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Overview:
AES67
SAP




AESG67 is an open standard for Audio over IP interoperability, developed by the Audio
Engineering Society (AES).

AES67 sets a minimum standard for audio streaming and synchronisation in Audio over IP
networks such as Dante, RAVENNA and Livewire+,

AESG67 is available as a software option for AVT MAGIC telephone hybrids, audio codecs
and DAB encoders and features:

One AES67 stream in send direction with up to 8 audio channels (depending on the device).

Two AES67 streams in receive direction with up to 8 audio channels each.

For the MAGIC THipPro, a Dante module is available, which also supports AES67 with up to
32 audio channels.

The Dante module cannot be combined with the AES67 software option.

Together with Audinate's Dante Domain Manager, redundant AES67 streams are also supported via SMPTE.
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SAP (Session Announcement Protocol) uses Multicast to distribute the description of each stream in the
network.

Each SAP message contains the stream description using the SDP (Session Description Protocol) format.

Each sender of AES67 streams transmits SAP messages periodically to the multicast IP address:
239.255.255.255.

AESG67 receivers collect the stream information coming via SAP and present it to the user to chose from.

In large networks it may be desirable to minimize periodic broadcast traffic. Therefore it is possible to
exchange stream information between devices via SDP files instead of SAP.

SDP files are text files which store the stream information in the SDP format.

On AVT MAGIC devices you can switch of SAP on the AES67 configuration page.
The TX stream information can be exported to an SDP file.

To subscribe to a stream, SDP files can be imported.
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Audio

AES67 Software Option:
General Configuration
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The AES67 functionality is
activated on the corresponding
configuration page.

LAN

INTERFACE: The network

interface of the device for AES67.

PTP

DOMAIN: The network for

clock synchronization.

QUALITY OF SERVICE (DSCP):
Classification of data to prioritize
network traffic.

AVT

PTP: DSCP classification of the
clock synchronization protocol.

RTP: DSCP classification of
audio streams.

SET DEFAULT QOS VALUES:
Default values for PTP and RTP.
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Canfiguration

Local

MAGIC THipPra

- Operation Settings

- Clients f Security

- Studio Definition

- Datahase

- Mode & Audio Line

Internal HOLD Signals
Studio Audio Assignment

- Clients &udio Assignment:
- Clients Restrictions
-~ Signal Pracessing

AES6T

Activate AESET streaming

LAN Interface:

PTP Domair:
Quality of Service [DSCP)
PP

RTP:
Transmission

LAN 2: 1921689628  ~

C—

BE(CS 7] ~

0.127%

[0.63]

DiffSery.

Z24dec

4 [EF) ~ | [0.63] DiffSery. 184dec

Set Default Dof values

.Line Labels Charnels: 8 ~ Export SDF File
~Studio Settings $4P StieamName: | AVT THipFro
Auto Answer
Intra ¢ Data Privacy Query RTPLDP Part 5300
- Apswering Machine Audio Mode: L24 -
- Might Service
. DTHF Sampling Fiate: 48 kHz v
- Ations Address Mode: Buto ~ IP Address: 239 EISB 28
-~ Telephone Client pplication
GPIO Reception: Update Fix Stieams
-Ernber+ Consurner Extension
- System Settings Stream 1 ‘Mlxer Studio &; 8 channels v | Impart SDF File
-~ General Stream 2 ‘Mlxer Studia B; 8 channels v | Impart SOP File
- Line Interface
- Caller Line Grouping
WalP (LAN/SIF
Audio Interface
- PRETALK Streaming
B AESET
- LAN Interface
- WLAN
- DHD Audio Matrix
Ember+
Rernote Light Protocal ¥
Client ID: 5 Studio: 1 Abbrechen
____ —~ ~ = - /
// —~ — X o — —_— 5~ ~ - T \
—
& .. A A B AR A A 2B A 1A 4B \7_ /
y r




TRANSMISSION: Definition of the
AES67 audio stream in send
direction. The stream can contain
up to 8 channels and is made
accessible in the network by SAP
(Session Announcement
Protocol).

AVT

CHANNELS: 1-8 mono audio
channels.

SAP STREAM NAME: |dentifier
of the AES67 stream in the
network.

RTP UDP PORT: Port of the
audio stream.

AUDIO MODE: Algorithm for
audio coding:

+  L16: Linear PCM 16 bit

+  L24: Linear PCM 24 bit

SAMPLING RATE: Sampling
rate of the audio signal:

- 32kHz
- 48 kHz
N = O ‘
& o s
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Canfiguration

Local

MAGIC THipPra

AES6T

- Operation Settings

- Clients f Security

- Studio Definition

- Datahase

- Mode & Audio Line

Internal HOLD Signals
Studio Audio Assignment

- Clients &udio Assignment:
- Clients Restrictions
-~ Signal Pracessing

Activate AESET streaming

LAN Interface:

PTP Domair:

Quality of Service [DSCP)

FTP

RTP:
Transmission

LAN 2: 1921689628  ~

C—

BE(CS 7] ~

0.127%

[0.63]

DiffSery: 224dec

4 [EF) ~ | [0.63] DiffSery. 184dec

Set Default Dof values

.Line Labels Charnels: 8 ~ Export SDF File
~Studio Settings $4P StieamName: | AVT THipFro
Auto Answer
Intra ¢ Data Privacy Query RTPLDP Part 5300
- Apswering Machine Audio Mode: L24 -
- Might Service
. DTHF Sampling Fiate: 48 kHz v
- fctions Address Mode: Buto ~ IP Address: 239 EISB 28
-~ Telephone Client pplication
GPIO Reception: Update Fix Stieams
-Ernber+ Consurner Extension
- System Settings Stream 1 ‘Mlxer Studio &; 8 channels v | Impart SDF File
-~ General Stream 2 ‘Mlxer Studia B; 8 channels v | Impart SOP File
- Line Interface
- Caller Line Grouping
WalP (LAN/SIF
Audio Interface
- PRETALK Streaming
B AESET
- LAN Interface
- WLAN
- DHD Audio Matrix
Ember+
Rernote Light Protocal ¥
Client ID: 5 Studior 1 Abbrechen Apply Now
____ —~ —g— - —
// ~ ~\5 - —~ b b = ~ -
— A
& .. A A B AR A A 2B A 1A 4B == /
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TRANSMISSION: ....

