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Abstract  
This study investigates Audio over IP. A stress test was used to see what impact asymmetric latency 

had on the audio signal in a closed network. The study was constructed into two parts. The first part is 

the stress test where two AoIP solutions were tested. The two solutions where exposed in two forms 

of asymmetric latency. First a fixed value was used, next, a custom script was used to simulate 

changing values of asymmetric latency. The second part of this study involved interviews that where 

conducted with representatives from the audio industry that are working with audio over IP on a day-

to-day usage. The goal for these interviews was to figure out what knowledge the audio industry had 

about asymmetric latency, if the industry had experienced problems related to latency and what 

general knowledge the industry has about networks. It was found in the interviews that the limitation 

in AoIP isn’t the technology in itself but rather missing knowledge with the people that are using the 

systems. 
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1 Introduction  
A network can transmit many different types of information. This information can take the shape of 

many types of digital signals. One shape the information can take is in form of digital audio data. In 

other words, is it possible to transmit audio data through a network. Transmitting audio data over a 

network has many advantages, since a network can move a lot of data at the same time. This makes it 

possible to have a huge number of channels. One of the biggest benefits with transmitting audio data 

over a network, compare to traditional digital audio protocol is the maintenance aspect. It is both 

cheaper and easier to maintain and expand an audio network. 

An audio network is a solution for moving digital audio over a local network. It works as an extension 

for different types of digital audio protocols and is a solution for combining different digital protocols 

together. There are many benefits with an audio network. Cost is one aspect since it’s now possible to 

have multiple different digital protocols running across a facility without having to expand every 

signal one of them. This makes it possible to extend the audio infrastructure without having to 

restructure the whole facility. Audio over a network or Audio over the Internet protocol (AoIP) has 

another benefit compared to many different digital audio protocols. The ability to coexist in already 

existing network structures. However, there is no perfect network solution, and there are some 

problems when it comes to moving audio data over a local network. The biggest problem in an audio 

network is in fact network latency. There is always latency in a network. In order to get a better 

understanding of where its comes from and why there is latency, we need to understand and consider 

the basic structure of a network.   
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2 Network  
A local area network or LAN is a closed network that is only connected to two or more devises. In 

order for these devices to communicate, they are connected with a physical cable known as a category 

5 cable(cat5.) This cable can either be connected directly between two devices, or if more than two 

devises are used, the cat5 is connected to a switch or a bridge. A switch is a device that’s designed to 

allow network devices to communicate and exchange information between each other. This is done by 

forwarding data package between the different devices that’s connected to the switch. There are two 

different types of switches. One is an unmanaged switch which is a plug and play switch that doesn’t 

require any configuration. The other is a managed switch which is a switch that has configuration 

options. Both types of switches can be used in order to connect more the two devises together.  

The communication between devises is based on data package. In other words, not all information is 

send and received at the same time but rather in small packages with contain data. The 

communication can either be point-to-point, in IT terms called unicast which is a direct 

communication between one sender and one receiver. Or, it can be a point-to-multipoint which is 

called broadcasting. This communication technique allows multiple receivers to listen to one sender. 

There is a variation of point-to-multipoint called multicast. This variation is used in order to avoid 

sending unnecessary information to devices that doesn’t require the information. 

There is always latency in a network. One common source is network congestion. This is due to heavy 

load in the network. The side effect of increasing load on the network might create stocking of 

network packages in switches. That will lead to packages getting stuck or in worst cases contribute to 

a package lost. Some network applications do require the data to be assembled in a specified order. 

This order can be interrupt by latency. In worst cases can latency cause critical problems to the 

applications when particular packages get stuck.  

Network congestion can be resolved by using a protocol called Quality of Service (QoS). QoS ensures 

that a specific data package or packages are prioritized over the rest of the data traffic. This 

prioritization system isn’t important for normal day to day communication, for instant moving a file 

from one computer to another. But for some types of data communication, QoS is critical in order to 

minimize network latency. However, QoS does also create network latency since every switch need to 

process the traffic. This process takes a very small amount of time to complete, but if too many 

switches are used it will add up to a larger number. There are many IP protocol that are designed to 

help an AoIP solution, for example the Internet group management Protocol (IGMP). Something that 

must be considered is that almost every protocol is adding a significant amount of latency. The most 

common source of latency in any network is in fact network switches. (Bouillot, Cohen, Cooperstock, 

Floros, Fonseca, Foss, Goodman, & Zanghieri. 2009) 

The most common form of latency is asymmetric latency. This is due to the Ethernet protocol running 

asynchronously. A network has many different cable lengths, different load on each network node and 

different package size. All of these factors are adding a variable amount of latency time simply 

referred to asymmetric latency. These problems can be found in every network, but they don’t create 

an issue for all network applications. However, one application that is vulnerable to these issues is 

Audio over IP.
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2.1 Audio over IP 
Audio over IP or AoIP is a solution for transporting real time low latency, multiple audio channels 

across a Local Area Network. Audio over IP is designed to coexist with already existing IP structure. 

