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DANTE AoIP for SAS IP Engines Explained 

 
SAS utilizes the Dante Brooklyn Module which is a System On Module (SOM) by Audinate, an important 
and strategic technology partner of SAS.  The following block diagram shows a simplified overview of how 
SAS utilizes the SOM in SAS IP DSP Engines.  The Audio DSP Core itself consists of an FPGA (field 
programmable gate array) and DSP processors which creates a state machine running as an independent 
system within the SAS Audio Engine.  A host processor simply writes data to command registers and DSP 
coefficients to the DSP core to perform mapping of sources to destinations based on fader positions, 
EQ/Dynamics parameters, (set by DSP coefficient registers) and other functions for ”Audio Console” 
operation.  

 
Audio from analog option modules In and Out are A/D and D/A converted, and audio from Digital option 
modules In and Out are sent to AES/EBU receivers and transmitters that interface to the DSP Audio core 
using a mechanism called SPI, a silicon chip to chip communication topology.  The Dante SOM provides 
its block of 64 Audio Inputs and Outputs using I2S (I squared S) and is grouped into the pool of audio 
sources and destinations along with all of the option modules analog and digital I/O.  Control of the SOM 
such as Dante AoIP routing is accomplished from the Host Processor using SPI.  This is important to note 
because SAS uses this mechanism to set the mapping tables in the listeners SOM to route shared 
sources from any DSP engine on the network without the need of Dante Controller; more on this later.  
Simple IP messaging from a console control surface or SAS console software application is sent to the 
DSP Audio Engine Host processor for Console On Air and Production applications.  All SAS DSP IP 
Engines provide built in EQ and Dynamics, DC I/O and with the optional Audio Input/Output modules 
(including Mic Level Analog Inputs) is a complete “Studio in a Box” solution” for Radio Control Room 
Operations. Simple user IP messaging and SNMP can be programmed in automation systems or other 
controllers such as Stream Deck to control all features and functions of the SAS DSP Engine.   The Dante 
AoIP Networking mechanism allows all DSP IP Engines to be networked and share resources from all 
Control Room Consoles and all SAS IP Devices as well as products from major manufacturers such as 
Sony, Panasonic, JVC, Evertz, Focusrite, RTS, Ross, Yamaha and many more. 
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The following is a block diagram of the DSP Core used in the SAS DSP Engines.  It is comprised on an 
FPGA and Quad DSP Chipset and is arranged as follows.  The FPGA is programmed as a state machine 
that allows any of the inputs to be mapped to any of the outputs as shown.  By default the DSP provides 2 
DSP processes, a) Mic Dynamics processing and EQ with AGC, and 96 128 input channel mixers (or 
fader input channels).  The mixers are internal or virtual and can be selected to any output, FX DSP or 
even other mixers.   The Mono Dynamics processors allow a 3 stage process chain suitable for Mic 
dynamics processing.  The mono chain is an expander/compressor  with high pass filter that feeds a High 
and Low shelving EQ with 2 parametric mid bands, and then feeds an Automated Gain Control (AGC) 
stage.  Any of the processes within the chain can be inserted or disabled.  See an example of the control 
panel via the Engines webgui.  Similarly the Stereo EQ and processing allows a 2 state process chain 
suitable for Stereo Output processing of program busses and typically used for processed pre-delay.  The 
Stereo chain consists of High and Low shelving EQ 2ith 2 parametric mid bands which feeds a low 
complexity automatic Gain Control (AGC) and each stage can selectively be inserted or disabled via the 
DSP Engines webgui.   
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Clock Sync Messages Explained 
 
All digital systems need to be synchronized to a master clock.  Dante uses a clocking mechanism that is a 
standard called IEEE 1588 PTP, (precision time protocol).  Simple clock sync messages are sent from the 
master that will fine tune the reference clock frequency of all Dante Devices on the network.  Any Dante 
device that has a SOM installed is capable of being a clock master and a master is automatically elected.  
If a device that has been elected as a clock master is removed from the network, a quick election process 
selects a new master seamlessly.  There are no pops, glitches or artifacts to the audio when a new master 
is elected.  The following diagrams give a basic overview of the clock sync messaging.  These small 
messages which take up negligible bandwidth are multicast, and every device on the network gets the 
messages simultaneously.  In Fig.2 the RIOB-232fa0-181 is the elected master clock.  A sync message 
sent at time 25364 (Epoch time reference) is broadcast to all devices that start an internal timer. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
A follow up message is then sent and all devices will compare the times as shown in Fig.2a. Each device 
will check how their individual clock compares and will speed up or slow down its reference clock 
accordingly to achieve a tight synchronization very quickly.  If the designated master device is removed 
from the network a new clock master is elected quickly and seamlessly.  It is recommended that IGMP 
snooping be turned off for the clocking mechanism to reliably broadcast to every device on the network 
simultaneously. 
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Unicast, Multicast, Declaration and Registration Explained 

