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Telephone Hybrids or Talkshow Systems con-
vert an incoming phone call info an Audio
signal which is suitable for the studio environ-
ment. There are typically three different line
interfaces that are used: POTS (analogue
telephone lines), ISDN or Ethernet interfaces
using the Voice over IP technology. ISDN
and VolP are digital fransmission procedures
which do not cause any line echoes. How-
ever, POTS lines as well as POTS telephones
in combination with ISDN or VolIP lines can
cause line echoes resulting from the 2-wire
technology or the conversation from 2- to
4-wire technology. These echoes are disturb-
ing and must be eliminated by line echo
cancellers. The AVT systems take care of this
problem by having its own echo canceller
for each caller line to achieve the best pos-
sible speech quality — even in caller confer-
ences.

While POTS and ISDN are already switched
off in some countries, VolIP is the standard
nowadays and in the future. All AVT Systems
support the VolP operating mode, either in
the standard delivery mode, or they can be
extended later on by software upgrade so
that the user does not have to reinvestin a
new Telephone Hybrid when changing from
e.g. POTS to VolP.

To use the AVT Telephone Hybrids in VolP
operating mode, for each caller line a SIP
account is required. With these accounts the
system can register at a SIP Server (which
can be e.g. your IP PBX or also a SIP Server
on the infernet).

VolP offers a big advantage compared to
analogue telephone lines — the so-called HD
Voice feature. HD Voice means 7-kHz speech
quality (G.722 coding algorithm), normal
telephone quality only offers 3.1 kHz audio
bandwidth. With the AVT Telephone Hybrids
you can also benefit from this feature. Nowa-
days, almost all standard IP telephones and
also DECT telephones support HD Voice. Of
course, an HD Voice connection can only be
established if both sides as well as the trans-
mitting network support it.

Conventionally, the Telephone Hybrid is con-
nected to the mixing console in the studio
via the integrated analogue or digital Audio
Interfaces.

Modern audio interfaces can be added via
the optfional AESé7 software upgrade or via
the native Dante or Ravenna module (MAG-
IC THipPro/Lite).

Depending on the operating mode, callers
can be either switched fo separate Audio
outputs or in conference. In conference
mode, the callers are available as mixed
signal at the selected Audio output. The Mix
Minus signal is generated automatically for
each caller in the Telephone Hybrid.

Many broadcasters ,screen* the callers be-
fore switching them to ON AIR. Audio screen-
ing means they want to have a conversation
with the caller before the programme and
enter information about the caller in a dato-
base. Interesting callers can be switched to
ON AIR or called back later on. Disturbing
callers can be placed on a blacklist; when
they call again, they only hear the busy sig-
nal and are automatically rejected.

Additional features are a function to accept
calls automatically (Auto Answer) or a call
forwarding function. For bigger studios, it
might be necessary to install several work-
places which can conftrol the Telephone
Hybrid. In this way, it is possible to have e.g.
one workplace for the producer who talks

to the callers first and another workplace for
the presenter/host who immediately sees the
information which have been entered by the
producer.

Alternatively to the PC Client, operation of
the hybrids is also possible from the mixing
console via the Ember+ Protocol or with the
MAGIC PhonerSet as a unique hardware
controller.

In addition to the Telephone Hybrids, also
the MAGIC THipPro VolP Intercom with 8 or
16 VoIP lines is available as a pure Intercom
Gateway.

In addition, the MAGIC THipPro VolP VMS of-

fers full answering machine functionality with

individual announcement texts. Up to 32 call-
ers can be recorded at the same fime.

To sum it up, the AVT systems cover many dif-
ferent applications from a simple and easy-
to-operate 1-line system to sophisticated
16-line Talkshow Systems with several studios
and Social Media and WebRTC/MS Teams-
as well as Audio Codec integration.

In addition, the MAGIC Server with 1 - 96 VolP
lines offers a scalable, software-based alter-
native without having to sacrifice features or
the proven user experience.




In this product catalogue we will use some
symbols for the systems’ features and their
availability. Below you will find a description
of all features.

A blue symbol shows that the

feature is available in the standard delivery
version for the product described.

m An light blue symbol shows that

the feature is optionally available (associated
with costs).

A light grey symbol shows that
the feature is not supported by the product
described.

Digital signal processing

Digital Echo Canceller, AGC and Expander
for each caller line.

Ll VolP via LAN interface(s)

The system can be connected to VolIP lines
(using a SIP Server).

ISDN  EIN»IN interface(s)

The system can be connected to ISDN lines
(BRI SO).

POTS WJOIN interface(s)

The system can be connected to POTS lines
(analogue telephone lines).

VLAN VLAN

VLANSs (Virtual Local Area Networks) can be
set in the system configuration to separate
the Audio stream from the control data.

Quality of Service

Quality of Service parameters can be
selected to give different priorities to the
Audio and data streams in your network.

m HD Voice

Calls can be established and received in HD
Voice quality (G.722, 7 kHz).

Voice Disguise

The caller's voice can be disguised so that
he or she is not recognised.

Control via web browser

Currently Google Chrome, Safari, Firefox
and MS Edge are supported.

-

The system can be operated via a Windows
PC Software using a tablet or PC connected
via LAN to the Telephone Hybrid. The num-
ber of workplaces depends on the system
and the activated licences.

x@ PhonerSet & Keypad

In addition to or instead of a PC the desig-
nated number of PhonerSet or Keypad units
can be connected to the system.

Control via PC Software

S MS ACCESS database

The system can be used with an MS AC-
CESS database to save caller information
(caller screening). All available info will be
displayed at an incoming call if the number
is transmitted.

MS SQL database

The system can be used with an MS SQL
database to save caller information (caller
screening). All available info will be dis-
played af an incoming call if the number is
fransmitted.



Ll MAGIC Collaboration Server

MAGIC Collaboration Server is an applica-
fion on a separate PC or Server, which allows
the integration of WebRTC & MS Teams calls
directly into the Ul of the Telephone Hybrid.

m Blacklist

Callers can be blocked by putting their tele-
phone number on a blacklist. A blocked caller
simply hears the busy tone when he calls.

Pretalk .
Uary Pretalk Streaming

With Pretalk Streaming it is possible to use
Pretalk via LAN. The Audio signals are fransmit-
ted between the Telephone Hybrid and the
confrol PC via LAN. To talk fo the caller the
sound card of the PC or a USB handset/head-
set can be used.

The major advantage is that no audio cabling
is required and the integrated recording func-
tion.

@ Answering machine

With the Answering machine you can record
directly a caller or save a message for call-
ers which are automatically accepted and
dropped after this message has been played.
This function can be used e.g. for prize draws/
game shows, when all prizes have been as-
signed and you still have incoming calls which
need fo be answered.

Night Service

When the Night Service is enabled, incoming
calls are automatically accepted and for-
warded to a pre-defined telephone number
which can be e.g. an answering machine.

Analyse

[y I Analyse DTMF

All system can fransmit DTMF fones, which

is e.g. useful for entering a PIN to listen o
messages on a mailbox or to join telephone
conferences. Special: DTMF tones can be also
analysed for e.g. game shows.

Social Media

With the Social Media Upgrade, it is possible
to display and use your X (formerly Twitter)
account in the PC Confrol Software of the
Telephone Hybrid.

AES67 AES47

The AES67 upgrade allows the use of addi-
fional audio channels over IP via AESé7, the
lowest common denominator of several similar
tfechnologies, thus ensuring communication
between e.g. AES67-compatible Dante and
Ravenna devices.

AES67 is not available in ISDN operation.

m Dante

The Dante interface allows the use of 32 Audio
channels over IP via Dante.
Dante is not available in ISDN operation.

Ravenna Ravenna

The Ravenna interface board allows the use of
32 Audio channels over IP via Ravenna.
Ravenna is not available in ISDN operation.

kol Ember+

The Ember+ protocol allows the control of a
LAWO or DHD mixing console or any other
Ember+ compatible system.

m DHD SetLogic

The DHD SetLogic commands can be used
fo communicate with DHD mixing consoles or
routers, e.g. for control or signalling purposes.

AC
el ACconnect

With the ACconnect Upgrade it is possible to
integrate the control of the MAGIC ACip3 Au-
dio Codec into the MAGIC THipPro Telephone
Hybrid*s user interface.

GPIO el

Programmable TTL interfaces and Relay con-
tacts are available.

OB Power supply

The hybrid can be connected via a 12V exter-
nal or integrated wide area power supply.