However normal network traffic will create latency and package related problems. Therefore, is QoS 

used, which will ensure that synchronization and audio data has a higher priority than the rest of the 

data traffic. QoS is just one of many different protocols that’s used in order to keep the performance 

of AoIP as good as possible.   

The Internet Group Management Protocol (IMGP) is just another example of a protocol that’s used in 

AoIP. The protocol allows devices to advertise themselves as receivers when multicast is being used. 

IMGP is used to prevent sending unnecessary information to devices that doesn’t require the audio 

information but still needs multicast. 

AoIP is using a IP protocol called User datagram protocol (UDP), It uses the idea of send and forget. 

In normal network traffic where one computer is sending a file to another computer, there are 

checksums present for each package. When the receiving computer has received the first package it 

will send a message telling the sending computer to continue sending the next package. However, this 

method is impossible in an AoIP solution because it would add too much audio latency. That is the 

reason why there is no checksum in AoIP. All data that haven’t reached its destination is forgotten. 

(Bouillot et al., 2009) 

In older digital protocols, synchronization varies between different devices and is handled by a time-

division multiplex signal called world clock. The purpose of this signal is to make sure that all devices 

that are connected to each other shares the same sample rate, and that every sample are aligned 

correctly. This is done with one master that is supplying a steady clock that every slave device is 

connected to.  

AoIP is using the IEEE 1588-2008 Precision Time protocol for synchronization(PTP). This is due to 

the complexity of word clock synchronization in a network. Since a network is running 

asynchronously due to latency, it is not possible to send a world clock signal like in older digital 

protocols. The world clock signal must be send as a stream of packages, in order to work on a 

network. This will result in unnecessary loss of bandwidth. This is why PTP was chosen as a 

synchronization protocol for AoIP.  

The synchronization method Precision Time Protocol is using is based on exchanging messages 

between master and slave in order to figure out the time offset, between two or more devices. PTP 

provides both time and frequency over a packet based network. The first task that’s done by the PTP 

is the master elation process or BMC (best master clock algorithm). This process elects the best 

master that’s available. However, every device that’s part of the PTP network is included in the 

election process. The chosen master isn’t always the same, if a new PTP device is connected to the 

network will the BMC process begin again and a new master can be chosen. In order for the PTP to 

communicate with all devices on the network, the protocol is using multicast. The protocol uses three 

types of multicast messages, which are announce message, sync massage and delay correction 

massage. (IEEE 1588, 2008)    

There are two procedures that’s done by PTP. The first procedure or task is synchronization which is 

done by sending a continuous flow of synchronization messages between master and slave. The 

second task is to determine the time offset between master and slave. These tasks are done parallel to 

each other. In order for the PTP to determine synchronization between master and slave, there are two 

parameters measured by the slave. The send time and the receive time. The slave’s clock is readjusted 

until it matches the master clock. This second task in determining is by measuring the delay between 

master and slave both ways, this is done by measuring four different parameters, T1 and T2 which are 

the “downstream” from the last sync and T3 and T4 which is the upstream. This is how the Precision 
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Time Protocol is coping with network latency. But there is no flawless solution due to packets delay 

and queuing in switches and routers is the synchronization path varies. This can be described as 

asymmetric latency. (Weibel & Heinzmann, 2011) 

The PTP clock can’t detect asymmetric latency. So, if too much asymmetric latency accumulates, the 

PTP synchronization clock cannot send out a delay correction message since there’s no possible way 

for the PTP clock to be aware of the latency. However, if a PTP-aware switch is used the problem 

with asymmetric latency in switches is minimized. This is because the PTP clock gets a second 

clocking point between master end slave. The clock in the switch gets synchronized to the master, the 

switch then becomes “master” for the slave.  This creates a “ghost master” that can forward the 

synchronization messages by adding a new time point. An example of how a ghost master setup looks 

like can be seen in figure 1.  The PTP-aware switch takes the masters time point and add a new time 

point to its slave ports of the switch. The slave port of the switch’ delay is corrected after the master 

and thus reducing the asymmetric latency effect on the PTP. (Zarick, Hagen, & Bartoš, 2010) 

 

 

 

 

 

 

 

Figure 1 
 

In this figure, an example of how a PTP- aware switch work is shown. The PTP master is connected 

to the slave port of the switch, and is only responsible for the latency between the switch and itself. 

The same principle applies between the master port of the switch and the slave device.   

 

In AoIP is every audio package stamped with time at the sending unit. That will tell the receiving unit 

if a package should be used or thrown away. This function is called timestamping and can either be 

software or hardware. This function is used to prevent random audio packages that has been lost or 

delayed from being played at the receiver. Due to that it will create artifact in the audio. The 

timestamping process is clocked by the PTP in order for the stamping process to use the correct 

timing. If problems occur with the PTP it will directly affect the timestamping process. 

