Under GPIO, functions for controlling the
device and signals for displaying the system
status can be configured.

Functions and signals are available via ,

TTL/ReIay ContaCtS aS We” aS Via “DHD Set EEES?‘“S:‘:E::E:‘::3:::: ?Et;::g :D:“ ;::;?I‘Z:[l:j;i::]i‘j:]bneTAud\uLmeLmeWNumbevED? ettt
Logic” and “Ember+”.

The IiSt ShOWS an OVerVieW Of the ;LLyBW[::MBS]NHEJ ‘Er'vul Cannection State:Any YalP Line :Connection State connect

configured functions and signals. o

Double-clicking on a line opens the

configuration of the GPIO.

More detailed information can be found in

the download area of our website under B

QUICK GUIDES in the section EMBER+ &
DHD SET LOGIC. (These documents also
describe all TTL/Relay functions and
signals.)
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AVT

If an external keypad is to be used via
Ember+, a corresponding DIAL PAD GPIO
IDENTIFIER must be defined.

The functions required to implement a keypad
are already predefined and do not have to be
created individually.

The individual dial keys are implemented as
GPI functions.

For further GPIO functions three GPIO
blocks with 32 input and 32 output functions
each are available for which the
corresponding GPIO IDENTIFIERs must be
assigned.

EMBER+ CONSUMER TO CLIENT
ASSIGNMENT: Assign client PCs to a
provider to display a phone number entered
via Ember+ in the PC software.

Audio
Video
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g
 Security

General

Client Workplace Assignment
Client Workplace Restrictions

Signal Processing
Line Labels

Auto Answier
£GP0

VolP (LAN/SIP)
Audie Interface
PRETALK Streamins q
AESET

LA Interface
VLAN

DHD Zudio Matrix
Erbers

Embers

Idertifier

Dial Pad GPIO | dertifier

GPID Identifer
Database
&) Operation Settings
Workplace Definition
Audin Line
Intra / HOLD Signal —— -

fient 1: OPERATOR

fient 2. ICC-TRL-001

fient 3 ICC-TRL-002

fisnt 4: ICC-TRL-003

[Predfined)
0.32)
e
.50

NP
Lagin
Client 1D 1 ‘Workplace: 1 Abbrechen £pply Noww
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The appropriate firmware is supplied with each PC
software version and is stored in the installation
directory of the application during installation.

Firrrwvare Download

If the firmware version of a device does not match

the PC software, a request to update the firmware [eosen Bronse
appears when establishing a connection with this 99 02 100 tociz rmomor

R ) 03:10,4,31.15 ; System03 Start Cancel
deV|ce. (1@ 04:10.3.190.8 : Systemid

Via ADMINISTRATION - SYSTEM X >
FIRMWARE DOWNLOAD the appropriate
firmware can be loaded onto the THipPro Intercom
System.

A list of all connected systems is displayed. Check
all devices to be updated.

These devices will be updated after pressing the
START button without further user interaction.

— » . Y9 Y WSS s W N—— s _ A B A _
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The detailed system status is
displayed via EXTRAS - SYSTEM X
- SYSTEM MONITOR:

Green LED: OK system state

[+ ] oLca (*] 0 Overheated System Temperatur 51 °C DSP Load: 35%
. . (= 0 Time Keeper o 0 MAIN EEPROM
Yellow LED: Warning O  orewemessr @ ODGmGSAC | prsscmscmon eter . T
o) OREEIEET 0 msec 0 msec
o 0 VoX0 o 0 10 Port
Red LED: Alarm @  oDSP2Boot @  0DSP2Acess TE/RRGESTrEams]
Qo 0 Slot 1 Access o 0 Slot 2 Access Qo IP Stream 1 "] 1P Stream 2
o 0 Slot 3 Access o 0 Module Assembly @ IP Stream 3 L) TP Stream 4
o 0 Ethemet MAC 1 o 0 Ethernet MAC 2 ] IP Stream 5 ] 1P Stream &
For each alarm LED, an error counter R S = = 5 =
] (= 0 DANTE Module Access o 0 Redundant Power Supply ] Lz ] i s
. . . S e w— Connected PCs
provides information on the frequency e
0 AES/EBU Input 2 No AES signal available
0 AES/EBU Input 3 No AES signal available Database Master PC
Of th e e rro r_ 0 AES/EBU Input 4 No AES signal available (=] 1: 10.4.18.5\SQLEXPRESS.AVTIntercom PC1
(= 0 SIP Registration
Ethernet state Abs. data rates
Use ALARM COUNTER RESET to reset LAN1 @ 0 100 MBit/s, full T 356kBitfs RX: 54 kBit/s
LAN2 @ 0100 MBit/s, full ™ 0Bitfs RX:  761Bit/s
the error counters e i e
. LANZ @ o ™: RX:
DANTE @ ©

Last Counter Reset: 18.02.2019 16:15:13

In addition, other important system
information such as system
temperature, processor load, network
load, etc. is displayed.

— -
\ — - M -~ -~ ~ — - 0~ .
S— — o

— - e v . = = — B B B L B
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Open the SIP STATE MONITOR by pressing the
corresponding key in the SYSTEM MONITOR
window.

Here the SIP registration of all VoIP lines can be
checked and tested.