ADDRESS MODE:

+ MANUAL: Free entry of the
multicast address of the
audio stream.

- AUTO: The multicast
address is derived from the
IP address of the device.
Only a multicast subnet can
be entered.

IP ADDRESS: Multicast IP
address of the audio stream.

EXPORT SDP FILE: Not all
manufacturers support SAP
to automatically discover
AESG67 streams in the
network. In this case, the
definition can be exported to
a file in SDP format.
Recipients must be able to
import this file.

A p— — f*
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AVT

Canfiguration

Local

MAGIC THipPra

- Operation Settings
- Clients f Security

AES6T

Activate AESET streaming

- Studio Definition LAN Interface: LAN 2: 1921689628  ~
- Datahase
- Mode & Audio Line PTP Domair: El .1z
Internal HOLD Signals Quality of Service (DSCP)
Studio Audio Assignment PTF: BE(CS 7] ~ | [0.B3]  DiffServ. 224dec
- Clients Audio Assignment SEEDERME [ veltzs
. o RTP: 46 [EF) ~| I0.63] DiffServ. 184dec
- Clients Restrictions .
X Transmission
-~ Signal Pracessing
- Line Lakels Ehannels: 8 bl Evpart SDF File
~Studio Settings $4P StieamName: | AVT THipFro
Auto Answer
Intra ¢ Data Privacy Query RTPLDP Part 5300
- Apswering Machine Audio Mode: L24 -
- Might Service
.DTME Sampling Rate: 48 kHz ~
- Ations Address Mode: Buto ~ IP Address: 239 EISB 28
-~ Telephone Client pplication
GPIO Reception: Update Fix Stieams
-Ernber+ Consurner Extension
- System Settings Stream 1 ‘Mlxer Studio &; 8 channels v | Impart SDF File
-~ General Stream 2 ‘Mlxer Studia B; 8 channels v | Impart SOP File
- Line Interface
- Caller Line Grouping
WalP (LAN/SIF
Audio Interface
- PRETALK Streaming
B AESET
- LAN Interface
- WLAN
- DHD Audio Matrix
Ember+
Rernote Light Protocal ¥
Client ID: 5 Studior 1 Abbrechen Apply Now
— —~ P et =
/ ~ -5~ — —_— 5~ ~ -~ -
/ — - |
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AVT

RECEPTION: If AES67 is
activated, the device
searches the network for
AESG67 streams. It may take
up to 5 minutes for all
available streams to be
listed. AVT devices can
subscribe to one or two
AES67 streams.

UPDATE RX STREAMS:
Restarts the search for
AESG67 streams.

STREAM 1/ 2: All AES67
streams published in the
network via SAP are offered
for selection.

If the definition of an AES67
stream is available as a file in
SDP format, it can be
subscribed to using IMPORT
SDP FILE.
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Local

AES6T

MAGIC THipPra

= Operation Settings

- Clients f Security

- Studio Definition

- Datahase

- Mode & Audio Line
Internal HOLD Signals
Studio Audio Assignment PTF:
- Clients &udio Assignment:
- Clients Restrictions

Activate AESET streaming
LN Interface:

PTP Domair:
Quality of Service [DSCP)

RTP:
Transmission

-~ Signal Pracessing
- Line Labels

- Studio Settings
Auto Answer

Charnels:

SAP Stream Mame:

LAN 2: 1921689628  ~

0.127%

|

BE(CS 7]
4B [EF]

II

8 ~

AYT THipPro

@
o
=
=}

[0.63]  DiffSery. 224dec

[0.63]  DiffSery. 18ddec

Set Default Dof values

Export SDF File

Intro / Data Privacy Query RTPLDP Part
- &nsweting Machine Audio Made: L24 -
- Might Service
.DTME Sampling Fiate: 48 kHz ~
- Bactions Address Mode: Auto " 1P &ddress: 239 EIBB 28
-~ Telephone Client pplication
- GRIO Reception: Update Fix Stieams
. Ember+ Consumer Extension

- System Settings Stream 1 ‘Mlxer Studio A; 8 channels ~ | Import SDP File

- General Stream 2 ‘Mlxer Studio B; B charnels v | Impart SOP File
- Line Interface
- Caller Line Grouping

WalP (LAN/SIF

Audio Interface
- PRETALK Streaming

67

= Interface
- WLAN
- DHD Audio Matrix

Ember+

Rernote Light Protocal ¥

Client ID: & Studio: 1 Abbrechen Apply Now
- ~ ~ - - —_— = ~ ~ -~ /A \
4 ~
& . A 4 A A B A A A B A 1A 4B . g
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Audio o

AES67 Software Option:

AES67 Audio Channel Assignment for
TH24s | THG

THipPro

ACip3
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On the MODE &
AUDIO LINE page, an

AES67 channel can
be assigned to any
audio line.

AUDIO INTERFACE:

All other audio
interfaces of the

Select an AES67

channel.

AES67 RX: Select a
subscribed AES67

channel.