 

In today’s AoIP, it is normal to use a consumer grade or a small business graded switch to connect 

different AoIP devices together. This creates a potential problem since there are no consumer graded 

and almost no small business graded switch that is supported for PTP-awareness. This means that 

there is no protection against huge volumes of asymmetric latency in most AoIP application.  

 
This leads to the question. How does asymmetric latency in a closed network affect audio signals 

and strategies for dealing with asymmetric latency? 
 

3 Aims and purpose  
It’s common knowledge that connections between different digital audio signals does require a 

synchronization source, between master and slave in order to align samples with the correct timing. 

The interesting part is what will happen with the audio signal if the Precision Time Protocol gets 

compromised due to asymmetric latency and where is the breaking point? When can’t the system 

handle any more asymmetric latency and what effect has asymmetric latency on the audio signal in 

AoIP? The study aims to understand how informed the audio industry is about the potential problems 

with asymmetric latency in AoIP, and find out suggestion of strategies for dealing with that kind of 

problem related to Latency. The study also aims to collect information that will help engineers to 

PTP-Master PTP-slave PTP- aware switch 

M M S S 



7 
 

identify problems that is directly related to latency and collect data of how the problems can be dealt 

with. Or in worst cases dealing with artifacts in the sound.

4 Method Stress-test. 

4.1 General intro to the method. 
The first part of this study was to figure out how much asymmetric latency two different Audio over 

IP solutions could handle and where the breaking point is. While identifying the breaking point, the 

experiment also reveals what if anything happens to the audio when the precision time protocol was 

compromised due to asymmetric latency. Lastly what happens to the synchronizations when huge 

volumes of asymmetric latency are present on a network? 

4.2 Stress test  
To understand what would happen to the audio signal and where the breaking point can be observed, 

stress test was constructed. For the test, a network was built with three devices on the network. Two 

of the devices were predetermined to be sender and receiver for the audio data, while the third would 

only act as a PTP master. To get a better understanding of how the experiments where conducted we 

do need to consider how the stress test was configured and executed. 

A computer equipped with two 1 Gb network cards was used in the experiment. This computer was 

configured to be a network bridge and to passthrough network packages. The computer used Linux 

Ubuntu as operating system and had special software, called (SimSat, 2007) installed on the system. 

SimSat is software for simulating network latency and creating different forms of network related 

problems like package lost. In the stress test the software was only used to simulate network latency. 

One key function of the software is that its capable of add different amounts of latency in both 

directions for the traffic that’s passing through the computer. With this set up, it was possible to 

expose the two-different audio over IP protocols to controllable amounts of asymmetric latency.  

To get as much data as possible, the two Audio over IP solutions were exposed to two variations of 

Stress test. The first test used only to predetermined fixed values of asymmetric latency that was set in 

the same direction as the audio network traffic. The latency was switched between either on or off. 

The second test used two customized bash scripts that reconfigured SimSat to change the latency to 

different asymmetric values. The first script was designed to use extreme values, that randomly 

changed between 1ms and 18 ms. The values are called extreme due to the high level of latency. In a 

normal local network, it is typical to experience latency value around 1 ms to 5 ms.  

The script produced latency in both directions on the network. This was to simulate how a normal 

network would behave with extreme latency. The values that was used to create the script came from 

an earlier study. (Zarick et al., 2010) Every value was set and hold for five second before the script 

change to the next value. The entire test took about 150 seconds to complete. The second script was 

designed to be less extreme than the first version. It was used for the same randomization process as 

the first script. The values were changed between 1ms and 10 ms and this also happen in both 

directions of the traffic. Every value was set and held for 5 seconds. It also had a 150 second runtime. 

Audio data was transmitted across the network through the entire stress test. 

4.3 Effects on signal 
To see what happens to the audio signal, the signal was recorded at the sender and the receiver end. 

This made it possible to compare the signal before and after it had passed through the network. There 

was an idea of using three different audio examples to see if they could bring out different results. 

These three examples were a tone signal at 1 kHz, a sweep signal and an audio track. Early 

experiments produced no detectable changes in the signal. So, the three examples were quickly 

reduced to one, a sweep signal.  
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The recordings were done by using Cockos digital audio workstation (Reaper, 2005). Every recording 

was unsung the sample rate 48 KHz and 24 bits. The comparison was done by moving the recorded 

audio data on both sides of the network to another computer for analysis. The files were examined 

using Reaper software. The data was placed on two separated tracks. Two methods where used to 

compare data. First the sine wave was compared to the original to see if any artifacts could be 

detected. Second, a free frequency analyzer plugin used called (Voxengo Span, 2007) was used to the 

analyses the frequency spectrum of the audio data and to see if any artifacts code be detected. To 

understand how stress test was done, the setup of the system needs to be considered.