 
The Dante AoIP transport is an RTP/UDP Unicast flow by default and can easily setup Multicast flows if 
desired.  The Unicast flow is created by the listening device that opens a flow from the talking (source) 
device and is mapped using a single step click of a mouse on a grid map (a crosspoint map).  When a 
Dante Device is connected to a network it will send a simple declaration message periodically (multicast to 
everyone, often referred to as Discovery) and Dante Controller, a free application that runs on PC or Mac, 
will populate a “device list” with the information it’s given from all the devices declaration messages.  
These messages contain IP address, name and number of channels In and Out that the device supports.  
Fig.3 illustrates an example of 2 devices connected on a network. Anthonymini is a PC running the Dante 
Virtual Sound application (a $49.00 application) that runs on PC or Mac and it sends a declaration 
message periodically.  RIOB-232fa0-181 is an SAS RIO Bravo IP DSP Engine and it sends a declaration 
message periodically. Dante Controller populates a device list for both devices in a process called 
registration.  At this point, only declaration and registration and Clock Sync messages are on the network.  
These are simple multicast messages that take up negligible bandwidth.  Only devices with SOM 
hardware in them can be a clock master and in the following example the RIOB-232fa0-181 gets elected 
as clock master. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The Dante Controller will present the devices and their input and output channels available in a grid 
presentation to allow a single point and click operation to create a mapping (called a subscription) from a 
talker (Source) to the listener (Destination).  Dante Controller sends a 
“mapping message” to the listener device.  The mapping message contains 
the talker device name, IP address and channel number request and are 
stored in a mapping table in the NV flash memory of the listeners SOM 
Device.  This mapping will remain without any further need for Dante 
Controller.  See page 4 for subscription detail.  In Fig.1a SAS engines Host 
Processor can also create mapping tables using the SPI just as the Dante 
Controller.  The same information is stored to the mapping table of the NV 
flash memory of the listeners SOM Device and is used for automatic and dynamic source sharing of audio 
from all other SAS Engines on the network system (Dynamic Tie Lines). 

 
Multicast flows can be advantageous when you know you will have a source that is mapped to many 
places and would typically be set as a static mapping where the one source “always” goes to the many 
destinations.  Multicast flow is made available and the listener (or destination) will require a second step to 
select the Multicast flow to its devices outputs. 

Fig. 3 

Fig.1a  (cut away from Fig.1) 

Elected Master Clock 
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Making a Subscription Explained 

 
An audio flow is created by using the Dante Controller application.  A grid representation presents a 
familiar display in the form of a “crosspoint map”.  A simple point and click action is all that is needed to 
create a flow from a talker to the listener.  Referring to Fig. 4 the Dante controller will present a device list 
according to the declaration and registration process.  By clicking on the grid to select a source to a 
destination, Dante Controller sets a mapping table in the listener that is used to request an IP flow from 
the talker.  In the following example we will map Anthonymini Channel 1 (talker) to RIOB-232fa0-181 
channel 9 (listener). 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
When the IP socket is opened a flow is created with up to 4 channels of audio, streaming RTP/UDP to the 
listener in a Unicast flow.  Once a flow is created it takes up 6Mb of the 1Gb switch and still easily passes 
clock sync and discovery multicast messages with plenty of bandwidth to spare. (6 gets you 4). 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

Fig. 4 Dante Controller Crosspoint Grid 

Fig. 5 The Ack message confirms a 

successfully subscription and turns the 

hour glass icon to a green check mark 
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SAS/Dante Exclusive Synchronous Secondary Network Explained 
 

Dante AoIP mechanism is the only system in the world that provides a redundant backup network port.  
We call this “Dante Spoken here, Twice”.  With Unicast by default coupled with the Secondary backup 
network, the SAS Audio and Console IP Network provides an unsurpassed level of redundancy and 
reliability. 
 
In Fig. 6, an audio source is feeding into an SAS DSP engine.  A speaker that is being 
fed from a second SAS DSP engine is listening to the audio across the AoIP network.  
Failing the primary switch will have no affect on the audio because the Synchronous 
Secondary network will seamlessly fill in the audio data without pops, glitches or any 
other artifact to the playback audio.  Scan the QR code for a demonstration on the 
primary and secondary network seamless fail over. 

 
 
1. Setup the primary network first. 
2. Use a separate set of cables and IP 
    switches connected to all Secondary Ports. 
3. No other Interaction, Setup or Configuration 
    is required. 
4. Some devices such as Dante Virtual Sound 
    application running on Mac and PC may not 
    support Secondary port, and that’s ok. 
 
 
 
 
 
 

 
Fig.6a represents a typical multi 
studio layout utilizing the primary and 
secondary network implementation.  
The Network Topologies do not need 
to be identical. In this example edge 
switches are used in each control 
room to connect DAWs and other 
AoIP devices in the room on the 
Primary Network, then home run to a 
core switch in TOC. This is typical to 
reduce the number of home run 
cabling to a core switch.  All the 
Secondary ports can simply connect 
to a central core switch with its own 
home run cabling.  No other 
programming or setup is required. 
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Dante Long Distance Explained 

 
SAS and Dante provided a solution for a remote studio located in Santa Fe NM for Elvis Duran, an iHeart 
NYC syndicated program.  The Studio was to be connected to the SAS system in New York City and the 
goal was to use the studio in NM just as if it were a studio down the hall in New York City; using linear 
Audio for monitoring, contributing content and Talk Back and Intercom. 
 
