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AUDIO CODEC EXTENSION
MAGIC THipPro ACconnect Upgrade

• Full Audio Codec integration in MAGIC 
THipPro Telephone Hybrid LAN and 
Screener Software user interface

• Audio Codec control via additional 
caller lines

• Mono/stereo Audio Codec connection

• Pretalk/Hold for Audio Codec

• Common phone book from SQL database

• Audio Codec connection via 
MAGIC THipPro software upgrade

• Simultaneous registration with fi ve 
SIP servers with automatic call detection

DSP

Layer 3Layer 2G.711/
G.722 AAC-LD AAC-ELD AAC-LC HE-AAC

V1/2 PCM apt-X Opus

IP Secure 
Streaming Ember+ DHD 230VAES67 2-Codecs SD card Backup

 MAGIC THipPro with MAGIC ACip3 or MAGIC AC1 Go
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AUDIO CODEC EXTENSION
With the IP Audio Codec MAGIC ACip3 or MAGIC AC1 Go 
and the MAGIC THipPro Telephone Hybrid AVT provides an 
integrated all-in-one solution: only one Management Soft-
ware is required to control both Telephone Hybrid and Audio 
Codec. The Audio Codec is displayed as an additional caller 
line in the MAGIC THipPro LAN or Screener Software. Incom-
ing calls to the Audio Codec can be accepted as well as 
outgoing 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.

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

If the Telephone Hybrid is used with the Admin upgrade 
for up to six studios the Audio Codec can be integrated 
in each of the confi gured studios - or also only in selected 
studios. The available Audio interfaces of the MAGIC ACip3 
or MAGIC AC1 Go can be assigned to the different studios 
or the Audio routing can be done very comfortably via DHD 
SetLogic commands if a DHD Audio router/matrix is used. In 
each studio maximum two systems can be integrated – if 
each MAGIC ACip3 has the 2-Codecs Upgrade, you can 
share maximum four Stereo Audio Codecs in each studio. The 
system can register at 5 different SIP servers.

In the user interface of the studios the Audio Codec line is dis-
played as an additional caller line. When a studio is using a 
shared Audio Codec, this Audio Codec cannot be controlled 
from the other studios. As soon as the operation is stopped, it 
is again available for the other studios.
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MAGIC TH6 MAGIC ACip3MAGIC TH1Go

MAGIC AC1 GoMAGIC THipPro (Lite)MAGIC TH2plus

SOFTWARE OPTIONS
System Manager Upgrade

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 central management 
software allows a clear presentation of all 
MAGIC TH1Go, MAGIC TH2plus, MAGIC TH6 
and MAGIC THipPro/Lite Telephone Hybrids 
as well as MAGIC AC1 Go and MAGIC ACip3 
Audio Codecs. Even if the systems use differ-
ent software versions, all devices are sup-
ported.

For each device, possible alarms and the 
operating status (in use or in confi guration) 
are displayed. The query is made cycli-
cally via SNMP. System Monitor, Registration 
Dialog, System Panel and Firmware Down-
load can be accessed. 

All systems can also be confi gured remotely
from an administrative location. A complete 
remote confi guration 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 fi rmware update can be initiated on 
selected systems from a central location. 
Confi gurations 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.
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MAGIC ACip3

MAGIC 
THipPro LAN

LAWO Core

DHD Core

DHD Views App

LAWO VisTool

DHD Touch Mixer LAWO Mixer

1 ... 16

MAGIC ACip3 Audio Codec

MAGIC THipPro Telefone Hybrid

SOFTWARE OPTIONS

Control via Ember+ capable Systems

Ember+ Control Protocol

Using the EMBER+ Consumer/Provider control 
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 to 96 
programmable GPIOs, 8 EMBER+ providers 
and 16 EMBER+ consumers as well as 
some predefined workflows are available, 
enabling excellent integration 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+ confi gurations, the 
Ember+ Consumer Extension Upgrade (DHD)
and Ember+ Dial Pad Extension Upgrade 
(Lawo) offer simplifi ed programming.
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DSP VoIP VLAN HD Ember+ DHD GPIO 230V SQL Dante Ravenna

ANSWERING MACHINE
MAGIC THipPro VMS

• Answering machine for 8 or 16 VoIP lines

• Individual announcement texts can be 
played

• 2 x analogue and 4 x digital Audio inputs/
outputs

• Up to 32 callers can be recorded at the 
same time

• Up to 5 workplaces can be confi gured

• Optional redundant power supply

MAGIC THipPro Voice Mail System
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ANSWERING MACHINE
The MAGIC THipPro Voicemail System for connection to 
VoIP-capable PBXs or VoIP main lines is used for automated 
recording of up to - in the maximum confi guration level - 32 
simultaneous calls, which are stored as WAV fi les on a fi le 
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.