4.4 Setup 
The experiment was done on four computers. Three of the computers were of the brand HP, and used 

an Intel core i7-3770 CPU and hade 8 GB of random access memory (RAM). Each system used a 250 

gigabyte (GB) hard drive and was equipped with a AMD Radeon HD7450 graphics card. Every 

System had a 1 gigabits(Gb) network card installed. The network card for all three systems was an 

Intel 82579LM Gigabit Network card. The computers were using the version (Windows Education 

version 1709) of Windows 10 and had all firewall settings in windows disable, to prevent unnecessary 

problems. Every computer had one screen of the brand Samsung and had one keyboard and mouse 

each. 

The bridge computer had a different configuration. It was of the brand Asus. The system used an i7-

4700 and hade 8 GB of RAM. The operating system was installed on a 250 GB Solid State Drive 

(SSD). The system had only one 1Gb/s network card installed by its default configuration. A second 

network card was installed to the system, this was a 1 Gb/s USB 3.0 external network card.   

The computers that were used in the experiment were connected to a Netgear ProSafe 8 1Gb switch 

with cat6 cables. This switch is a plug and play switch that has no configuration options. A plug and 

play switch was used because the size of the network didn’t need any QoS to work properly. The 

bridge computer was connected between the switch and the computer responsible for sending audio 

data. This configuration was used in order to be able to place latency between sender and receiver. An 

example of how the computer was connected in stress-test can be found in figure2. A demonstration 

of how the different signal passed true each device can be observed in figure 3.  
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Figure 2 
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           PTP sync massage  

          PTP delay correction messages  

          Audio data  

Figure 3 

There was an idea of using hardware implementations for both Audio over IP solutions. However, due 

to the complexity of getting hold of the necessary equipment to run both implementation for both 

solutions, the experiment was conducted on software implementations of the two protocols, Dante and 

Ravenna.  

4.5 Software 
Audinate has a software implementation of Dante called (Dante Via, 2016) and Lawo has a software 

implementation of Ravenna called (Relay VSC, 2016). Both implementation where installed on the 

three computers. However, to avoid problems caused by both protocols being installed on the systems 

at the same time, only one system was installed and tested at a time. Lawos implementation of 

Ravenna doesn’t have PTP master support, and can only be used as PTP slaves. To solve the problem 

was a PTP software called (Domain Time II PTPv2 server, 2015) installed on the computer that was 

responsible for to be PTP master.       

Dante and Ravenna were used because of two key reasons; the two different audio over IP protocols 

are using a different version of the precision time protocol. Dante is using the older legacy version of 

the protocol while Ravenna is using the modern version. Because of this difference, by testing both 

Dante and Ravenna, it is possible to see if there are any differences between the older and newer 

versions of the PTP protocol. Do they act differently when huge volumes of asymmetric latency are 

introduced? The second reason is that Ravenna opposite from Dante is based on multicast when 

transmitting and receiving audio data. While Dante is mainly using unicast for communication. This 

difference creates the possibility to see if asymmetric latency effects multicast differently than 

unicast. 
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5 Results stress test  
Two configurations of the network were tested. The configurations were identical in terms of devices 

and switches. The only difference was that one configuration used the Dante application and the other 

Ravenna. The first part of the experiment was a stress test. The tables below list latencies introduced 

into the system (in ms). Each entry pairs the latency in the audio direction with the latency in the 

opposite direction. Table 1 shows only latency values where problems were detected for the Dante 

application while information regarding the values for the Ravenna application is shown on page 10. 

Table 2 shows latency whiteout problems for Dante and 3 shows values for Ravenna where no 

problems were detected. 

5.1 Dante 
Table 1 

 

This table shows which latency values effected the Dante application. It took about one minute for the 

application to start experience problems. 

Table 2 

Latency values where no problem where detected 

Latency in audio direction in ms    Latency in opposite direction in ms    

10 6 

10 7 

10 8 

10 9 

10 10 

9 2 

9 3 

9 4 

9 5 

9 6 

9 7 

9 8 

9 9 

8 2 

8 3 

8 4 

8 5 

8 6 

8 7 

8 8 

 

Latency values where problems could be detected 

Latency in audio direction in ms    Latency in opposite direction in ms    

10 1 

10 2 

10 3 

10 4 

10 5 

9 1 

8 1 
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5.2 Ravenna  
Test 1: fixed value of asymmetric latency 

No problems could be detected when running the fixed value of asymmetric latency on the Ravenna 

application.  

 

Table 3 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Latency values where problems were not detected 

Latency in audio direction in ms    Latency in opposite direction in ms    

1 10 

2 10 

3 10 

4 10 

5 10 

6 10 

7 10 

8 10 

9 10 

10 10 

1 9 

2 9 

3 9 

4 9 

5 9 

6 9 

7 9 

8 9 

9 9 

1 8 

2 8 

3 8 

4 8 

5 8 

6 8 

7 8 

8 8 
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The audio signal, that was sent over the network was a sweep signal. During the stress test. the signal 

was recorded before and after it had been transmitted over the network. The first part of the stress test 

used fixed values of asymmetric latency. The images below show the original signal displayed as 

figure (4) An example of how the signal look when it experiences problems can be observed as (5) in 

this example were the latency ratio value 1ms:10ms. 