MAGIC THZ2ks | THE

remain available.

ll\
e

AVT

/
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= Operation Settings Mode & Audio Line
- Line Interface Mode
- WolP (LAN/SIFY Operation Made : Two Faders ~
» dio Line
.. HOLD Signal PRE TALK Conference [ Use anly 1 4alP Line [J&nonymous Caling [ Yoice Disguise
Signal Processing
-~ Maonitoring Source
. Line Labels Audio Ling Assignment
Database Name Audio Line Audio Interface AESET Az OM AR Access Custom Label Chat Name
. gﬁ\;‘: Service PRE1  PRE TALK Keypsd 1 1ot ussd v
L GRIO FRE 2 PRE TALK Keypad 2 nat uzed |7
= Systern Settings FRE 3 PRE TALK Keypad THZ2plus not uzed |7
General FRE 4 PRE TALK PLC1 Handset 1 [w
- Audio Interface FRE & PRE TALK PC 2 IP fudio Stream 1 [v
- AESET PREG  PRETALKPC3 AESE7 Charnel 1 [+ Charnel1 [+ v
\LFTANB‘]”M“E AR1 OMAIRT AESET Channel 2 ¥ | Channelz |+
DHD Audia Matrix &R 2 OMAIR 2 AESET Channel 3 Channel3 |+
. Ember+ HLD HOLD /M anitoring Audio 1/8E5 Left
- Remate Light Protocol
SHMP
- Quick Dials
- Date and Time
-~ Login
Caution: Invalid settings are red! Settings for this client have dark gray background colour. Default Settings
[1 Default éudio Line on Drop for Keppad TH2plus
HOLD
Abbrechen Apply Mow
- —_ — — _— —
a 'y A — — - ~ —~ - N - . / |
\ P U . jpa— & ] A 1 »
- B & & A B A B R A 1 BB & & ey g 8 &S




On the MODE & AUDIO
LINE page, an audio line
(function) is assigned to
each of the AES67 channels.

Local MAGIC THipPra

- Operation Settings

- Clients f Security
- Studio Definition

Mode & Audio Line

Audio Interfaces  Audio Streams  AESEY

TX CHANNEL EaCh ||ne .0 T Channel Function Fix Assignment Label
- o Line 1 Pretalk 1 Console A; Ch 1 -
represents one channel of the Internal HOLD Signals 2 Esternal HOLD 1 Console & Ch. 2 -
. Studio Audio Assignment .
outgoing AES67 stream. Clents el Assgment 3 Onsie Gk |-
. -~ Clients Restrictions 4 On i 2 Consale &; Ch. 4 -
FUNCTION: Select an audio SaralProcessing 5 Frotak 2 ConscleB:Ch. .
Ilne -~ Studio Settings 3 Extemal HOLD 2 CongoleB; Ch. 2 -
. _ ﬁ‘:::’f[”);‘t":;rivacy Qury 7 On i3 ConsoleB: Ch. 3 -
RX ASSIGNMENT: ASSlgn . Answering Machine ] On it 4 Console B: Ch. 4 o
channels of the subscribed o Sendce
AESG67 streams to the audio - Action:
. -~ Telephone Client pplication
lines. GPIO
-Ernber+ Consurner Extension
= Systern Settings
. . - General
All other audio interfaces of L nerace
- - Caller Line Groupin
the MAGIC THipPro, except VP AR
Audio Interface
for the Dante mOdUIe, :FE{;—?LK Strearning Cautior: Inwalid settings are red) Default Setlings
remain active. LN e
- WLAN
- DHD Audio Matrix
Ember+
Rernote Light Protocal ¥
Client ID: 5 Studior 1 Abbrechen Apply Now
— Gy e == - - A = »
AES67 Audio Assianment 2 Pre
MAMESV /7 AUUIO ASSIQIITITIESIITL oy &Y
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First, on the AES67 page of the

MAGIC ACip3, logical audio
interfaces must be defined. These
consist of AES67 channels of the
transmit and receive audio

streams.

Configuration

- Operation Settings
- Clients f Secutity
Line Interface

AES67

Activate AESET streaming

- BalP (LAN/SIPY LEM Iterface: LAN 11722040120 ~
- Audio Assighment .
- Audio Distribution PTF’IDnmam. . _ D o1z
AUDIO INTERFACE: EaCh - Backup Quality of Service [DSCP .
logical audio interface consists of - Auto Anawer e skl ¥] 0.5 - Ditsen: 22édee St Difault 005 values
- Alaren Signalling RTP: 46 [EF) | 063 DiffSers 194dec
two mono AES67 channels. TIL / Relay Transmission
i Transrmission Modes . - "
OUTPUT CHANNELS: The ) System Settings el g Export SDP Fic
AES67 channels in the send e Sl - E—
- Audio Interface RTP UDP Part:
direction are automatically
. ] .. Data Interface Audio Mode: L24 e
assigned continuously. The LN Interface sampingFte:  [TBE —
!’]Umber Of.log.lc.al aUdIO :;?;.N Address Mode: Auto ~ IP Address: 239 Dm 120 UrieES
interfaces is limited by the SNME Resepiion pdate Fix Stieams
number of Channe|s defined - ACconnect Stream 1: |M\xer Studia &: 8 channels v| Irnport SOF File
under TRANSMISSION > i Stean 2 Mo Stuio, 8 chornl T weensorrie
C HAN N E LS o - Lagin Audio Interface: Output Channels Input Channels
AESET 1 1.2 Mizer Studio &; Ch. 1 w Mizer Studio &; Ch. 2 w
INPUT CHANNELS The AESE? 2 3.4 Mixer StudioB; Ch. 1 w Mixer StudioB; Ch. 2 ~
Channels Of the SUbSC”bed i MESET 3 5.6 Mixer Studio A; Ch. 3 ~ Mixer StudioB; Ch. 3 ~
AES67 streams in RX direction
can be freely assigned to the
logical audio interfaces.
Abbrechen Apply Maw
— — — = a1 ) = /
A ‘ —~ 3 : A a a ' \:“ . '@ 8 e W “1ahm 7 ( s B ¢ / lc’ \
22 Enn e v & B B & ahwhy's W B _‘_ A A1 RA N &2 5% 1) 4 4 ‘\_ —_/
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On

the AUDIO

ASSIGMENT page, one
of the logical AES67
interfaces can be
assigned to each
channel.