Confi guration and control is done via the included MAGIC 
THipPro VMS Client. Up to fi ve 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 total 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 fi le. For 
performance reasons, the recordings should also be saved 
on this PC. With the File Server Redundancy Upgrade, a sec-
ond master PC can automatically take over the function if 
this PC fails.

MAGIC THipPro VMS with optional redundant power supply
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Example Application

MAGIC THipPro VMS PC Software

ANSWERING MACHINE



•	 Announcement

Each caller line - alternatively also a line 
group - can be assigned an individual 
announcement 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 Tel-
ephone Hybrid system, automatically existing 
information of the caller from the SQL data-
base of the system is used to generate 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 identical rejection can be 
configured if the maximum recording time is 
reached.

•	 Monitoring

Thanks to the integrated Pretalk Streaming 
function, a call can be listened to live via a 
button, communication with the caller is not 
possible.

Functions

ANSWERING MACHINE
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DSP POTSVoIP VLAN QoS HD

NMOSEmber+ DHD GPIO 230V

ACCESS SQL AES67 Dante Ravenna

INTERCOM GATEWAY
MAGIC THipPro VoIP Intercom

• Intercom Gateway for 8 or 16 VoIP lines

• 2 x analogue and 4 x digital Audio inputs/
outputs

• Optional 8 x AES67 or 32 x Dante/Ravenna 
Interfaces

• Up to 20 workplaces

• Up to 10 systems in one GUI

• Optional Pretalk Streaming

• Optional Dual LAN module

• Optional redundant power supply

MAGIC THipPro VoIP Intercom
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INTERCOM GATEWAY
The Intercom System is a DSP-based gateway, available in 
two versions: MAGIC THipPro 8 VoIP Intercom with 8 lines and 
MAGIC THipPro 16 VoIP 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 AES67 licence, eight additional audio channels can 
be used through a software upgrade. 
Alternatively, a native Dante or Ravenna Module with 32 
audio 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 VoIP 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 fi xed to a PC 
workplace.

One license for one workplace is already included in the 
delivery, 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 communica-
tion problems, a variable level booster can be used in the 
transmitting direction. Calls can be forwarded and a Hold
function is also available. Lines can be preassigned for simpli-
fi ed operation, and lines can also be predefi ned with a VIP 
function, so VIPs can call this line exclusively. A common 
SQL database is available for all systems. A WAV fi le can be 
played as line identifi cation when a call is received, another 
audio fi le can also be played for alerting if a connection has 
unintentionally been terminated on the network side. The 
application can control a maximum of ten devices. 
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ACCESSORIES
Accessories

Headset Monaural 
with RJ or USB cable

• no control of the system

• USB requires optional Pretalk Streaming

Handset with USB cable 

• no control of the system

• USB requires optional Pretalk Streaming

Headset Binaural 
with RJ or USB cable

• no control of the system

• USB requires optional Pretalk Streaming

Handset with RJ cable 

• no control of the system
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ACCESSORIES
Analog telephone with display

• For MAGIC TH1Go 

• Control of the caller lines of TH1Go

• For MAGIC TH2plus (only in POTS Mode)

GSM adapter

• Quad Band (850/900/1800/1900 MHz)

• GSM Adapters for POTS

• GSM/LTE Gateways for VoIP

DUAL Mounting Kit

• Common front panel

• To mount two 1/2 x 19” units side by side 
in a 19” rack

POTS-VoIP-Gateway

• Integration of a VoIP system in POTS environ-
ments

• For conversion of VoIP signals for existing 
POTS infrastructure
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