5.3 Dante  

 

Figure (4) original signal. (amplitude-time graph) 

 

 

Figure (5) (Latency ratio values were 1ms 10 ms.) (amplitude-time graph) 

This is one example of how the signal look when it experiences problems. In this picture can we see 

that signal is experiencing drop outs.    
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The stress test continued with a script based on extreme values that were changed randomly. The first 

figure displays the original signal as (6) the second figure displays how the signal looked 30 seconds 

in to the script runtime as (7) lastly can we observe how the signal looks after the scripts was 

completed as (8). 

 

Figure (6) original signal. (amplitude-time graph) 

 

 

Figure (7) 30 seconds in to the script (amplitude-time graph) 

The signal changes in many forms while the first script was running. After 30 seconds there were so 

much data package loss present in the network, which made it almost impossible to recreate the 

signal. with can be seen in figure (8).  
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Figure (8) signal after the scripts was completed (amplitude-time graph) 

This image describes how the signal looks after the script hade compleded its runtime. We can 

observe that the application still is experiencing data package loss. The script was rerun 50 times to 

verify that this phenomenon wasn’t created randomly. 40 out of 50 times did the system experience the 

same phenomenon. 

 

To see if the same phenonoma could occur with less extreme latency a new version of the script was 

used. The new version, with less extreme values, had the lowest value set at 1 ms and the hiqhest 

value at 10 ms. The first figure shows the original signal as (9). The secound figure shows how the 

signal looked when the Audio over IP application started to experiencing package loss. This happened 

after 30 secounds (10). We can observe how the signal looked when the script had completed its 

runtime as (11).  

 

Figure (9) original signal (amplitude-time graph) 
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Figure (10) look 30 secounds into the script runtime (amplitude-time graph) 

In this image is it possible to see that the signal still is experiencing package loss. However, in 

diffrence from the first verson of the script it is possible to recreate most of the signal.  

 

 

Figure (11) signal we the script had completed its runtim (amplitude-time graph) 

In this picture is it possible to see that the signal has returned to a normal stage and is not 

experiencing package loss.  
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5.4 Ravenna  
No distortion or dropouts could be found on the audio signal when the different stress test where 

conducted on Ravenna.
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6 Analyses stress test 

6.1 Dante stress test with fix latency. 
The first observation to make was the fact that the audio data wasn’t immediately disturbed by 

latency. It took about one minute for the applications to lose enough data to not be able to recreate the 

audio at the receiver. When problems had begun to emerge, a second observation made. The PTP 

recovered after about one minute after the system had crashed, even if the latency was still engaged. 

The PTP could not recover under extremely high latency, values of 18ms. Under these conditions, 

there was no one-minute delay. The PTP crashed immediately. 

This is most likely a result of the delay correction function of the PTP. This protocol can’t detect 

asymmetric values of latency; if the value is constantly changing. The asymmetric values that were 

applied in the first part of the stress test was constant, under these conditions can the PTP effectively 

determined the latency in the network. When the PTP has determine the latency, will adjustments be 

made to the time-stamping proses. The audio over IP solution in this case Dante, will recover and play 

audio without artifacts; however, the system will experience audio latency instead.  

All the latency values that interfered with the audio packet transmission involved high levels of 

latency in the audio direction and relatively low levels in the opposite direction. However, these 

high/low pairings did not always interfere with the package timing. It might be assumed that the 

latency values that are placed in the same direction as the audio data will create problems with 

packages time out. This is due to time stamping of an audio pages. If too much latency is introduced 

between a sender and a receiver will the timing on the audio pages expire. If the timing expires will 

the audio package simply be destroyed with we can observe in image (6).  However, the stress test 

showed that some amount of latency values that were placed in the opposite direction also had a big 

impact on the system’s ability to transmit audio. The PTP requires four points to determine the latency 

between a sender and a receiver. two of the measurement points is placed at the sender and the other 

two at the receiver. The protocol assumes that there is always the same amount of latency in both 

directions between the master and the slave, this is why we can expect problems when different 

amount of latency is introduced between the sending and receiving unit irrespective of the way. 

However, this can only occur if the values that are in the opposite direction from the audio data have a 

very high latency value. 

6.2 Dante stress test with extreme latency 
The idea of using the script was to see what would happen to PTP if a huge volume of asymmetric 

latency were introduced, that where constantly changing. We know that its took about 1 minute for 

the audio over IP solution to recover after it was exposed to a fixed value of asymmetric latency. 

However, latency is not a fix value rather a constantly changing value. The script would simulate how 

a normal network would behave, but with a huge volume of asymmetric latency.  

When the script was used could heavy data package loss be found, it can be observed in image (8). 