- Burta Answer ac 2 AESR7 2 ~
. i:’TRiilgga"i”Q [ Loopback audic input to oulput
AC1: Codec 1 - Transemission Modss
=] Systern Settings AL AESEY 3 - left = LT/ right = ALX2
AC2: Codec 2 i e
AUX: Mono command iiii?;:\i:;ﬁfiiifi
channels 1 and 2. The v
first channel of the e
logical AES67 interface “oro
is assigned to AUX1. - Login
All other audio interfaces
of the MAGIC ACip3
remain available.
Abbrechen | Apply Mow
T -y L . : - - - &
AES67 Audio Assignment ACip3 (2)

AVT
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Configuration

- Operation Settings

- Clients f Secutity
Line Interface

(LAN/SIFY

o Assignrnent

o Distribution
- Backup

Audio Assignment

ACT:

AESET 1 ~
[ Loopback audio input ta output




Audio

MAGIC Dante module
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100 - 250V AC
max. 30W

MODULE SLOT 1
® .

s IO,

LAN 1 LAN2 CLOCK1 CLOCK2

MODULE SLOT 2

DIGITALAES 1-2

s

Optional Dante module
Available for MAGIC THipPro VolP

Two Ethernet interfaces

Option to select between redundancy and switch.

Audio
Video
Technologies

32 audio inputs

32 audio outputs



The Configuration page
OPERATION SETTINGS
- MODE & AUDIO LINES
shows the tab Dante
CHANNELS if a Dante-
module is equipped and
AESG67 is deactivated
under SYSTEM
SETTINGS — AES67.

Audio lines can be
assigned to 32 Dante-
channels.

Standard audio interfaces
remain operational without
limitations.

Audio
Video
Technologies

Configuration
Local MAGIC THipPro Mode & Audio Line
=1 Operation Settings
Clients / Security [ Audio Interfaces | Audio She
Studio Definition
Audio Intedace Funetion No Input Alam inging Tone Label
On A1
Studic Audio Assignment 2 On e
Clients Audio Assignment 3 On Arr 3
Remote Light Audio Assignn 4 OnArd =
Clients Restrictions N
Signal Processing 5 On Ar 5
Line Labels [ On A6
Studio Settings s Etemal HOLD 1
Auto Answer
Answering Machine 2
Night Service 5
DTMF
Actions 10 On 10
Telephone Client Applicatior " On Ar 11
TTL 12 Edemal HOLD 2
Relay
DHD Set Logic 13 Fretak 10 |—
+- Ember+ Pretak 11 [~
System Settings 5
General
LineInterface Bl ==
Caller Line Grouping
Vel (LAN/SIF) Caution: nvald setings are red| Difau Settings
Audic Interface L
PRETALK Streaming
LAN Interface
VLAN
Studio: 1 oK Abbrechen | [ Apply Now |
mditam MALTLH LA e D s
— _/ - P / /
. A 1 A" 4 B — g S e )y 4 ‘lu




Audio

Configuration Dante Module
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Start the Dante Controller
software and select DEVICE >

DEVICE VIEW from the menu bar.

Select the desired Dante device
and open the tab NETWORK
CONFIG.

Set the IP-address as desired.

Set the latency on the tab
DEVICE CONFIG to the same
value on all Dante devices in the
network.

Click REBOOT to apply the
changes.

Also switch the MAGIC THipPro
off and on again if the front display
signals an alarm.

~~
~ - - —
—_— e D e S

Audio
Video
Technologies

AVT

& Dante Controller - Device View (THipPro-Messe)
File Device View Help
al oG |1 a [THipPro-Mes

Receive Transmit Status Latency Device Config Metwork Config  AES67 Config

rDante Redundancy & Dante Controller - Device View (THipPro-Messe)
Current: Redundant .
File Device View Help
New;: |Redundant - =
Mall < 4 @ [THipPro-Messe
“Add Receive Transmit Status Latency Device Config Metwork Config AES&7 Config
Primary rRename Devic
(O Obtain an IP Address Automatically (default) | (@ Obtain an IP
THipPro-Messe
(® Manually configure an IP Address (©) Manually con
IP Address: | 172|. | 16|. | 75 .| 100 1P Address:
rSample Rat:
Metmask: 255|. | 255/. 0. 0| | Metmask:
Sample Rate: Pull-up/down:
DNS Server: | 172|. | 16|.| 75|. 1| | DNS Server: This device does not support This device does not support
Sample Rate configuration. Pull-up/down configuration.
Gateway: 172 . 16 . 75| . 1 Gateway:
rEncoding Clocking
Preferred Encoding: |PCM 24 v Unicast Delay Requests: | Disabled
rReset Devic
rDevice Latency
Reboot Clear Config
Current latency: 2 msec
Latency Maximum Network Size
() 250usec Gigabit network with three switches
() 500 usec Gigabit network with five switches
O 1msec Gigabit network with ten switches or gigabit network with 100Mbps leaf nodes
@ 2Zmsec Gigabit network with 100Mbps leaf nodes
() Smsec Safe value
rReset Devic
Reboot Clear Config
. o N
— ~ - — - ~ -~ ~ ~ — ~ 1 \
B 1 A ____ - T W A B A A A 8 A —




. Select the tab AES67 CONFIG and
enable AES67 Mode (©) .