MAGIC TH1Go

MAGIC TH2plus V2

MAGIC THipPro Lite

MAGIC THipPro Lite

Pure

POTS channels

ISDN channels

VolP channels

VLAN

HD Voice (G.722, 7kHz)

Collaboration Services

Audio interfaces

AESé7 channels

Dante-/Ravenna
Interface

PHONE interface

Handset/Headset
interface

Web browser control

Software control
(Windows PC or tablet)

Control via external
Keypad

Control via
MAGIC PhonerSet

Database/
Caller Screening

Blacklist

Pretalk Streaming
Upgrade

HOLD signal

Answering Machine

Night Service

GPIO (programmable)

Analyse DTMF

Social Media Upgrade

Ember+ Prov./Cons.
DHD Setlogic

Power supply
(redundancy)

1
(optional)

1
(optional)

yes

for VolIP

2 x analog
input/output

4 x RX (1 Stream)
4 xTX (1 Stream)
(optional)

yes

yes (max. 1 workplace)

phone book/
MS SQL (opt.)

yes, max. 1x

external,
ON AIR signal

4 X TTL
2 x Relays

yes
(optional)

external 12V

2
(optional)

yes

for VoIP & ISDN
(optional)
MS Teams & WebRTC
(optional)

2 x analogue or digital
input/output (can be
switched)

4 x RX (1 Stream)
4 xTX (1 Stream)
(optional)

2 (onlyin
POTS mode)

2

yes (max. 8
workplaces)

yes, max. 2x

yes, max. 2x
(optional)

MS ACCESS/
MS SQL (opt.)

yes
yes, max. 3x

recorded,
external,
ON AIR signall

yes

4 x TTIL
2 x Relays

yes
(optional)

yes

external 12V

8 via Gateway
(optional)

40r8
(optional)

yes

for VolP
MS Teams & WebRTC
(optional)

2 x analogue
input/output
4 x digital input/ output
(8 optional)
(2/4 x AES/EBU)

8 x RX (2 Streams)
8 x TX (1 Stream)
(optional)

32
(optional)

yes (max. 8
workplaces)

yes, max. 8x
(optional)

MS ACCESS/
MS SQL (opt.)

yes
yes, max. 8x

2 x recorded,
external,
ON AIR signal

yes

8 x TTL
8 x Relays

yes
(opfional)

yes

100 — 230 V
5V (optional)

8 via Gateway
(optional)

40r8
(optional)

yes

for VolIP

MS Teams & WebRTC
(optional)

8 X RX (2 Streams)
8 x TX (1 Stream)
(optional)

32
(optional)

yes (max. 8
workplaces)

yes, max. 8x
(optional)

MS ACCESS/
MS SQL (opt.)

yes
yes, max. 8x

2 x recorded,
external,
ON AIR signal

yes

8 x TTL
8 x Relays

yes
(optional)

yes

100 - 230 V
5V (optional)



MAGIC THipPro 8/16 | MAGIC THipPro 8/16
VolP

VolP Pure

MAGIC Server
Basic

MAGIC Server
Professional

8 via Gateway
(optional)

8orlé
yes

(optional)

MS Teams & WebRTC

(optional)

2 x analogue
input/output
8 x digital
input/output
(4 x AES/EBU)

8 x RX (2 Streams)
8 xTX (1 Stream)
(optional)

32
(optional)

yes (max. 20
workplaces)

yes, max. 8x
(optional)

MS SQL
yes

yes, max. 10x

4 x internal

(dynamic or recorded),

6 x external,
ON AIR signal

yes

yes

8 x TIL
8 x Relays

yes
(optional)

yes
(optional)

yes

100 - 230 V
5V (optional)

8 via Gateway

(optional)

8orlé
yes

(optional)

MS Teams & WebRTC

(optional)

8 X RX (2 Streams)
8 x TX (1 Stream)

(optional)

32
(optional)

yes (max. 20
workplaces)

yes, max. 8x
(optional)

MS SQL
yes

yes, max. 10x

4 x internal

(dynamic or recorded),

6 x external,
ON AIR signal

yes

yes

8 x TTL

8 x Relays

yes
(optional)

yes
(optional)

yes

100 - 230 V
5V (optional)

MS Teams & WebRTC
(optional)

192 x total
(optional)

64 (Dante)
128 (Ravenna)
(optional)

yes (max. 8
workplaces)

yes, max. 8x
(optional)

MS SQL
ja
yes, max. 8x
internal
(dynamic or recorded),

external,
ON AIR signal

yes

yes

yes
(optional)

yes

hardware-dependent

MS Teams & WebRTC
(optional)

192 x total
(optional)

64 (Dante)
128 (Ravenna)
(optional)

yes (max. 48
workplaces)

yes, max. 48x
(optional)

MS SQL
ja
yes, max. 48x
internal
(dynamic or recorded),

external,
ON AIR signal

yes

yes

yes
(optional)

yes

hardware-dependent
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VoIP - POTS TELEPHONE HYBRID

MAGIC TH1Go
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e 1 Line for VoIP or POTS operation ¢ Control via POTS telephone or via
web browser

¢ 2 x analogue Audio inputs/outputs
e Front panel control

e Opftional 4 x AES67 channels via software

upgrade * Phone Book
e Pretalk via POTS telephone or ¢ Dimensions: 2 x 19" x 1U with external 12V
Audio line power supply

e External HOLD signal or ON AIR as HOLD
signal



MAGIC TH1Go can be configured in two way: It can be used
via the LAN interface as a 1-Channel VolP Hybrid or via the
analog interface as a 1-Channel POTS Hybrid (analog a/b
telephone lines).

As a special highlight the VolP Option for MAGIC TH1Go al-
ready includes outstanding HD Voice (G.722) quality in addi-
fion to the standard 3.1-kHz telephone quality. Conversations
from and to telephones which are HD Voice compatible can
be established in 7-kHz quality — which means with twice the
Audio bandwidth and with a much higher speech intelligibil-

ity.

In addition to the front panel operation the system can be
controlled especially comfortably via an HTML5 compatible
web browser.

Alternatively or in parallel a POTS telephone can be con-
nected to the MAGIC TH1Go Hybrids. With this telephone the
complete system operation is possible. In contrast to other
solutions the telephone is not disconnected by a relay from
the hybrid after talking to the caller but allows full control in
each line status.

An incoming call is directly accepted in Pretalk by picking

up the phone. You can talk to the caller and by pressing a
Quick Dial key on the telephone the call can be fransferred
to HOLD or ON AIR. When the ON AIR conversation has been
finished, the connection can be dropped or the caller can be
transferred back to the telephone by pressing the Pretalk but-
ton again. For easy handling a telephone book is available.

+12VDC/15W  POTS PHONE

MAGIC TH1Go
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Options i

The MAGIC TH1Go can be equipped with
either a VolP & HD Voice option or a POTS
option. Both variants can also be activated
at the same time, so that an upgrade is pos-
sible at a later date.

As an alternative to the standard web
browser operation, a Windows PC Software
is optfionally available. This licence adds the
functions SNMP, Ember+, DHD SeflLogic and
MS Access/SQL database access.

MAGIC TH1Go also supports the so-called
Pretalk Streaming function via the Windows
PC software. With these upgrades, the LAN
connection between hybrid and control PC
can be used for pretalks, so no additional
audio cables have to be laid. The conversa-
tion with the caller takes place via the PC
sound card or a USB headset. Pretalk Stream-
ing also allows the caller and presenter
signals to be recorded as a WAV file.

As a further operating option, an analogue
POTS telephone can also be connected to
the system. In addition to the pretalk option,

it allows control in both VolP and POTS mode.

With the AESé67 Upgrade, four additional IP
audio channels can be used via AESé67 with

the Windows PC software.

An optional DTMF Tone Analyzer Upgrade
with multiple modes is also available when
the Windows PC Software is used.

The Remote Reporting Upgrade (requires the
DTMF Tone Analyzer) allows reporters or even
emergency services to dial info the radio
programme by telephone, even if the studio
is unmanned. The access rank is protected
by a PIN.

For more complex Ember+ configurations,
the Ember+ Consumer Extension Upgrade
(DHD) and Ember+ Dial Pad Extension Up-
grade (Lawo) offer simplified programming.

With POTS functionality, MAGIC TH1Go can
be extended to a GSM hybrid with an exter-
nal GSM adapter.

To mount two systems next to each otherin
a 1U 19" rack, the optional Dual Mounting Kit
can be used.

To administer multiple AVT Hybrids, the System
Manager Upgrade is available.