When the script had completed its runtime and the latency levels had returned to normal, something 

else could be observed. The audio over IP protocol did still experience synchronization problems and 

data packet loss. There were no warnings in Dantes monitoring software of a problem when the 

extreme script was running or after it was completed.  

The same effects that had been observed with the script based on extreme values was also present 

when the stress test was repeated with the new script, but only while the script was running. When the 

scripts runtime was complete, the signal returned to its original shape without latency. 
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6.3 Ravenna stress test  
The first thing that can be observed by quickly looking in to the results for the Ravenna application is 

that there were no problems present. The stress test began with fix asymmetric values. The same 

values that were a problem for the Dante application were used. However, no distortion or dropouts 

could be detected in the signal. The signal was delayed in time but no other problem could be 

detected. Both scripts were used to test typical and the extreme latency values, but even under 

extreme conditions, there were still no dropped packets, crashes or artifacts in the signal. 

One possible explanation for why no problems could be found when using the Ravenna application.  

could be found by using the Relay VSC application, software that comes equipped with an advanced 

real-time sample rate converter. The broadcasting industry uses a technique where they use a sample 

rate converter to solve differences in time stamping between different PTP clocks. It’s done by  
resynchronize the time stamp audio packages to a different PTP clock. (Whitcomb, 2016) The 

Ravenna application did experience high levels of asymmetric latency. However, the sample rate 

converter within Lawos Relay VSC application will most likely convert the timing on the incoming 

audio packages to the receivers PTP master. This will prevent the audio packages from being 

destroyed. 

7 Discussion stress test   
The first thing we need to consider is the concept of “time buffering” in the receiving unit. Both 

Ravenna and Dante have a time buffering function in their receivers. The time buffering is used to 

prepare the receiving unit for a certain amount of latency in the network. This function is used to 

prevent the audio data packages to from being destroyed, when the timing in the time stamp audio 

package has expired the receiving units time. This setting is the most important an engineer can do 

when we are implementing an audio over IP solution. The reason to this is, by moving the time buffer 

are we also moving the threshold of how much latency the system can tolerate. If the time buffer is set 

to low and we have high levels of latency in the network, will the system experience the same 

problems that have been found in the stress test. However, something we also need to consider is that 

if the time buffer is set to high is the system going to experiences high levels of audio latency instead. 

Therefore, we need critical planning when the system is implemented so its best optimized for its 

performance.    

Dante Vias lowest possible “time buffering” is 10 ms. And by considering the result is it possible to 

determine that the values that created most problems was equal to or greater then Dante via lowest 

time buffer. The limitation of how low time buffer the application can use is due to the usage of a 

software time stamping process. however, given how the hardware implementation of Dante is 

designed, the same issues may also be a problem here as well. The same principle applies to Ravenna 

as well, since the usage of a sample rate converter is exclusive to Relay VSC application only.  

There was one thing in particularly that came out of the stress test that wasn’t planed nor expected. 

This was how a sample rate converter can input an audio over IP solutions that is exposed to high 

levels of latency. In the stress test was Lawos Relay VSC application used. As mentioned earlier does 

it uses a sample rate converter. According to the manufacturers is this sample rate converter used in 

order to transmit and receive low resolution audio. However, in the stress test where it shows that the 

sample rate converter minimizes the problems asymmetric latency creates to the audio over IP 

solution, without any interfering on the time buffer settings in the receiver. This discovery raises two 

intersecting questions. Is it possible to ignore the time buffer setting If a sample rate converter is 

used? And can a sample rate converter be the solutions to the problems asymmetric latency creates to 

the audio over IP solutions? We do know that if the sample rate converter is used and we have high 

levels of latency, the system will instead of creating artifacts simply delay the audio signal. This can 
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make it possible to create a large audio over IP network without having to take latency in 

consideration when designing the network.  

When looking at the results from the stress test is it possible to see that their problems occur due to 

technical limitations of the protocol. By exposing the audio over IP solutions to asymmetric latency 

has it been shown on multiple occasions that the system will break. The stress test shows that the 

system does break. However, the systems are far more robust than expected. Its capable of recovering 

after being exposed to a huge amount of asymmetric latency. This is something that’s needing to be 

consider for the next part of this study when engineers are interviewed about using these systems in 

practice. We need to understand if that industry has the knowledge of how time buffering impacts the 

system, to see if they have taken network latency in consideration when they designed their systems. 

We also need to understand if the audio industry has any way of identifying and dealing with 

problems related to latency if or when they occur. We also need to know how well prepared the audio 

industry are to work with network audio, and to understand how much knowledge the industry has 

about network in general.  
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8 Method interview         
There were questions about the limits and reliability of AoIP. That couldn’t be answer in the stress 

test. One of these questions was, how common are problems with dropouts and distortion in a day-to-

day usage of AoIP? Also, more fundamentally how much knowledge about a networked audio do 

engineers have and how well is AoIP established in the audio industry. How well has the industry 

prepared itself to work with audio over IP? One of the most interesting questions that is needing an 

answer is, do the engineers have any general strategy for identifying and dealing with problems 

related to latency? 