«  Setthe MULTICAST ADDRESS
PREFIX to the exact same value for
all units in the audio network. (Note:
Avoid using "0“ since it is not
supported by every device). (@) .

. Press button © to create a
MULTICAST FLOW.

. Activate the check box AES67 FLOW
(9).

«  Select up to 8 channels in the column
ADD TO NEW FLOW and press the
button CREATE (0©).

«  Create another flow if you need more
than 8 channels.

. Channels added to the flow are
displayed on tab TRANSMIT (®).

Audio
Video
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@ Dante Controller - Device View (THipPre-Messe) - o X
File Device Vi b

1 E8<)2 & [[Hippro ticsse
s HEl<E & o
Receive Transmit Status Latency Device Config NetwerkCDnﬁg

& Create Multicast Flow

THipPro-Messe supports up
to 8 channels per flow.

Select one or more transmit channels to be placed in multicast flows.

AES67 Flow 9

FAESET Mod

Channel

Name
Current: _Enabled

STUDIO 1 AIR1LAWO
New:| [Enabled w
= 0 STUDIO 1 AIRZLAWO

STUDIO 2 AIR3 LAWO
STUDIO 2 AIR4LAWO
FTx Multicast Address Pr STUDIO 3 AIRSLAWO
STUDIO 3 AIRG LAWO
EXTHOLD1LAWO

Set TX_CH3

TX_CH3

‘ TX_CH10

Reboot Clear Config TX_CH11
TX_CH12
TX_CH13
TX_CH14
File Device View Help TX_CH15
TX_CH1s
TX_CH17

"Reset Device

& Dante Controller - Device View (THipPro-Messe)

OooooooodOoE REE

<08 <1 .‘; pPro-Messe |19

Receive | Transmit) Status Latency Device Config Network Config  AES&7 Config

9[ Create ] Cancel

m Transmit Channels Transmit Flows

Channel Signal Channel Label Unicast: 1
Multicast: 1
TX_CH1 STUDIO 1AIRILAWO | A ||romh  20f32

TX_CH2 STUDIO 1 AIRZ LAWO Multicast Flow 32: STUDIO 1 AIR1LAWO,STUDIO 1 AIR2 LAWO,STUDIO 2 AIR3 LAWO,STUDIO 2 AIR4 LAWO |
T¥_CH3 STUDIO 2 AIR3 LAWO
TX_CH4 STUDIO 2 AIR4 LAWO
T¥_CHS STUDIO 3 AIRS LAWO
T¥_CH& STUDIO 3 AIRG LAWO
T¥_CH? EXT HOLD1LAWO
T¥_CH3
TX_CHS
TX_CH10
T¥_CH11
T¥_CH12
4 » / — \
o 1 B al a — labd o = aalaYa - ? 4
" A 1A 4 B A “ A B A LT 2AA A A JAT ‘\___/



Audio

Dante Audio Routing
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Start the Dante Controller
software and select the tab
ROUTING to see all
devices in the network
supporting the Dante-
protocol.

The Dante, AES67 und
RAVENNA TX STREAMS
show up under DANTE
TRANSMITTERS (©).

A click with the left mouse
button sets cross points in
the matrix connecting the
streams to DANTE
RECEIVERS (like the
THipPro Dante module).

Audio
Video
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& Dante Controller - Network View (4.0.03 Beta.. — [m] x

File Device View Help

1| 42| G| d| sl &= (£l @)| Master dock: prosze g

evice Info  Clock Status Network Status  Events

@Dante’

Filter Transmitters

|

239.1.75.57 @ LAWO THip!

se-DT5 -+
DHD52TX -+
o1
0:

AVTMes:
THinP:

Filter Receivers

=+ [TIDante Transmitters

+ —| Dante Receivers

+| DHD52TX 9 HERE =
~I THipPro-Messe # [ =
RX_CH1

RY_CH2
RX_CH3
RX_CH4
RX_CHS
RX_CHS
07

RX_CHB

RX_CH32

v
< >

P: [ Multicast Bandwidth: SVbps Eventlog: [l Clock Status Monitor: []




Audio

Dante Domain Manager
SMPTE / Redundant AES67
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Dante Domain Manager brings user authentication, role-based access and network
management to Dante Audio-over-IP networks.

Dante Domain Manager also enables the SMPTE mode in Dante networks.
Redundant AES67 audio streams are only available in SMPTE mode.

The AVT MAGIC Dante module supports SMPTE from software version 1.0.4.
Any Dante Domain Manager Edition (Silver, Gold, Platinum) supports SMPTE.

Dante Domain Manager contains its own OS and comes as an ISO image which must be
installed on bare metal hardware or a hypervisor (VMware, VirtualBox, ...).

Instructions for installing and starting up the Dante Domain Manager can be found on the
Audinate support website (registration required).
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Log in to the Dante
Domain Manager via a
web browser.

Click ADD DOMAIN (1)
on the DOMAINS page
and enter a name for the
new domain.

Select the new domain
(2) and click ENROLL
DEVICES (3) to add the
MAGIC Dante modules
to the domain.

Click ADVANCED
SETTINGS () to
configure the domain.