MAGIC TH1Go Windows PC Software

% pC1: MAGIC THT - GO - TH1

H




MAGIC TH2plus V2 Telephone Hybrids

BNT |[MAGIC TH2pius

ISDN ¢+ IP+POTS TELEPHONE HYBRID

MAGIC TH2plus V2

rors [vun] s [ ] vo_
CE | & ]« =

e 2 Lines via POTS or opt. VolIP * External or recorded HOLD signal or
ON AIR as HOLD signall

e 2 x analogue or digital Audio inputs/out-

pufts e Control via PC Software
e Optional 4 x AES67 channels via software ¢ Max. 8 PC workplaces
upgrade

¢ Max. 2 PhonerSets/Keypads
¢ Pretalk via handset/headset or Audio line

in ISDN & VoIP mode ¢ Max. 2 POTS telephones for pretalk in POTS
mode
e Optional Pretalk Streaming with

recording function o MS Access or optional MS SQL
database for Screening



MAGIC TH2plus V2 is a two channels Talkshow System and
offers two operating modes in one system: With its two POTS
interfaces, and one LAN interface it can be used in POTS and
optionally in VolP mode. With an external GSM adapter, it
can also be extended to a GSM hybrid.

The device is designed as a compact 1/2 x 19“ system with
an external 12V power supply.

MAGIC TH2plus provides various functions such as caller con-
ferencing, Auto Answer, Voice Disguise, Night Service, call
forwarding and the possibility to work with a database for call
screening. In this way, caller information can be displayed
immediately for an incoming call if the number is fransmitted.
Unwanted callers can be put on a black list.

The system can either be directly operated via the front
panel or more comfortably via the Windows PC Software for
which one licence is included in the delivery.

For an easy communication with DHD mixing consoles, MAG-
IC TH2plus allows the configuration of up to 64 DHD SetlLogic
commands. Via the Ember+ protocol (provider and consumer
functionality 32 inputs and 32 outputs can be programmed,
and easy exchange of control and signalling commands
between Hybrid and e.g. Lawo and DHD mixing consoles is
possible.

+12V DCHSW RS2321/2 TTLIRELAY

= 1 POTS 2 1 PHONE 2 (W] 1 HANDSET 2

MAGIC TH2plus V2
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Pretalk

VolP/POTS MAGIC TH2plus
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Options i

MAGIC TH2plus can be extended with VolP
& HD Voice Option which turn the system into
an VolP Telephone Hybrid with outstanding 7
kHz speech quality.

Additional PC workplaces can be added by
activating up to eight PC licences. The first
licence is already included in the default
scope of delivery.

Operation is also possible with up to two
MAGIC PhonerSets as an alternative or sup-
plement to the PC software.

In addition, up to two External Keypads can
be connected to the MAGIC TH2plus via
RS232 for confrol.

With the AESé7 licence, four additional IP au-
dio channels can be used via AES67 in POTS/
VolIP mode (not in ISDN mode) via a software
upgrade.

For more complex Ember+ configurations,
the Ember+ Consumer Extension Upgrade
(DHD) and Ember+ Dial Pad Extension Up-
grade (Lawo) offer simplified programming.

MAGIC TH2plus also supports the so-called
Pretalk Streaming function. With this Upgrade
the LAN connection between the control PC
and the hybrid can be used for Pretalk which
means no Audio cabling is required. The
conversation with the caller happens via the
PC sound card or a USB Headset. Addition-
ally, Pretalk Streaming allows you to record
the caller and presenter signals as WAV file.
The Pretalk Streaming licences are available
in two versions: either as a Pretalk Stream

MAGIC TH2plus Intercom PC Software

assigned to a fixed PC workplace (max. 3
licences) or as Dynamic Pretalk Streaming,
which can be used flexibly from all workplac-
es (max. 2 licences).

By default, the MAGIC TH2plus works with a
MS Access database. This can optionally be
replaced by a MS SQL database.

For game shows or sports events, the DTMF
Analyzer Plug-In can be added. There are
three modes to choose from: Standard,
Gameshow and Event. While in standard
mode only the digits received via DTMF are
displayed, in gameshow mode the caller
who pressed first is also marked. In event
mode, labels can be defined which are dis-
played instead of the numbers.

The Remote Reporting Upgrade (requires the
DTMF Tone Analyzer) allows reporters to dial
info the radio programme by telephone or
even in emergencies, e.g. by the emergency
services, even if the studio is unoccupied.
The access line is protected by a PIN.

For support of WebRTC & MS Teams calls, the
MAGIC Collaboration Services (p.36)can be
integrated into this model.

For intercom applications, the Intercom Up-
grade allows up to 20 MAGIC TH2plus systems
to be displayed and operated in one user
interface.

To manage multiple AVT hybrids, the System
Manager Upgrade is available.

g
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MAGIC THipPro Lite 4/8*
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* 4/8 lines for VoIP or POTS operation * 2 x HOLD-Signal (external, recorded
or ON AIR)

* 2 xanalogue and 4 x (opfional 8 x) digital
Audio inputs/outputs e Control via PC Software

¢ Optional 8 x AES67 Channels via Software- ¢ Max. 8 PC workplaces
Upgrade

¢ Max. 8 MAGIC PhonerSets
e Pretalk via handset/headset

or Audio line e Two studios

e Optional Pretalk Streaming with recording + MS Access or optional MS SQL

function database for Screening

* Dante/Ravenna not compatible with POTS-8 Option



MAGIC THipPro Lite is a talk show system for four or eight channels. The system
can be configured as an analogue variant or as a VolP variant with integrat-
ed HD Voice function for best voice quality.

In addition, we now offer the cost effective MAGIC THipPro Lite Pure variant,
which comes without conventional audio interfaces. The audio connection is
realised exclusively via AES67, Dante or Ravenna.

The MAGIC THipPro Lite is based on the hardware of the MAGIC THipPro and
can be equipped with 4 lines or with 8 lines for analogue telephone lines or
VolIP lines. An upgrade from 4 to 8 lines or to a fully equipped MAGIC THipPro
is also possible at a later date.

The following operating modes are possible as standard:

In one-fader mode, all callers on ON AIR are switched to a conference and
are available as a mixed signal. The N-1 signal is automatically generated for
each caller line.

In two-fader operation, two ON AIR lines are available. The callers can be
output on separate audio outputs or switched to conference.

In multi-fader mode, a separate ON AIR line is defined for each caller. Each
caller is available on a separate audio output and mixing is possible via the
mixing console.

The lines of the Telephone Hybrid can be split between two studios if required.
Only the selected caller lines are displayed in each studio and each studio
has its own ON AIR, HOLD and PRETALK lines.

For caller screening, an infegrated MS Access database is available, which
can optionally be replaced by an MS SQL database.

For easy communication with DHD consoles, MAGIC THipPro allows configura-
fion of up to 96 DHD SetLogic commands. With the Ember+ protocol (provider
and consumer functionality), 96 inputs and 96 outputs can be programmed
and easy exchange of control and signalling commands and caller informa-
fion (e.g. name, phone number) between hybrid and mixing console (e.g.
Lawo or DHD) is possible.

In addition to two analogue audio inputs and outputs, MAGIC THipPro Lite
has four digital audio lines (2 x AES/EBU interfaces) which can optionally be
extended to eight digital audio lines (4 x AES/EBU) via software upgrade. In
addition, two handset/headset interfaces are available. The audio interfaces
can be assigned to the installed workplaces and studios as desired.
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MAGIC THipPro Pure Lite with Dante Module, redundant power supply
(without conventional audio interfaces)
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MAGIC THipPro Lite PC Software
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Example Application . :
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Options i

Based on the hardware of the MAGIC THip-
Pro, the MAGIC THipPro Lite represents a
versatile Talkshow System with all the features
of the TH6 and an even greater potential for
opfional upgrades.

First, the system, which comes with a PC
control licence, can be upgraded with up to
seven additional licences, allowing a maxi-
mum of eight PC workplaces to access the
hybrid simultaneously. In this way, the system
can also be used for two studios. A maximum
of four workplaces can be installed in each
studio.

The MAGIC PhonerSet telephone offers an-
other option for convenient operation.

MAGIC THipPro Lite, like all AVT systems, also
supports the Pretalk Streaming function. With
this upgrade, the LAN connection between
the hybrid and the conirol PC can be used
for pretalks, so there is no need to lay ad-
ditional audio cables. The conversation with
the caller takes place via the PC sound card
or a USB headset. Pretalk Streaming also
allows recording as WAV files. Up o eight
Pretalk Streaming licences can be used. They
are available either statically or as Dynamic
Pretalk Streaming licences.

For game shows or sporting events, the DTMF
Analyzer Upgrade is available. Three operat-
ing modes are available: Standard, Game-
show and Event. In standard mode, only

the digits that callers have entered on their
phone are displayed.

In Gameshow mode, it is additionally high-
lighted which caller was the first to press.