To answer these question interviews were conducted with representatives from the audio industry who 

are working with AoIP on a daily basis. For the interviews three subjects/informants were selected. 

All these interviewees work in venues in Sweden. The first informant is working in a smaller theater 

with 200 seats. They have both theater and musicals performances. The audio that is delivered via 

network in this venue is mostly feeds from lavalier microphone. Different forms of musical 

instruments and sound effects. The second informant is working at a larger theater with many stages 

around the main building. This theatre has around 700 seats at their main stage. The main stage 

houses both theatrical performances and musicals and concerts. The audio that’s present at the theater 

is lavalier microphones, musical instrument, sound effect but also live music. The third informant is 

working in an opera house. The main stage houses about 650 seats. The main performances are opera, 

but they also present musicals and dance performances too. The audio on the network is in most cases 

lavalier microphones, sound effects and music. These signals are either live or prerecorded. 

The first interview was conducted face-to-face at the venue. It was recorded using the open source 

application (Audacity, 2000) and a single microphone. The two remaining interviews were conducted 

online with the application (Skype, 2003). These interviews were also recorded with Audacity. 

However, instead of using one microphone where the skype interviews recorded on two channels. 

Notes were taken during the interviews, and recordings from the interviews were transcribed. The 

informant’s answers were coded (Merriam, 2014) By grouping like concepts from the interviews, it 

was possible to get an overview of the data and to see patterns that indicate they share similar 

experiences with regards to network training, but their experiences of using their venue’s networks 

differ. In the analysis below, the subjects are referred as subject 1, subject 2 and subject 3. 
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9 Results & analyses interview 
Following below is a summary of responses to each interview question. Full transcripts are available 

in appendix 1. The results paraphrase the subjects words to in places to condense and clarify the 

concepts revealed in their responses. Responses are categorized by respondent. 

Table 4 

Question Subject 1  Subject 2 Subject 3 

How long have you had your 

audio over IP solution?   

Since Yamaha 

released their first 

Dante card.   

6.5 years. About 5 years. 

Every venue had AoIP for more than 5 years. 

Next, each was asked about their responsibilities  

Table 5 

Question Subject 1 Subject 2 Subject 3 

What is your audio 

engineering roll?   

engineer Engineer 

system technician 

service engineer  

a system technician 

Two of the interviewee had a shared roll and wasn’t just audio engineers.  

They were asked about their qualifications for their AoIP responsibilities. 

Table 6 

Question Subject 1 Subject 2 Subject 3 

How have you prepared 

yourself to work with audio 

over IP? 

Learned by doing. 

 

reading  

information from 

the manufacture. 

learned by using 

the system.  

learned by doing. 

contact with 

manufactures. 

 

contact with 

colleagues in the 

industry. 

 

We have built 

institutional 

knowledge. 

 

None of the interviewees had received any formal training in AoIP. All of them had learned by trial 

and error. Subject 1 and subject 3 had communication with the manufacture of their installation. We 

can also determine that at least one of them have communication with colleagues in the industry. 

Interviewees were asked about the system’s design and installation. Who provided the needed 

knowledge?  

Table 7 

Question Subject 1 Subject 2 Subject 3 

Is the system implemented 

by you? or have you used an 

external consultant?  

installed by us.  external consultant. 

 

we have expanded 

the system by 

ourselves. 

implemented by us. 

  

it’s a work in progress 

system that have grove 
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form a small system to 

a much larger system. 

 

Two of the system were installed by the engineer’s wile one of them had used an external consultant 

for the installation part. However, the system is both maintained by the engineers and in two cases has 

been expand by staff in house. two of the system started as a small installation and have grown to a 

much larger system.     

 

Interviewees were asked about their chosen solution. 

Table 8 

Question Subject 1 Subject 2 Subject 3 

What kind of AoIP 

solution are you using? 

Dante  Ravenna Dante  

  In a later question it 

is revealed that this 

venue uses Madi to 

connect the different 

networks together.  

 

 

They were asked to provide details about their networks configuration. 

Table 9 

Question Subject 1 Subject 2 Subject 2 

How many devices 

dose you have on your 

audio network? 

We are using about 12 

devices.  

We have a total device 

count of 12 devices,  

6 to 8 devices in our 

main stage.  

  It was revealed later 

under the interview 

that all devices are not 

connected together 

with IP, but instead 

they used a Madi 

connection. To 

connect the different 

part of the house 

together.  

 

  

The size of the networks varied. 

Table 10 

Question Subject 1 Subject 2 Subject 3 

Type of the venue and size   Theater. 

About 200 seats  

Opera  

About 650 seats  

Theater 

About 700 seats  

How many channels is yore 

AoIP solution using? 

About 100 channels.  It can be up to 

400 to 500 

channels. 

Up to 200 channels. 
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Are the neworks dedicated to audio?  

