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Legend
1) Status LEDs
2) LC-Display
3) Operating Buttons

4) Power Switch & Mains Connector (IEC)
5) Grounding Terminal
6) LAN 1/2 (RJ45, 8P8C)

7) Clock 1/2 (BNC)
8) TTL/Relay (D-Sub25)
9) Module Slots 1/2

CONNECT VoIP IPx16

Front View

Rear View987654

321

Connect VoIP IPx16 allows independent VoIP audio codecs (G.711, G.722, OPUS) in 1RU device. 
Operated in standalone mode it enables you to dial, make and receive calls to and from any VoIP or mobile phone on the device itself. 
Seamlessly integrated in your Artist ecosystem, these functionalities are also available via any connected SmartPanel. The device is designed 
to transport quality audio with low to high bandwidth over digital IP-based networks.
Like all Riedel Voice-over-IP solutions, CONNECT VoIP IPx16 establishes the connections via the standard SIP protocol as well as the SIP 
Direct mode if no SIP server is available.

Key Features
● 16-channel VoIP audio codec 
● Supported coding algorithms (can be used in parallel. 

The number of channels is reduced when Opus is used.)
○ OPUS (16 kHz) / max. 8 channels 
○ G.722 (7 kHz) / 16 channels 
○ G.711 (3.1 kHz) / 16 channels 

● Automatic Gain Control (AGC) and Expander 
● Auto format detection for incoming calls 
● Auto answer & auto disconnect 
● Intuitive user control interface 
● Full integration with Artist-1024 intercom system 
● SIP and EBU TECH 3347 compliant 
● EBU TECH 3326 compatible (only G.711, G.722, OPUS)
● AES67 audio interface 
● Ember+ for virtual GPIOs 
● VLAN support 
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CONNECT VoIP IPx16
16-channel VoIP Interface
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CONNECT VoIP IPx16 – System Overview
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CONNECT VoIP IPx16

TrunklineARTIST-1024

SMPTE 2110 
NETWORK

ARTIST-32

3rd Party
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Specifications
General 16-channel digital telephone interface

16× integrated expanders and AGCs
Network interfaces 2× LAN / 16x VoIP

Coding algorithms

8× OPUS (16 kHz)
16× ITU G.722 (7 kHz HD Voice standard)
16× ITU G.711 (3.1 kHz Telephony standard)
The number of channels is reduced when Opus is used.

VoIP operating modes
3.1 kHz (ITU G.711) / 7 kHz (ITU G.722) / OPUS
• Standard SIP (dialing via telephone number)
• Direct SIP (dialing via IP address w/o SIP server)

Control/data interfaces
2× LAN
GPIOs (8× TTL in/out, 8× Relays)
EMBER+ (16× Provider, 96 virtual GPI / 96 virtual GPO)

Audio interfaces AES67 (1 stream RX/TX with 16× audio channels)
• Stream confi guration via Artist-1024

Frequency range
300 Hz … 3.4 kHz (G.711)
50 Hz … 7 kHz (G.722)
20 Hz ... 16 kHz (OPUS)

Others DTMF transmission for e.g. conference dial-in
Power 100 - 230 VAC / max. 30 W / no fans
Dimensions (w×h×d) 435 mm (19”) × 46 mm (1RU) × 220 mm
Mounting Each CONNECT VoIP IPx16 is delivered with a rackmount set for 19” racks as standard.
Weight 3.4 kg
Operating Temp. Range +5 …  +45°C
Storage Temp. Range +10 … +40°C
Humidity 30 … 85% rel. (non-condensing, Ta=40°C)
Approvals CE, UKCA, FCC, CB

25
.0

4.
20

24
 |

 0
4-

41
5D

B0
0E

G
-A

00
 |

 S
ub

je
ct

 to
 c

ha
ng

e 
w

ith
ou

t n
ot

ic
e.

 E
rr

or
s 

an
d 

om
is

si
on

s 
ex

ce
pt

ed
.

CONNECT VoIP IPx16
16-channel VoIP Interface