In Event Mode, different event labels can be
defined in the software for the DTMF dig-

its. For example, sports reports with several
reporters in different stadiums and telephone
connection to the MAGIC THipPro Lite can
be comfortably realised. One reporter is
swifched ON AIR while the others are on
HOLD. For important events such as goals,
these reporters can signal this via DTMF input

by assigning the term “goal” for “0"” and the
term “red card” for “1". The moderator sees
the information directly in the software and
can now immediately switch the reporter of
the relevant match to ON AIR.

The Remote Reporting Upgrade (requires the
DTMF Tone Analyzer) allows reporters to dial
into the radio programme by felephone or
even in emergencies, €.g. by emergency
services, even if the studio is unoccupied.
The access is protected by a PIN.

With the Dual LAN Module, the system can
be expanded by two additional LAN inter-
faces, so that a total of four LAN interfaces
are available.

With the AESé7 licence, eight additional
audio channels can be used through a soft-
ware upgrade.

Alternatively, a native Dante or Ravenna
Module with 32 audio channels can be
equipped. AES67 is supported by both mod-
ules.

The Digital Audio Upgrade enables the acti-
vation of two additional AES/EBU interfaces,
providing a total of 8 outputs and inputs.

For more complex Ember+ configurations,
the Ember+ Consumer Extension Upgrade
(DHD) and Ember+ Dial Pad Extension Up-
grade (Lawo) offer simplified programming.

To manage multiple different AVT hybrids,
the System Manager Upgrade is available.

For support of WebRTC & MS Teams calls, the
MAGIC Collaboration Services (p.36)can be
integrated into this model.

As studio requirements change, the MAGIC
THipPro Lite can be upgraded to a fully fea-
tfured MAGIC THipPro via software upgrade.
This allows the use of all features and options
of the fop model.
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e 8/16 lines for VoIP/ISDN or 8 lines for POTS * 2 x HOLD-Signal (external, recorded
operation or ON AIR)

e 2 xanalogue and 8 x digital Audio inputs/ * Max. 20 PC workplaces
outputs

¢ Max. 8 MAGIC PhonerSets
¢ Optional 8 x AES67 or 32 x Dante/Ravenna

Interface » Optional up to six studios

e Pretalk via handset/headset or Audio line + MS SQL database for Screening

e Optional Pretalk Streaming with recording .

) Optional redundant power supply
function
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The MAGIC THipPro Telephone Hybrid is the most flexible system in our product
portfolio and has the widest range of features. A version with 8 VolP lines and
16 VolIP lines is available. Both can be extended by 8 POTS lines or 8/16 ISDN
lines with optfional modules. A special feature is the so-called Mixed Mode, in
which the system can be operated with analogue or ISDN lines and simultane-
ously with VolIP lines.

In addition, we now offer the cost effective MAGIC THipPro Pure variant,
which comes without conventional audio interfaces. The audio connection is
realised exclusively via AES67, Dante or Ravenna.

MAGIC THipPro has eight digital audio lines (four AES/EBU interfaces) and two
analogue audio inputs/outputs in each version. In addition, there it has two
handset/headset interfaces for Pretalk. The audio interfaces can be assigned
fo the installed workstations and studios as desired. A total of up fo 20 work-
places can access the MAGIC THipPro simultaneously.

With the Admin Studio Upgrade, up to six studios can be set up.

Two software versions are available to control the system: MAGIC THipPro LAN
and MAGIC THipPro Screener. No PC licence is included in the scope of deliv-
ery, so the user can decide for which combination is suitable for his purposes.
In addition, for smaller recording booths that do not require an ON AIR func-
tion, there is the affordable News Desk Client.

MAGIC THipPro can be connected to an MS SQL database. Individual studios
can use the same or individual databases. All features such as the blacklist
function, automatic call acceptance, call forwarding, voice disguise, night
service and call pre-allocation are supported. As a special feature, the an-
swering machine function has also been implemented. Calls can be automat-
ically answered and recorded.

For an easy communication with DHD mixing consoles, MAGIC THipPro allows
the configuration of up to 96 DHD SetLogic commands. Via the Ember+ pro-
tocol (Provider and Consumer functionality) 96 inputs and 96 outputs can be
programmed, and easy exchange of control and signalling commands and
caller information (e.g. name, phone number) between hybrid and mixing
console (e.g. Lawo or DHD) is possible.

/%’//xﬁ/ ,/////// i nm\\\
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MAGIC THipPro Pure with Dante Module, redundant power supply
(without conventional audio interfaces)
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MAGIC THipPro LAN Software

User interface in Production/Screener view
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MAGIC THipPro Screener Software

User interface in Screener view
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A
Screener Client

4 LAN Client

LAN LAN with Pretalk Streaming LAN

8/16 x VoIP

—

PBX MAGIC THipPro

Our example application on this page

shows a basic setup of the MAGIC THipPro
Telephone Hybrid. There are two workplaces,
one for the Presenter/Host and one for the
Screener or Producer. The Screener/Producer
works with the MAGIC THipPro Screener
Software. He answers the calls first and can
easily enter information about the callers via
the data entry mask.

With status functions such as e.g. HOLD
READY he can show the Presenter which
callers have been screened and are ready
fo be switched to ON AIR. The Screener uses
the MAGIC PhonerSet or alternatively Pre-
talk Streaming which means that the Audio
signal between the Telephone Hybrid and his
PC is transmitted via the LAN network. In this
way, the Screener can be located far from
the Telephone Hybrid without complicated
Audio cabling. Besides, he can also record
callers easily via a single button in his user
interface.

With the Social Media Upgrade, the radio

Mixing Console

stafion’s X (Twitter) account can be dis-
played in the user interface. All features are
supported - the Screener can read through
the latest tweets from the listeners or search
for a certain hashtag. On top, he can mark
interesting tweets which are to be displayed
at the Presenter’s workplace.

The Presenter works with the MAGIC THipPro
LAN Software showing the most important
information of the callers. The Tweets which
have been marked by the Screener are
displayed on the right side of the user inter-
face so that the Presenter can easily read
them and decide which ones he wants to
share with the listeners. The Presenter can
also switch the callers to PRETALK to talk with
them Off Air if required.

1-fader, 2-fader or multi-fader modes can be
set individually for each studio. In the exam-
ple shown, the 2-fader mode is configured.

If several callers are to be switched into con-
ference, they only have to be switched to
the same ON AIR line.




Presenter Workplace
LAN Client

Screener Client

Presenter Workplace
LAN Client

I I
MAGIC PhonerSet Mixing Console MAGIC PhonerSet Mixing Console
AA 4 A A A
LAN LAN with Pretalk Streaming LAN
A 8/16 x VoIP.
I -
L 1] ]
11}
11
1]
On Air1 N o On Air 2
— Pretalk 1 _  Pretalk2
PBX MAGIC THipPro

This sample application shows two studios
which share the same caller lines. Both pre-
senters each work with the MAGIC THipPro
LAN software. Each studio has its own ON AIR
audio line, which means both presenters can
switch one or more callers to ON AIR at the
same time. Each presenter also has an own
PRETALK line in case a pretalk conversation
with the caller should be possible.

Usually, the screener takes the calls in PRE-
TALK and enters the relevant information
into the database via the MAGIC THipPro
Screener software. This information is then
also immediately displayed at the present-

ers’ workplace. As long as the screener is
talking to a caller in PRETALK, the caller line is
blocked for both presenters. Only when the
caller is switched to HOLD can he or she be
taken over by the presenters in the studios.

Optionally, the MAGIC THipPro can also

be conveniently operated via the MAGIC
PhonerSet, which can be used in parallel
with the PC software or independently. Up to
8 MAGIC PhonerSets can be used simultane-
ously.

In the example shown, the 1-fader mode is
configured.
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News Desk Client

The application on this page shows how MAGIC THipPro can
be used for several independent studios (up to six). The Ad-

min Studio Upgrade allows all available caller lines to be di-

vided among the individual studios. Only the assigned caller
lines are displayed in each studio. In this example, three dif-

ferent studios and one recording booth are configured.

The News Studio has two caller lines and one workplace. This
workplace uses the MAGIC THipPro LAN Software. The opera-
tor can accept the callers in Pretalk to have a conversation
before switching them ON AIR. The HOLD signal in inserted
externally for this studio via one of the MAGIC THipPro's Audio
inputs.

The Production Studio uses three caller lines and also has a
workplace where the MAGIC THipPro LAN software is in-
stalled.

The production studio has separate PRETALK and ON AIR au-
dio lines, the HOLD signal is generated here from the ON AIR
return signal.