Audio
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Dante Domain Manager

Dashboard

Domains 9 StudioComplex-A
Devices
Users
Roles

settings

Audit Log

ADD DOMAIN

DELETE DOMAIN

Domain Details

@) StudioComplex-A

Settings ADVANCED SETTINGS

CLOCKING TYPE

GRAND MASTER

Shared Audio

Devices in this domain can be configured to share audio with devices in other domains in the same group

GROUP MEMBERSHIP

Devices ENROLL DEVICES

Enroll By IP Address Status




Enter ADVANCED
SETTINGS and set the
MODE to SMPTE (1).

Set the RTP PREFIX V4
(2) to the multicast address
prefix used throughout the
rest of the AES67 network.
Otherwise audio will not
come through. (e.qg. if set
to 69 the RTP streams will
use multicast addresses in
the 239.69.xxxX.Xxxx range).

- . - ~
— —
-8 A B B B
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Dante Domain Manager
|I| Dashboard az

Domains

Devices

settings

Audit Log

search

@) studicComplex-A

ADD DOMAIN

DELETE DOMAIN

Audio/Clocking Parameters

MODE

PTP V1 MULTICAST

PTP V2 DOMAIN NUMBER

PTP V2 PRIORITY 1

PTP V2 PRIORITY 2

PTP V2 SYNC INTERVAL

PTP V2 ANNOUNCE

INTERVAL

PTP V2 MULTICAST TTL

PTP SLAVE ONLY

RTP TRANSMIT PORT

SYSTEM PACKET TIME ms

RX LATENCY 2ms

RTP PREFIX V4 @ [ 69




Open Dante Controller and

. . & Dante Controller - Metwork View O X
Login (1) to the Domain N ) @
ile Device View Help
Configuratlon IJ_i 47 [ W o == |1 @ Grand Master Clock: THipPro-4 Domain: | StudioComplex-a « l admin(SiteAdm\nistrator)l 0
Routing Clock Status  Metwork Status  Events
N N Device Model Product Dante Device Primary Primary Secondary Secondary
Domaln and Iogged |n user Name Name Yersion Yersion Lock Address Link Speed Address Link Speed
172.20.0.0/255.255.0.0 L
1 THipPro-a4 MAGIC Dante Module 1.0.4 +.2.0.28 Mjd 172.20,100,39 1Gbps 192,168.178,22 1Gbps
are dISplayed On the menu THipPro-B MAGIC Dante Module 1.0.4 4.2.0.28 M 172.20,100.41 1abps 192.168.178.23 1abps
bar (2).
Select the DEVICE INFO
tab (3).
Double click on a Device
to open the Device View.
W
P[] | d Multicast Bandwidth: 0bps Eventlog: [l Clock Status Monitoe: [
- 4 ~ - - - - — o
~h A - " o dal- alsa = = f;n-—ﬁ_ alalddda :"\_‘.—
ey i @ @ B —_ 1 A ATEN A JAMRL“RRER AN M CEIIGS Y GE ISR
—
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AVT

Select the TRANSMIT
tab (1) in the Device
View.

Click ADD FLOW (2) to
open the CREATE
MULTICAST FLOW
window.

Select SMPTE A (3) as
stream type.

Select the channels (3)
to be included in the
new audio stream.

Audio
Video
Technologies

& Dante Controller - Device View (THipPro-A)

File Device View Hel

. i )
Receive Status  Latency Device Config  Metwork Conl
Transmit Channels

Channel Signal Channel Label

v

& Create Multicast Flaw

THipPro-A supports up
to 64 channels per flow,

Select one or more transmit channels to be placed in mulkicast Flows,

Flow Config {Optional) m

(O Dante  |@SMPTEA| (O SMPTEE () SMPTE C

Packet time: 1 misec

Destination Address: [OF:] () Manual

Add to

Channel
O New Flow

Name
T%_CHL
Ta_CHz
TH_CH3
T_CH4
T%_CHS
T%_CHE
TH_CH?
T%_CHE
T%_CHY
T_CHIO
T¥_CHI1
T%_CH1Z
T¥_CHI3
T%_CH14
Ta_CHIS
T%_CHI6
T%_CHI7

®

[DDDDDDDDDDDDDIIHI

Create Cancel

Ll




Active audio streams
are displayed on the
TRANSMIT tab (1) in
the Device View:

Name of the audio
stream.

Channels contained
in the audio stream.

Multicast addresses
of the audio streams
in the primary and
the secondary
network.

Audio
Video
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& Dante Controller - Device View (THipPro-A)

File Device View Help

3 o<| [4]

[THipPro... [V

Receive Transmit  Stakus Latency Device Config  Metwork Config  Interop Stakus

Transmit Channels

Channel Signal Channel Label
T%_CHL
TH_CHz
TH_CH3
TH_CH4
T%_CHS
TH_CHE
TH_CH7
TH_CHS
TH_CHY
T%_CHIO
TH_CHIL
TH_CHIZ
TH_CHI3
TH_CH14
T%_CHIS
TH_CHIG
TH_CHIT
T%_CHIS
TH_CH19
T%_CHz0
TH_CHz1
TH_CHzz
TH_CHz3
TH_CHz4
T%_CHzS
TH_CHz6
TH_CHz7
T%_CHzg

Unicast: 0O
Multicast: 1
Tokal: 1of 32

Transmit Flows

®

RTP Multicast Flow 32: T¥_CH1,T¥_CH2, T%_CH3,T¥_CH4 |
Primary: 239.69,108,150:5004
Secondary: 239.69,223,70:5004




The ROUTING tab @ Darte Contoter etk View

File Device View Help

Of the Dante IJ_, 7 | W szal wa)| |t @ < Grand Master Clock: THipPro-A Domain: | StudioComplex-& < l admin {Site Admin:
Routing  Device Info  Clock Status  Metwork Status  Events

Controller shows

@Dante
SM PTE flOWS Filker Transmitters
avallable In the Filter Receivers
network in blue.