With the SAS Dante mechanism being inherently a Uni Cast flow of 4 channels, which requires 6M of 
bandwidth, this task was a relatively simple undertaking using an MPLS service from Verizon. 
 
The 2 parameters that are of importance here are transit time and bandwidth which are 2 very different 
and unique factors.  Dante Domain Manager, an ad-on to the Dante Controller application, is a manager 
for multiple domains and allows the buffering (latency) to be extended to 40ms, (of transit time).  In this 
application the transit time (latency) from NY to Santa Fe NM was about 21mS and the bandwidth was 
limited to 10Mbs by the last couple miles in Santa Fe to Mr. Duran’s studio. 
 
The Multi Cast Time Sync Messages are not conducive to a transparent delivery thru the ISP’s service 
and an IEEE1588 PTP generator that locks to GPS Epoch time was installed at each location; each 
selected to be the Master Clock.  Fig.7 shows the diagram of this system.  Up to 4 channels of audio (a 4 
channel flow) to and from the New Mexico Studio was mapped using the DDM and Dante Controller.  
Packet loss will result if a 5th source was selected in either direction which sets up a second flow requiring 
an additional 6M for a total of 12M that exceeds the 10M bandwidth.  This of course was an expected 
result and therefore the system is limited to 4 channels (or 2 stereo channels) of bi directional linear audio. 
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Dante Connect Explained 

 
Reducing the constraints of Distance and Time. 
 
As new standards, features and functions become available as developed by Audinate, SAS automatically 
gets those functions by use of the Brooklyn III SOM module.  Recently, AES67 and ST2110 have been 
mechanisms added to the Dante platform and now cloud based Dante Connect is the latest feature now 
available. 
 
Dante Connect is a long distance cloud based transport system that essentially is Dante Domain Manager 
in a Cloud Service from AWS or Google Cloud.  It eliminates the transit time restriction and the need for 
transparent clock message delivery.  Users can monitor and contribute using a web browser and 
applications such as mixing, talkback/intercom can be virtual functions in the cloud.  Figure 8 details the 
diagram of this mechanism using our example of a remote studio in Santa Fe NM to New York City with 
Dante Long Distance using GPS locked PTP, but in this application everything is handled in the cloud and 
we can add on a location such as London. 
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Application for Podcasting and Visual Radio 

 
More and more radio, broadcasters and podcasters are looking for a solution to engage and interact with 
listeners.  SAS has numerous solutions that are reliable and cost effective using a transparent and 
seamless integration with JVC Vmix.  This system application allows for single position production of video 
and audio to live broadcast, stream and record content.  The result is TV Broadcast professional 
productions from a single point of control.  Cuts to different cameras for can also be accomplished 
automatically using a silence detect event to cut to close ups of the person speaking on the mic.  More 
than 1 person speaking can be automatically cut to a wide shot. 
 
Fig. 9 shows an example of a multimedia studio based on the Dante AoIP platform.  The network can 
accommodate NDI cameras on the Dante network along with SAS DSP Engines and console.  SAS has a 
seamless integration with JVC Vmix and controllers such as StreamDeck for simple single position 
productions.  The installation is simple, reliable and cost effective. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
  

Fig.9 
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Summary 

 
Dante by default is an RTP//UDP unicast flow, where 6Mb of bandwidth gets you 4 linear audio channels, 
full 32bit at 48K system rate.  With the synchronous secondary backup network feature, separate cabling 
and switches (these can be simple unmanaged switches) makes it very reliable with redundancy built in.  
With the unique mechanism of Declaration and Registration, and using IEEE1588 PTP, these multi cast 
messages take up very little bandwidth and are reliably delivered to all devices even with audio flows with 
bandwidth to spare.  Each SAS DSP engine deploys Dante AoIP using the Brooklyn III SOM, (System On 
Module) that are all capable of being master clock by an election process.  All audio mapping 
(subscriptions) are stored in the SOM NV Flash Memory ( or Non Volatile Ram) of each Listening Device 
and automatically establishes the Subscriptions to the Talking Device on power up without the need of any 
controlling software.  SAS controls the audio mapping of the SOM Directly with the Host processer of the 
DSP Engine for audio resource sharing of all SAS engines and other Dante able equipment. Using the 
Dante Controller, multicast streams can be created for devices that support AES-67 and are all controlled 
in a single environment.  Dante network topology is simple and reliable with no dependence on the IGMP 
snooping mechanism of expensive managed switches. 
 
Exclusively from SAS using the Dante Connect Cloud based platform, solutions for Cloud based Radio 
Syndication, Automation and Mixing are an integral part of the Solutions offered by SAS being the only 
real choice for Radio and Broadcast Systems. 
 
 
 
 
 
  