The Talkshow Studio uses six caller lines and two workplaces:
a screener and a presenter. The screener uses Pretalk Stream-
ing as audio interface, he accepts calls in PRETALK and
entfers the relevant information info the database via the
MAGIC THipPro Screener software. Pretalk Streaming also
allows him to record callers easily via a record button in the
user inferface. The presenter also uses the MAGIC THipPro
Screener software, but in the so-called Presenter Mode. In this
mode, only the caller lines and the most important informa-
fion about the caller are displayed.

Caller information is not displayed to the presenter until the
screener has set the line fo HOLD READY status. The talk show
studio uses two ON AIR lines in the example. In this way, call-
ers can be placed on different faders or placed in confer-
ence by selecting the same ON AIR line.

The Recording Booth uses the News Desk Client, which is
designed like the MAGIC THipPro LAN software. However, the
client has no ON AIR function and user configuration is not
possible. Pretalk streaming is already included in the afford-
able News Desk Client software. This allows calls to be con-
veniently recorded as WAV files.
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Options: User Interfaces e

There are three software versions available
for the control of the MAGIC THipPro Tele-
phone Hybrid. For each workplace the most
suitable application can be selected.

MAGIC THipPro LAN Software

The first variant is the MAGIC THipPro LAN
software, which is available as a single-user
licence. In the user interface, all caller lines
are displayed side by side, each with the
configured status keys (PRETALK, HOLD, ON
AIR, DROP and call forwarding) and the
level indicator. Each line has an info button
that shows the caller’'s name and number

or location, depending on what informa-
fion is available. Below this, the gender, age
and mood of the caller are displayed. It also
shows when the caller was last switched to
ON AIR. In combination with the Screener Cli-
ent, the last time a caller won a prize is also
displayed. Further details about the caller
can be entered in the information field be-
low. This information is stored in the database
and can be displayed automatically with
the next call. The caller list can be shown

or hidden depending on the programme
requirements. Calls can be inifiated directly
in PRETALK, HOLD or ON AIR. Manual dialling
is of course also possible. Speed dialling keys
can be programmed for frequent contacts.

News Desk Client Software

The MAGIC THipPro News Desk Client Soft-
ware is a limited version of the MAGIC THip-
Pro LAN Software. It is not possible to config-
ure the system or switch a caller fo ON AIR
via this software. However, a Pretalk Stream-
ing Licence is included, which allows the user

to record the call in PRETALK and save it as
a WAV file. Therefore, this software is particu-
larly suitable for recording booths. The caller
lines assigned to the News Desk Client are
configurable as a pool or as individual lines.

MAGIC THipPro Screener Software

The MAGIC THipPro Screener software is
available as a single-user licence. The caller
lines are displayed one below the other and
offer special functions for caller screening in
addition to the “normal” operation. The user
intferface offers a data entry mask, which
can be individually adapted to different
programmes. Lists of preregistered callers as
well as callback lists can be created. It is also
possible to enter questions from callers and
then display them at the presenter’s desktop.
A history of previous entries and calls is cre-
ated for each caller. Information about win-
nings and other caller data, such as birthday
and address, can also be stored. Two lists
can be used in parallel.

The MAGIC THipPro Screener software also
offers a simplified Presenter Mode without an
input mask. The Data Manager Mode is used
for post-processing without displaying the
caller lines.

All software variants can be customised and
thus adapted to the requirements of the
users. Functions can be hidden or blocked
for certain workplaces. A separate colour
scheme can be selected for each studio and
each line for a better overview.
Configurations can be protected from unau-
thorized access by a user and an administra-
tor password.




Options: Functions

The MAGIC THipPro Admin Studio Upgrade
(single licence) allows to divide the line re-
sources of the MAGIC THipPro among up to
six studios. In each studio, only the assigned
caller lines are displayed. Individual audio
lines can be defined for each studio. A maxi-
mum of 20 LAN or screener PC clients or up
to 30 news desk clients are possible.

Each VolP system can be extended by the
MAGIC Collaboration Services. The applica-
fion runs on a server/PC and connects fo MS
Teams to infegrate Teams calls into the user
interface for studio operation.

MAGIC THipPro also supports the Pretalk
Streaming feature. With this upgrade, the
LAN connection between the hybrid and the
confrol PC can be used for pretalks, so there
is no need fo run additional audio cables.
The conversation with the caller takes place
via the PC sound card or a USB headset.
Pretalk Streaming also allows recording as a
WAV file. A total of up to ten Pretalk Stream-
ing licences can be activated. These can
be statically or dynamically assigned to a
workplace.

For game shows or sporting events, the DTMF
Analyser Plug-In can be added. There are
three modes to choose from: Standard,
Gameshow and Event. While in Standard
Mode only the digits received via DTMF are
displayed, in Gameshow Mode the caller
who pressed first is also marked. In event
mode, labels can be defined that are dis-
played instead of the numbers.

The MAGIC THipPro Screener Client can be
extended by the Competition Management
feature, which provides a comfortable event
and prize management for competitions
directly in the software. Various data exports
are also possible.

The MAGIC THipPro ACconnect upgrade,
available exclusively for the MAGIC THipPro,
allows the integration of up to two MAGIC
ACip3 hardware Audio Codecs into the user
interface of the Telephone Hybrid. The co-
dec lines are displayed like additional caller
lines and enable high quality AolP connec-

tions.

For all MAGIC THipPro systems in VoIP or ISDN
mode, the HD Voice feature can be op-
fionally activated, enabling connections in
excellent 7 kHz (G.722) quality.

MAGIC THipPro ISDN and MAGIC THipPro
POTS can both be upgraded with VolP to use
the system in mixed mode or exclusively for
Voice-over-IP.

If additional caller lines are required, it is pos-
sible to expand the MAGIC THipPro 8 VolP or
ISDN Telephone Hybrid to 16 caller lines. With
the analogue POTS variant, a maximum of 8

lines is possible.

With the AESé67 licence, eight additional
audio channels can be used through a soft-
ware upgrade.

Alternatively, a native Dante or Ravenna
Module with 32 audio channels can be
equipped. AES67 is supported by both mod-
ules.

These modules are only available for VolP
devices.

For more complex Ember+ configurations,
the Ember+ Consumer Extension Upgrade
(DHD) and the Ember+ Dial Pad Extension
Upgrade (Lawo) offer simplified program-
ming.

With the Dual LAN Module, the system can
be extended by two additional LAN interfac-
es, providing a total of four LAN interfaces.

To manage several different AVT hybrids, the
System Manager Upgrade is available.

For support of WebRTC & MS Teams calls, the
MAGIC Collaboration Services (p.36)can be
integrated into this model.

All new systems can be extended with a
redundant 5V power supply.
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MAGIC PhonerSet

e Colour Display
5" (GXV3350) with 1280 x 720 pixels
7" (GXV3370) with 1024 x 600 pixels
8" (GXV3380) with 1280 x 800 pixels

e Capacitive touch screen

¢ Optional extension module (GBX20 for
GXV3350) for e.g. line status and speed
dial key function

e 2x 1000Base-T (PoE+)

WLAN 802.11a/ b/ g/ n
Bluetooth 4.0
Headset Connector

HDMI for additional monitor

¢ HD Voice

Android operating system

09115271110
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The MAGIC PhonerSet License enables convenient operation of the MAGIC
Telephone Hybrid family (MAGIC TH2plus, MAGIC TH6 and MAGIC THipPro
/ Lite) via the touchscreen-enabled Grandstream telephones GXV3350,
GXV3370 or GXV3380.

The telephone can be used parallel to the Windows PC software or indepen-
dently without a PC. The connection for the conftrol of all caller lines and the
fransmission of the audio signal takes place via a standard network inter-
face.

MAGIC PhonerSet uses the caller lines of the used Telephone Hybrid system -
an additional registration to a SIP server is not necessary.

The operation is based on the respective PC software of the Telephone Hy-
brid system.

The following telephony functions are supported separately for each avail-
able caller line: Call setup, call acceptance, hang up, redial, call transfer,
PRETALK, HOLD, ON AIR (1-fader or X-fader mode) and line blocking (LOCK).
Further functions are available via the Function key: phone book, Lock/Un-
lock all lines (LOCK ALL) and hang up all lines (DROP ALL).

The status and caller information of each line are displayed via line cards.
Depending on the number of lines, the following information can be dis-
played: HD-Voice status, Phone number/SIP Display name, caller name and
city (only if database is activated).Of course, Unicode characters (UTF-8) are
also supported, so that, for example, Cyrillic or Arabic caller information can
be displayed without problem:s.

The usable lines and authorisations (e.g. switching to ON AIR) of an operator
workplace are automatically assigned via the system configuratfion of the
Telephone Hybrid system. Only the connection parameters to the Telephone
Hybrid system must be enfered at the MAGIC PhonerSet.