SIP
SIP

AVT

communication can be recorded via RECORD
LOGFILE:

SIP USER FILTER is used to restrict logging to SIP
packets containing the filter string (e.g. a phone number
or the SIP USER NAME).

START LOGGING.
STOP LOGGING.

VIEW LOGFILE loads the log file from the device and
displays it in an editor.

SAVE LOGFILE saves the file on the PC.

If you want to investigate problems with the SIP
registration, press the START SIP REGISTERING key
after starting the logging.

- s - —

e
\\ —_— == —
_— e = —_— B TC O o
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LAN2 @ 0 100 MBit/s, full e 0Bit/s RX: 761 Bit/s
LAN3 @ o ™ RX:
LANd @ o TX: RX:
DANTEQ 0
Last Counter Reset: 18.02.2019 16:15:13
Alarm Counter Reset Audio Interface Monitor SIP State Monitor

SIP State Monitor - Systern(1

[ keep window on top

SIP User Main SIP Server Backup SIP Server

601 Test | Regist No IP address available
602 Test | R No IP address available
603 Test | R No IP address available
604 Test | R No IP address available
605 Test | R No IF address available
606 Test | R No IP address available
607 Test | R No IP address available
608 Test | R No IP address available
609 Test | R No IP address available
610 Test | R No IP address available
611 Test | Ry - - o

SIP Logfile - Systerm(1

612 Test | R

613 Test | R 14 [“IKeep window on tap

s14 s Laogfile stopped

o1 Test | B ' SIP User filter: 801

616 Test | Registy n don

Skark SIP registering
Start Logging Stop Logging
Yiew Lagfile Save Logfile
Close:
— \ ~ ) N A —
: - - A A B B B \_/ -



Open the AUDIO INTERFACE
MONITOR by pressing the
corresponding key in the SYSTEM
MONITOR window.

All

audio interfaces can be monitored

here:

AVT

The input/output levels of all configured
audio interfaces are displayed.

To display the audio levels of the currently
unused audio interfaces, activate SHOW
ALSO LEVEL INFO FOR DISABLED
CHANNELS.

To output a test tone, select the desired
audio interface under TEST TONE
GENERATOR.

Audio
Video
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LAN2 @ 0 100 MBit/s, full

LANZ @ o
LAN4d @ 0
DANTE @ 0O

Last Counter Reset: 18.02.2019 16:15:13

Alarm Counter Reset:

™ 0Bitys RX: 761 Bit/s
™ RX:
™ RX:

Audio Interface Monitor

Keep window on top Shaw also level info For disabled channels

Test Tone Generator:

DANTE Channel 1

SIP State Monitor

Close

Audio Interface Input Output Audio Interface Input Output Audio Interface Input Output
AES/EBU 1 Left I DANTE Channel 1 I . | DANTE channel 17 [ RAAEEEEEEE
AES/EBU 1 Right I DANTE Channel 2 I B | oanvTechennel 13 I N
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Via ADMINISTRATION - SYSTEM X
- REGISTRATION you can check
which SOFTWARE OPTIONS are
available in your system.

To activate optional system
functionality, your you will be provided
with a password key.

This key is calculated on the basis of the

device FACTORY-NUMBER, which you
need to send us together with the order.

Click ENTER PASSWORD to enter the key.

The option will then be marked as available
in the list.

Restart the system to make sure the new
functionality is fully operative.
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Registration

Hardware

Main
Subject Number:
Factory Number:
ear:
Hardware Version:
MAC Address 1t
MAC Address 2:

Modules:

Features

Software Options

[ MacIc THpPro

DAMNTE

AEC 16 Module

[ 450063

[17r44y1193

[z017

[z.00

[ 00-08-98-02-23-09

[ 00-06-98-02-23-08

free

AECIE

MAGIC THipPro Inkercom Basic

HD Vaice
WalP channels

Murnber of Intercom Client licenses
Mumber of PRETALK Audio Streams

AESET

Enker password

Close

DAMNTE




« HELP > About MAGIC
THipPro Intercom displays
the versions of the PC
software and the firmware
versions of the devices.

Audio
Video
| Technologies 79




MAGICT

Audio
Video
Technologies




Command line interface under ADMINISTRATION -
SYSTEM PANEL:

Reset the system:
© reset

PING using the desired network interface

* ping [-IKLAN-IF>] [-n<IP-NETWORK?>] [-v<VLAN-ID>] <IP-Address/Name>
° LAN-IF: 1, 2, 3, 4 for LAN1, LAN2, LAN3, LAN4; Default: 1
° IP-NETWORK: local IP address, 1:Primary, 2:Second, 3:Third; Default: 1
> VLAN-ID: 0...4096; Default: 0

Display the storage location of the Local Settings:
- showprofilepath
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SIP configuration:

A non-standard SIP port is entered by appending the port to the SIP
server with “;’.

If the SIP provider requires the specification of a proxy server, it can be
placed in front of the SIP server using ‘@'":

Example:

- Proxy server fsl.ims.swisscom.ch

 SIP server / Domain / Realm swisscom.ch
- SIP port 5070

- = Configure under SIP Server
fsl.ims.swisscom.ch@swisscom.ch:5070
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Web: www.avi-nbqg.de

Email: support@avt-nbg.de

Phone: +49 911 5271-110
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