+

THipPro-A +
THipPro-B
Studio A
T%_CH1
TH_CH3
Te CH4

+! [1|Dante Transmitters

Set a cross point (1) il

to subscribe to a

channel of the e

Ri_CHY
Ri_CH1D

SMPTE flow, i
. Ri_CHLZ
RX_CHL3
RX_CH14 & &
2] e

R¥_CHIG

F¥_CHL7

RX_CHIS

R_CH19

oY% PN

<
P '_‘ u d Multicast Bandwidth: 0 bps Event Log: '_' Cloc|

—_ — . R s —
\, — —_ — — —_ ~ — ~ Y ~ —_—
“— ~— — ~— — — P .
_— e S Y NS O S — = = —_— = = - - = .- o O
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Audio

Configuration RAVENNA




Open the RAVENNA- o

48 AVTLawo bare 946/41-6° X

module configuration in a ¢ 3 glo e oe
web browser and enable A8 ravennalo ]

T i

EX P E RT S ETTI N GS (0) . AVTLawo bare 946/41-60 (on comimx-bare- Rx Stream Properties

00-0b-72-05-94-2¢) »
! ' i M bare 46741 Stream Source
Use the bUtton CO N N ECT v :DO;OI::A;I;&MZBM B 5ap:172.16.75.100#358236 THipPro-Messe - 32 -
(9) u n d er RX STR EAM S Name THipPro-Messe : 32 Codec [24 Sample rate 48000Hz Show raw SDP

to subscribe to a AES67 ﬁ XD CXD £ED XD ED XD
Stream . = Network @ Sync «Media

ra0 Address 172.16.75.57 PTP Master RAVENNA Audio-ra0 Receiver Settings
ral Address 192168 101.252 RAVENNA Audio-ra1

Other network settings Configure routing matrix

Enter a meaningful LABEL S ——— .
(©®) and press APPLY. —

I+ Tx Streams t« Rx Streams

Create 9 [Connect~] Request unicast
Using a custom URL Channel count 7

The SUbSCI’IbEd Chan nelS $ap:172.16.75.100#38236 THipPro-Messe - 32

ShOW up under RX —_— o Se::jiim RAVENNA Audio-ra0
STREAMS. They turn Consecutive tracks @

green (e) If the RAVENNA Play tracks 1L, 1R 2L, 2R, 3L, 3R, 4L

; = Rx Streams
module receives the p—

THipPro LAWO

0 Connect~  [EerRl[IE
AESG67 streams from the
network. THipPro LAWO

e ~ - T al e~ o0 -~ - —\, : B : N \ A :-— L 4~ = 17 L~ —’/‘\ /
~ \ —
\_/\_/ -8 A BN A _— = - s ‘\._/ - = _—\__'_‘_ | _— = \_ _ \‘~_ ¥ - _ = \_‘\::. - ‘- — :/ -\__/\_
—
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Press the button CREATE
(@) under TX STREAMS
to stream audio to the
network.

Enter a meaningful NAME.

Set PAYLOAD to AES67
STANDARD STEREO

2 AVTLawo bare 946/41-6 X
C  © 17216755

%g RAVENNA Esertsatings = About

AVTLawo bare 946/41-60 (on comimx-bare-
00-0b-72-05-94-2¢) +
!v Comi.MX bare 946/41-60

#00:0b:72:05:94:2

Tx Stream Properties

@ Other RAVENNA Devices v

LAWO THipPro

| Advertise this session as
DNS-SD/RAVENNA || DNS-SD/SIPURI| [EG)

I auto

Currently allocated address: 239.1.75 57

RAVENNA Audio-ra0

r

I‘\L'\R

sp://172.16.75.57

-id/15874928097930248195

m Cancel

8081/by

= Network o Sync « Media
STREAM (®). Steam Setings
Press the arrow button (©)
1+ TX Streams = Rx Streams Address
and enable SAP. (1) 5) (oomses
THiePro LAYG Media Settings
Apart from that keep the
default settings as shown. o
Press APPLY. I+ TX Streams
. O |Create | [esROinis Link
The new audio streams o (I
show up under TX LAWO THipPro o
STREAMS (0©).
‘ f\ ~ e & :._ — i = O = = - —\/ «“ : \ N A o
\_.4 L " A R A B A | e \:— L 1 A A B _—\__—\‘_ - - - \\_ - \\_ — — : — -
-
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If SAP (Session Announcement Protocol) should not be used, Ravenna can exchange the stream
information as text in SDP format.

Open the RAVENNA-module configuration in a web browser and enable EXPERT SETTINGS.

Subscribe to an existing AES67 stream:
Press CONNECT under RX STREAMS and choose CUSTOM URL.
Enable SHOW RAW SDP.

Paste the content of an SDP file.

Create a TX an SDP file for a TX stream:
Click on an AES67 stream under TX STREAMS.
Click on SDP.

Copy the content and paste it to a text file with *.sdp extension.
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Audio

Configuration Livewire+
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«  Open the Axia xNode
configuration page in the web
browser.

« Under SOURCES, audio streams
in send direction are assigned to
the audio inputs.

+  Two modes are available for
AESG7:

= Stereo 1ms (AES67) generates
an AES67 stream with 2
channels.

= 8ch 1ms (AES67) generates an
AES67 stream with eight
channels.

+ Viathe link DOWNLOAD
STREAM DESCRIPTION (SDP)
the definition of the AES67 stream
can be downloaded to your PC as
a file in SDP format.