The HDMI interface also enables parallel output of the user interface to an
external screen.

MAGIC TH2plus allows the simultaneous use of up to two, MAGIC THé6 up to
six and MAGIC THipPro/Lite up to eight MAGIC PhonerSet workplaces, that
can be used in addition to or instead of the respective PC software.

Grandstream GXV3370

% Grandstream GXV3350

Grandstream GXV3380
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GRANDSTREAM

MAGIC TH2plus 3 5 Q B 1452

09115271110 ®
Function
1  Wolfgang Peters
+49 911 52710

PRETALK
Schwaig bei Nb.

HOLD

2< Yuvanesh
+49 911 5271250 ONAR

Pollachi

MAGIC PhonerSet with MAGIC TH2plus

MAGIC THipPro

14 Wolfgang Peters 091152710

Function

2 Annemarie
3 oM PRETALK

4 Yuvanesh

-
. +49 911 5271110

7

MAGIC PhonerSet with MAGIC THipPro (1-Fader Mode)

* The user interface of the GXV3380 model closely resembles the GXV3370
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MAGIC PhonerSet with MAGIC THipPro (2-Fader Mode)
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MAGIC Collaboration Services

Adds video calls to Telephone Hybrids
WebRTC & MS Teams Integration

Compatible with MAGIC Server and
hardware Telephone Hybrids

Integrates in Telephone Hybrid PC clients

Identical workflow as regular calls

18 aadm|

Participation in scheduled meetings
Cenftral server platform for all systems
Compatible with all Teams users

Video output via NDI

o Collaboration

IR MagicServer
00000000000
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MAGIC Collaboration Services is an optional upgrade for AVT MAGIC Tele-
phone Hybrids and enables connection to MS Teams or WebRTC applica-
tions. The audio signal is output like a regular call; for video calls, the video
signal is also displayed directly above the line and can be output via NDI.

Collaboration Services is available in the Basic and Professional version.
In the Basic version, a connection via WebRTC is possible from a web browser
without needing additional software on the caller side. The caller is simply
invited via a web link. Calls can then be transmitted via G.722 or OPUS. In ad-
dition to the high audio quality, video in up to 1080p can also be fransmitted.
<<<<<< e e In the Professional version, Microsoft Teams can also be connected so report-
- ers and correspondents who use Microsoft Teams can be intfegrated directly
into live broadcasts with the best audio and video quality. The audio frans-
mission uses the robust MS Satin codec (128kbit/s, 32 kHz), which offers excel-
lent audio quality without dropouts even during high packeft losses.
To use the function with Teams, a full version of Microsoft Teams is required,
which is included in most Microsoft 365 plans.
The MS Teams phone book of the organisation is then displayed in the soft-
ware in addition to the regular phone book, and it is also possible to include
external parficipants outside the organisation in Teams calls or conferences
via scheduled meetfings.

10MBit/s 1.0 MBit's

In the Telephone Hybrid user interface, all licensed MAGIC Collaboration
Channels (single channel licences) can be registered in parallel to the VolP
lines for calls via MS Teams or Web RTC.

The number of channels can be licensed individually for each system, the
maximum number corresponds to the available lines in the Telephone Hybrid.

Line groups and studios can be used as with VolIP lines, mixed conferences
are also possible.

All functions such as PRETALK, HOLD and ON AIR or searching in the phone
book, as well as participation in scheduled Microsoft Teams meetings, are

possible as usual with a single click.

A refurn image from the studio can also be fransmitted for video calls. With
the Extended Video In-/Outputs Upgrade, any NDI signal can be used in-
stead and several video signals from callers can be output via NDI.

MAGIC Collaboration Services runs as an application on a separate server or
PC that is connected to the Telephone Hybrids or can also be integrated into
the same platform with the MAGIC Server.

The application runs as a service under the Microsoft IIS (Internet Information

Services) service platform and is managed via a web interface.

MAGIC THipPro

A Microsoht Aaure
MAGIC Active Diectony
Collaboration Services ~ -
i

Remote Teams Arbeitsplatz

VolP/POTS/ISDN
PBEX Internet

D)
|

- o
-— > I

Remote Reporter / [Anrufer)

s
L& )

Remote WebRTC Arbeitsplatz

MAGIC Server




Audic
Av-r Video Dashboard Configuration User Management

Technologies

Zones
Channel Registrations
Label Licenses Hybrid Channels Audio Codecs Collaboration Services Alarms
My Zone1  studiozone 3sudios 15 /15 @ 4,: 0@ 4,20
My Zone 2 | NewsDeskzane 10News sk s 10/00 00 02 P om &
My Zone3  intercomZone IntercomUpgrade.  Sintercom Cients 40 /0@ 00 220
Active Calls Clients
Active calls with audio send and receive data rates Glients connected to the system
L Clients 20
Q. Hybrid calls 3 /65 Audio Rx ! 12
56 kBit/s
7 codeccalls 12 News Desk Clients — 5 /10
Audio Tx 2
& Collaboration Service calls /10 . Intercom Clients — Is
4 22 kBit/s
ooy (EEED
[ Ao e [ Ao T PC Resources
CPU usage RAM usage

Total utilization of the PC

14% 23%

MAGIC Server

vianjaos f to | vo | R
sa J b | & Jiemloo] ¢ GiE
(4£567 | ante Joevemafembers] oo

o Software Telephone Hybrid & Audio Codec e LAN & Screener Web Clients

e Basic: 1 to 8 VoIP lines e Up to 24 studios
* Professional: 8 to 96 VoIP lines * Infegration of MAGIC Collaboration Services
e Support for all sound cards e Integration of OPUS and PCM Audio Codecs
(Dante, Ravenna, AESé7, analogue, digital...)
e G.711/G.722

e Cenftral administration & configuration
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The MAGIC Server expands the Telephone
Hybrid portfolio with a scalable, software-
based Telephone Hybrid & Audio Codec
server.

For smaller studios, for podcasters or for
recording felephone interviews, the en-

try level MAGIC Server Basic offers a VolP
telephone channel, a web operating client
and one studio. For talk shows, for example,
the system can be expanded to up to 8 VolIP
telephone channels and a second studio. For
high-quality audio and also video transmis-
sions, two stereo Audio Codecs and Collabo-
ration Services such as WebRTC or MS Teams
can also be integrated, making two of the
maximum eight lines OPUS-, PCM-, WebRTC-
and MS Teams-capable.

Compared to the Basic version, the MAGIC
Server Professional offers significantly more
resources, so medium and large broadcast-
ers with growing requirements can expand
the system at any time.

The system offers 8 to 96 VolIP Telephone
Hybrid channels, 24 studios with 48 applica-
tion-specific web control clients for present-
ers, screeners and fechnicians, 48 recording
booths (News Desks) for felephone interviews
and six Intercom groups for communication
with correspondents or remote stations.

In addition, up to 24 of the 96 possible chan-
nels can be used for high-quality stereo
audio transmissions (OPUS, PCM), and 48
audio or 24 audio/video WebRTC / MS Teams
collaboration services can be added.

Both server variants can be run on a physical
server as well as on a virfual machine, with
the Basic variant also being able to be run
on a current desktop PC / workstation.

The VolP connection is made - as with the
hardware Telephone Hybrids - via individual
SIP accounts of a local PBX or a cloud PBX.

The MAGIC server supports the classic
telephony standard G.711 (3.1 kHz audio
bandwidth) as well as the much higher qual-
ity HD Voice standard G.722 (7 kHz audio
bandwidth) by default.

Integration into the local audio network is
possible via a virtual AES67 sound card with
up to 192 channels, an external USB- Dante®
/ Ravenna / MADI sound card (RME Digiface)
or even a classic internal or external ASIO-
capable multi-channel sound card.

The MAGIC Server is configured via a mod-
ern and intuitive web interface that allows
central management of all lines, studios and
workplaces.

The web user interfaces for the respec-

five workplaces/operating stafions are also
delivered via the server, so that an installa-
fion at the workplace is no longer necessary.
The desired user view is controlled via a user
login.

For users who already own AVT hardware Te-
lephone Hybrids of the MAGIC THipPro family
including Audio Codecs connected via AC-
connect - and who want to continue using
them - we offer the MAGIC Server Legacy.
This allows the classic PC clients to be re-
placed or supplemented by modern web
clients.

This does not change the audio and VolP
infrastructure connected to the hardware
systems.

The web-based user interfaces significantly
minimise the time required for a system
update, as only the server needs to be up-
dated. There is no need for installation at the
individual workplaces.

The MAGIC Server Legacy can then be
upgraded to a fully-fledged MAGIC Server
Professional if required.
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Licence Structure MAGIC Server Professional
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Studio & Talk Show Applications

Talk shows and telephone interviews are a
central component of classic radio opera-
tion. MAGIC Server allows line resources to
be allocated to 2 (Basic) or 24 (Professional)
studios. To each of these studios workplaces
with differing views can be assigned individu-
ally. The combined LAN/Screener Web Client
allows an optimized view for the presenter,
for the screener, for the control room/techni-
cal staff as well as for the data manager for
handling caller information.

Especially for remote operator stations that
cannot simply be connected to an audio
core, the Pretalk Streaming Extension for the
LAN/Screener Web Client offers an easy way
to connect audio. Pretalk calls can thus be
made via a headset connected to the PC.

The Recording funcfion enables telephone
interviews to be recorded. This can be as-
signed fo a workplace to provide a presenter
or screener with a direct recording on-air or
in the pretalk conversatfion.

Alternatively, each recording channel can
be configured as an answering machine in-
cluding individual announcement, recording
duration, efc.

In addition to the web PC clients, workplaces
that use a PhonerSet to operate individual or
multiple telephone channels can also be set
up in each studio.

For users who wish to integrate Telephone Hy-
brid channels info DHD or LAWO mixing con-
sole/VSM environments, this can be imple-
mented via an Ember+ Workplace licence.

This requires the Ember+/DHD SetlLogic
upgrade (required per audio core), which
provides a wide range of system and line
information as well as control options via

virtual GPIOs. In addifion, a wide variety of
functions for controlling and displaying infor-
mation (e.g. name of a caller) is available.
The Ember+ implementation supports both
consumer and provider modes.

Users who play game shows with listeners or
invite listeners to events (e.g. concerts) can
do this comfortably via the Competition &
Event Management Studio Upgrade.

This option allows the creation and evalua-
fion of competitions, including the manage-
ment of the prize contingent. Tickets for all
participants can be managed for events. All
lists can be exported as PDF or Excel files.

For game shows or sporfing events, the DTMF
Analyzer studio upgrade can be added.
There are three modes fo choose from:
Standard, Gameshow and Event. While in
standard mode only the digits received via
DTMF are displayed, in gameshow mode

the caller who answered the fastest is
marked. In event mode, short text informa-
fion is displayed instead of digits. For football
maftches, for example, reporters on site can
inform the control room that a goal has been
scored, even in hold mode.

The Social Media studio upgrade allows
listeners to get in touch via social media. In
addition fo X (formerly Twitter), other services
are planned.

News Desk Application for MAGIC Server
Professional

For telephone interviews in small recording
booths, the News Desk Web Client offers a
simplified user interface. One telephone line

is displayed per workplace. The telephone
conversation can either be recorded externally
or, more conveniently, via the optional central
Recording function.




An optional Collaboration Service can also be
assigned to the News Desks telephone chan-
nel, enabling connections via WebRTC and MS
Teams. With WebRTC, high-quality recordings
are possible due to the OPUS codec being
used. The conversation partner only needs a PC
with a current web browser and a high-quality
headset.

The audio connection can either be made via
a physical audio line (AES67 / Dante / Ravenna
/ MADI etc.) or via the optional Pretalk Stream-
ing connection.

The optional Ember+/DHD SetLogic upgrade
(required per audio core), allows signalling and
conftrol via DHD SetLogic and/or Ember+.

Intercom application for MAGIC Server
Professional

With the Intercom Upgrade and the associated
Intercom Web Client, up to 32 lines can be dis-
played in one overview. The upgrade also pro-
vides special features such as a level booster in
the direction of transmission, line identification
via speech synthesis as well as signalling in case
of line interruption. Up to six intercom groups
can be set up per server.

The Intercom application also allows the use of
the optional Collaboration Services, which can
be assigned to one or more telephone chan-
nels. This makes it very easy to connect cor-
respondents and reporters via WebRTC or MS
Teams with much better quality.

The optional Pretalk Streaming allows a direct
pre-talk with an intercom partner via the control
PC and a connected headset - regardless of
whether the channel is activated in the audio
matrix or not.

The Recording Upgrade can additionally be

used to implement centralised recording of
caller lines on the server.

In addition, MAGIC Server Professional supports
automatic centralised call management using
the Voice Mail Manager Upgrade to implement
an answering machine function with study-re-
lated announcements and central recording.

As an alternative to the Web Client, a PhonerSet
can also be used for operation. A maximum of
12 lines can be displayed here.

The optional Ember+/DHD Setlogic upgrade
(required per audio core), allows signalling and
control via DHD SetLogic and/or Ember+.

Licensing & Update Support

MAGIC Server's licence management is cloud-
based, so an internet connection is mandatory.
This enables prompt functionality upgrades,
flexible floating and test licences.

The licence is always delivered as a lifetime li-
cence and includes a 12-month update period.

For MAGIC Server Basic, a cost-effective annual
support contract with update access can be
optionally added after these 12 months. This
ensures that the latest version can always be
used and that all security updates are avail-
able promptly. In addition, the support contract
includes remote support for four support tickets
per year via our support portal.

Alternatively, we offer a renewal licence that
can be purchased at any time and includes
update authorisation for 12 months. In addition,
one year of basic support is included for four
support tickets via our support portal.

For MAGIC Server Professional, the conclusion
of a support contract is mandatory after the first
12 months. The annual costs of the support con-
fract are derived from on a baseline amount
and the number of activated Telephone Hybrid
channels at a defined date.

In addition to the update authorisation, the
support confract includes remote support for 12
support tickets per year via our support portal.
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1 HANDSET 2

MAGIC ACpJ3

AUDIO CODEC
PHONES

MAGIC ACip3 Audio Codec

Secure G.711/ HE-AAC
32 I 5 I (o o s I i I 0

e Fullintegration of MAGIC ACip3 Audio ¢ Common phone book from SQL database
Codec in MAGIC THipPro Telephone Hybrid
LAN and Screener Software user interface « Audio Codec connection via

MAGIC THipPro software upgrade
¢ Audio Codec control via additional

callerlines + Simultaneous registration with five

SIP servers with automatic call detection
¢ Mono/stereo Audio Codec connection

¢ Pretalk/Hold for Audio Codec
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With the IP Audio Codec MAGIC ACip3 and the MAGIC THip-
Pro Telephone Hybrid System AVT provides an integrated all-
in-one solution: only one Management Software is required
to control both Telephone Hybrid System and Audio Codec.
The Audio Codec is displayed as an additional caller line in
the MAGIC THipPro LAN or Screener Software. Incoming calls
to the MAGIC ACip3 can be accepted as well as outgo-

ing Mono or Stereo connections can be established via the
hybrid's control software. With the 2-Codecs Upgrade, two
Stereo signals can be transmitted with one MAGIC ACip3
system. In this case, two additional caller lines would be avail-
able in the Telephone Hybrid's control software.

Vides Details of the Audio Codec connection such as e.g. coding
Technologies algorithm and bit rate are available via the caller line’s Info
button. Furthermore, a common phone book can be used.

If the MAGIC THipPro Telephone Hybrid is used with the Ad-
min Studio upgrade for up to six studios the MAGIC ACip3
Audio Codec can be integrated in each of the configured
studios - or also only in selected studios. The three available
Audio Audio interfaces of the MAGIC ACip3 can be assigned fo the
AVT Tt e different studios or the Audio routing can be controlled very
comfortably via DHD SetLogic and Ember+ profocol. For each
MAGIC THipPro up to two MAGIC ACip3 can be connected.
If both systems have the 2-codecs upgrade, a maximum of

four stereo Audio Codecs can be integrated.

MADE IN GERMANY

The system can register with 5 different SIP servers.

LAN

AR
- LAN Client
HH
HH LAN EEEEEEN
EEE | ¢ > QEEEEEE 3

LAN

VolP PBX/
SIP Server

Pretalk
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System Manager Upgrade

| 3% ; MAGIC Hybrid Manager

M
MAGIC TH2plus
a
- »

MAGIC TH6 POTS

MAGIC TH2plus RM

Central Management Software

If a broadcasting station has several AVT
Telephone Hybrids and Audio Codecs, these
can be displayed and administered in the
System Manager. This cenfral management
software allows a clear presentation of all
MAGIC TH1Go, MAGIC TH2plus, MAGIC THé
and MAGIC THipPro/Lite Telephone Hybrids
as well as MAGIC ACip3 Audio Codecs. Even
if the systems use different software versions,
all devices are supported.

For each device, possible alarms and the
operating status (in use or in configuration)
are displayed. The query is made cyclically
via SNMP. System Monitor, Registration Di-
alog, System Panel and Firmware Download
can be accessed.