Axia xNode
AES/EBU 4x4 I/0

System options

HEITS Sources
Simple Setup

Unicast Link

s # Source Name: Channel/address: Stream Mode: Input Gain [dB]:
Advanced options
1 aia01_8ch | [239.0.100.14 | [8ch tms (pESE7Y  ~] 00
Destinations AESE7: Dowrload stream description (SDPY, RTSP: rtsp://172.20, 100, 14/by-id/1
Mixer
AES 11 :
Meters Surround: Center, LFE 0.0
Synchronization and QoS AES 1L Surround: Back L, R 0.0
Sisten AES 1 Stereo L, B 0.0
5 [smes oS | Disabled ~l oo
5 [swRee §i3 | Disabied ~ oo
7 lerey 107 | Disabied ~ oo
8 [sRcs 108 | | Disabled ~ o

Show source allocation status

Apply

Channel/Address empty Access using AESEZ/SIP or RTSP, IP unicast wil be used as a transport.
Channel Murmber Unique channel number of Livewire multicast stream (any number from 1 to 32767)

IP Address Destination multicast address of the stream if other range than Livewire is required

4-2019 Axia Audio.

Axia xNode Configuration (1)
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Under DESTINATIONS,
audio streams are assigned
to the audio outputs in the
receiving direction.

Two types are available:

» FROM SOURCE to receive a
2-channel AES67 stream.

= SURROUND to receive an 8-
channel AES67 stream.

The multicast address of the
AESG67 stream is entered
under
CHANNEL/ADDRESS. If the
port differs from the Axia
standard port 5004, it can be
appended with ":".

Axia xNode
AES/EBU 4x4 I/0

System options

DO Destinations
Simple Setup
Unicast Link
Advanced options # MName: Channel/Address: Type: Gain [dB]:

Sources 1T | [239.0.30.15:5300 || [suronnd: Fore LB +] 00

2 .
Mixer Surround: Center, LFE 0.0
Meters 3 Surround: Back L, R 0.0

:;:::::nization and QoS 4 Stereo L, R IE
5 DsTs I \ [From source <] oo

6 DsTe ' | [Fromsouce  ~| (00

7 bsT7 7 | [Fromsource v 00

% bsTs e | [Fromsource  ~|  [0.0

Apphy

Channel Type: From/To/Surround Livewire channel nurmber or stream address (stereo or 8-channel)
Address Type: From/Surround AESE7 SIP LRI
Type: Ravenna Ravenna session name

) 2004-2019 Axia Audio.

Axia xNode Configuration (2)
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Audio

Interworking AES67 — Dante




Audio stream AES67 - Dante:

Create an AES67 TX audio stream using the AVT MAGIC PC software.
Select the second byte of the multicast address matching the AES67 MULTICAST ADDRESS PREFIX of the Dante network.

Connect these streams to the Dante receivers via the Dante Controller software.

Audio stream Dante - AES67:

Create AES67 TX audio streams using the Dante Controller software.

Subscribe to these audio streams using the AVT MAGIC PC software.
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Audio

Interworking AES67 — RAVENNA




Audio stream AES67 > RAVENNA:

Create AES67 TX audio streams using the AVT MAGIC PC software.

Subscribe to these audio streams via the RAVENNA web interface.

Audio Stream RAVENNA - AESG7 :

Create AES67 SAP audio streams using the RAVENNA web interface.

Subscribe to these audio streams using the AVT MAGIC PC software.
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Audio

Interworking AES67 — Livewire+
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Audio stream AES67 - Livewire+:
Create AES67 TX audio streams using the AVT MAGIC PC software.

An Axia xXNode only accepts AES67 streams with 2 or 8 channels and 48 kHz sampling rate.
Either L16 or L24 can be selected as bitrate. This is automatically detected by the Axia xNode.

Enter the streams information into the Axia xNode web interface.

If no audio signal is output although all parameters have been entered correctly, restarting the Axia xNode may help.

Audio Stream Livewire+ - AES67 :

Create AES67 audio streams using the Axia xXNode web interface.

Download the stream description as an SDP file from the Axia xNode web interface.
Change the file extension of the SDP file to ".sdp".

Import this SDP file using the AVT MAGIC PC software.

Tested with Axia xNode firmware version 2.2.2.
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Audio

Interworking Dante — RAVENNA




Audio stream Dante > RAVENNA:

Set the AES67 MULTICAST ADDRESS PREFIX in the Dante module via the Dante Controller software. Ravenna
streams and AES67 streams must use the same multicast address prefix otherwise audio will not come through. The
multicast address prefix must not be 0.

Create AES67 TX audio streams via Dante Controller software.

Subscribe to these audio streams via RAVENNA web interface.

Audio stream RAVENNA - Dante:

Create AES67 SAP audio streams via RAVENNA web interface.

Connect these streams to Dante receivers via Dante Controller software.
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Audio

Interworking Dante — Livewire+
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Audio stream Dante = Livewire+:

Create AES67 TX audio streams using the Dante Controller software.

Enter the streams details into the Axia xNode web interface.

Audio stream Livewire+ - Dante:

Create AES67 audio streams with 2 channels (stereo 1ms (AES67)) via the Axia xXNode web interface.

Switch the ENABLE SAP ANNOUNCEMENTS setting to YES in the web interface of the Axia xXNode under
SNYCHRONIZATION AND QOS.

Connect these streams to the Dante receivers using the Dante Controller software.

Tested with Axia xNode firmware version 2.2.2.

AVT
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Web:
Email:
Helpdesk:

Phone:

www.avt-nbg.de

support@avt-nbg.de

avt-nbg.zammad.com
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+49 911 52/1-110
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