MAGIC ACip3

MAGIC THipPro

All systems can also be configured remotely
from an administrative location. A complete
remote configuration of the system is pos-
sible, all presets and super presets can be
managed. For security reasons, the current
status of the line is displayed.

A firmware update can be initiated on
selected systems from a central location.
Configurations and line assignments can

be activated conveniently via the System
Manager. Presets can thus be loaded quickly
and easily.

One System Manager license is required per
system.




MAGIC ACip3 Audio Codec
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LAWO Core

DHD Core

LAWO VisTool

LAWO Mixer

Control via Ember+ capable Systems

Using the EMBER+ Consumer/Provider conftrol
protocol, all Telephone Hybrids and Audio
Codecs of the MAGIC family can also be
operated via graphic software-control
panels such as the DHD View App and LAWO
Vistool or directly via a mixer in addition to
or as an alternative to their own software
clients like MAGIC THipPro LAN and MAGIC
ACip3.

In addition to the convenient entry of the
phone number, almost all essential functions
can be used to answer callers, switch to
PRETALK, HOLD or ON AIR.

n addition to displaying the call number,
the integrated EMBER+ function can also
be used to display caller information. For
example, the name or location of the caller -
if stored in the database - can be visualised.

Special functions such as loading presets,
blocking lines, start/stop recording, fader
start & stop etc. are of course also possible.

All states of the system can be transmitted to
DHD/LAWO and the operating elements can

be highlighted in colour.

Almost all functions can be performed
autonomously - without an additional PC.
Exceptions to this are database queries for
displaying caller information and recordings
via AVT client PC software.

Depending on the system, up fo 96
programmable GPIOs, 8 EMBER+ providers
and 16 EMBER+ consumers as well as

some predefined workflows are available,
enabling excellent infegration between AVT
and Ember+ capable systems like DHD or
LAWO.

One possible application is for example

the implementation of up to 16 editor
workstations that can conveniently operate
a Telephone Hybrid system via a (virtual)
mixer.

For more complex Ember+ configurations, the
Ember+ Consumer Extension Upgrade (DHD)
and Ember+ Dial Pad Extension Upgrade
(Lawo) offer simplified programming.
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VOICEMAIL SYSTEM

MAGIC THipPro Voice Mail System
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* Answering machine for 8 or 16 VolP lines * Up to 32 callers can be recorded at the
same time

¢ Individual announcement texts can be
played ¢ Up fo 5 workplaces can be configured

e 2 x analogue and 4 x digital Audio inputs/ ¢ Optional redundant power supply
outputs
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The MAGIC THipPro Voicemail System for connection to
VolP-capable PBXs or VolP main lines is used for automated
recording of up to - in the maximum configuration level - 32
simultaneous calls, which are stored as WAV files on a file
server.

The DSP-based recording system has either 8 or 16 caller lines.
Existing systems with 8 lines can be upgraded to 16 lines via a
hardware upgrade if required.

Configuration and confrol is done via the included MAGIC
THipPro VMS Client. Up to five VMS Clients can access one
system.

Up to four 8-line or two 16-line systems can be managed
together in the graphical user interface, so that in fotal a
maximum of 32 recording channels are available.

Up to two clients can take over the master function. A master
records the callers and saves the recording as a WAV file. For
performance reasons, the recordings should also be saved
iy on this PC. With the File Server Redundancy Upgrade, a sec-
fecnoiogies ond master PC can automatically take over the function if
this PC fails.

LTI

« i - EXTERNAL
MODULE SLOT2
u U ( & ;J i,, @
LAN2 CLOCK1 CLOCK2

MAGIC THipPro VMS with optional redundant power supply
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Functions

¢ Announcement

Each caller line - alternatively also a line
group - can be assigned an individual an-
nouncement text.

The announcement texts are non-volatilely
stored in the system or can be dynamically
updated via a VMS client (configured as
master PC), e.g. via a playout system.

The announcement texts are saved to the
VMS system by simply importing a WAV file
with an audio bandwidth of max. 8 kHz, so
that callers can hear an announcement in
very good quality in HD Voice mode (G.722).

The duration of an announcement can be
up to 30 seconds, whereby it can be played
as a continuous loop without recording or
several times (1...3 times) before recording.

* Recording

A recording is saved as a WAV file on the
configured master PC, whereby only the
incoming signal is recorded.

Both the directory structure for saving the
WAV files and the file name can be freely
configured.

In addition, it is possible to generate a corre-
sponding metafile for each recording in DBE
format (DIGAS from DAVID Systems).

If the user also owns a MAGIC THipPro Tele-
phone Hybrid system, automatically existing
information of the caller from the SQL data-
base of the system is used to generafe the
file name and the metafile.

The recording time can be limited in steps of
20 seconds up to 10 minutes for each caller
line or for each line group separately.

Instead of recording, it is also possible to play
a message only. In this operating mode, you
can also configure call forwarding for any
caller line/group to any phone number after
the announcement.

For backup purposes, the optional redun-
dancy upgrade allows parallel recording of
all calls on a second PC.

A management system for managing the
recordings is not part of the system, but the
recordings can be played back on any VMS
client.

* Rejection

For all lines an idenfical rejection can be
configured if the maximum recording fime is
reached.

¢ Monitoring

Thanks to the infegrated Pretalk Streaming
function, a call can be listened to live via a
button, communication with the caller is not
possible.
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¢ Intercom Gateway for 8 or 16 VolIP lines ¢ Up to 10 systems in one GUI

¢ 2 x analogue and 4 x digital Audio inputs/ ¢ Optional Pretalk Streaming
outputs

¢ Optional Dual LAN module
¢ Optional 8 x AES67 or 32 x Dante/Ravenna

Interfaces e Optional redundant power supply

e Up to 20 workplaces
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The Intercom System is a DSP-based gateway, available in
two versions: MAGIC THipPro 8 VolP Intercom with 8 lines and
MAGIC THipPro 16 VolP Intercom with 16 lines, the 8-lines sys-
tem can be extended to 16 lines by a hardware upgrade.

The 1U device has eight digital audio lines (four AES/EBU inter-
faces) and two analogue audio inputs and outputs in each
version alongside two handset/headset interfaces.

With the AESé7 licence, eight additional audio channels can
be used through a software upgrade.

Alternatively, a native Dante or Ravenna Module with 32 au-
dio channels can be equipped. AES67 is supported by both
modules.

With the Dual LAN Module, the system can be expanded
by two additional LAN interfaces, so that a total of four LAN
interfaces are available.

With the HD Voice (G.722) upgrade, connections can be
established and received in 7 kHz quality.

A redundant 5V desktop power supply is available via a hard-
ware upgrade.

MAGIC THipPro VolP Intercom also supports the Pretalk
Streaming function. With this Upgrade the LAN connection
between the control PC and the system can be used for Pre-
talk which means no Audio cabling is required. The conver-
sation with the caller is done via the PC sound card or a USB
Headset. In total, up to ten Pretalk Streaming licences can
be activated, these licences can be assigned fixed to a PC
workplace.

One license for one workplace is already included in the de-
livery, additional licenses for up to 20 workplaces (one license
per system per workplace) are optionally available.

The software allows the user to answer and dial calls and
view receive and transmit levels. In case of communicao-

fion problems, a variable level booster can be used in the
fransmitting direction. Calls can be forwarded and a Hold
function is also available. Lines can be preassigned for simpli-
fied operation, and lines can also be predefined with a VIP
function, so VIPs can call this line exclusively. A common

SQL database is available for all systems. A WAV file can be
played as line identification when a call is received, another
audio file can also be played for alerting if a connection has
unintentionally been terminated on the network side. The ap-
plication can control a maximum of ten devices.
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Headset Monaural
with RJ or USB cable

* no confrol of the system

e USB requires optional Pretalk Streaming

Headset Binaural
with RJ or USB cable

¢ no conftrol of the system

¢ USB requires optional Pretalk Streaming

Handset with USB cable

e no confrol of the system

¢ USB requires optional Pretalk Streaming

Handset with RJ cable

¢ no control of the system




Analog telephone with display

e For MAGIC TH1Go

e Conftrol of the caller lines of TH1Go

e For MAGIC TH2plus (only in POTS Mode)

Keypad for MAGIC TH2plus or MAGIC THé

e Conftrol of 2 or 6 caller lines

POTS-VolP-Gateway

¢ Integration of a VolP system in POTS environ-
ments

e For conversion of VolP signals for existing
POTS infrastructure

GSM adapter

* Quad Band (850/900/1800/1900 MHz)
e GSM Adapters for POTS

e GSM/LTE Gateways for VoIP

DUAL Mounting Kit

e Common front panel

¢ To mount two 1/2 x 19" units side by side
ina 19" rack
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