Table 11 

Question Subject 1 Subject 2 Subject 3 

Type of the venue and size   Theater 200 seats Opera 650 seats Theater 714 seats 

Is the audio over IP 

solution on a separated 

audio network? Or is it 

shared with other network 

devices?   

We use a separated 

network. 

 

We use several 

separated 

networks.  

connected 

together with 

Madi. 

 

We have a separated 

network.  

audio related products. 

This is due to practical 

reasons. We also use 

control 

communication on the 

audio network. 

 it is shown later under 

the interview that they 

are using the same 

network for control 

communication.) 

  

 

Two of the interviewees reported that they use a separated network for audio. However, its showed 

that the networks in fact are shared between more than just audio. Subject 2 reported that they used 

several smaller networks instead of one network. It was reveal during the interview that used Madi 

preferred instead of one network, this was due to mistrust in the network.  

To understand the characteristics of the network do we need to know the types of switches. 

Table 12 

Question Subject 1 Subject 2 Subject 3 

What kind of switches 

dose you use?  

switches that are managed. 

switches that are 

recommended from 

Yamaha. 

external condolement to 

configure the switches. 

manage switches. 

It’s revealed 

under this 

question that they 

are plaining to go 

to multimedia 

switches. 

we are missing 

basic knowledge 

of how the 

system works. 

manage layer 3 

switches 

 

What IT protocol they are used? 

Table 13 

Question Subject 1 Subject 2 Subject 3 

what setting are the 

using? 

recommended setting from 

Yamaha. 

disabling the power saving 

function in the switches. 

Qos Qos 

recommended setting 

by Audient. 

disabling energy 

saving in the switches.   

blocking multicast. 
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All of the venues are using a managed switch. However, only one of them used an external consultant 

to configure the switches. Subject two reports that they are planning to move to a more user-friendly 

switch, which suggests the current configuration does not produce the desired results. that they can 

trace their problems to the switch, but can’t solve. They feel like they are missing basic knowledge of 

how to best configure their switches in the correct manner. 

Subject 1 and subject 3 reported that they used the recommended settings from two different 

manufacturers. However, it’s possible to determine from earlier questions that both venues are using 

Dante but only one of the are in direct connect with Dantes manufacturer Audient.  

From these responses, it’s possible to determine that two of the venues are using QoS and that two of 

them also strongly recommending that energy saving in switches should never be used. one of the 

interviewees recommend blocking multicast flows, as well. This stands out because the PTPs 

communication are using multicast. (IEEE 1588, 2008) 

The interviewees were asked about other problems they may have encountered and 

possible solutions 

Table 14 

Question Subject 1 Subject 2  Subject 3  

Have you experienced any 

problems with your audio 

over IP solution?  

Not when its 

configured. 

everything is 

glowing green in 

Dante Controller is 

everything fine. 

Yes, very often. 

missing knowledge. 

 

Yes, but only when the 

system is under 

configuration. 

collected knowledge 

the it will run without 

any problems   

what kind of problems? We have 

experience 

problems whit 

“fanout” 

We have had 

problems with PTP 

And drop outs. 

 

 

The interviews gave some interesting insight about how common audio over IP problems are in 

practice. Two of the interviewees reported that they only experienced problem while configuring their 

system, while one of interviewee gave another picture. Subject 2 experienced problems frequently, 

and it is important to notice that this is the same subject with reported problems with configuring the 

switches. It is also stated by subject 2 that they are experience problems due to missing knowledge. 

Subject 1 reported that they sometimes had problems whit “fanouts” which is when there is to many 

uncast flows on the network.   

Table 15 

Question Subject 1 Subject 2 Subject 3 

Do you have any 

general strategy for 

dealing whit AoIP 

problems? 

didn’t give any 

strategy  

Our strategy is to 

unplug everything 

until it works again 

we don’t have any 

strategy for dealing 

whit problems. 

What is that strategy? It’s reveal during the 

interview that they 

haven’t experience 

any problems 

spend a lot of 

preparation time to 

make sure that 

everything works. 

we haven’t experience 

any problems when 

running the AoIP 

After looking over the interviewees answer is it clear that they have no general strategy for dealing 

with a problem if or when it occurs. Two of the interviewees experienced problems when they were 

configuring their system. One suggestion for solving problems is to simply have a lot of preparation 
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time to be able to detect problems with good margin. This raises some concerns. Even if most of the 

venues has not had any problems with their AoIP solutions, it is alarming that no one has any general 

idea of where to begin the troubleshooting or how to solve a problem with their system.   

Table 16 

Question Subject 1 Subject 2 Subject 3 

Have you ever 

experience latency? 

Not when we are using 

audio. 

Only when we are 

using software 

instrument 

No, it has never been a 

problem to run AoIP 

sins it has so low 

latency.   

Yes, there is always 

latency with in a 

network. 

buffer time. 

The latency in over 

system are 1ms, with 

we are using as a 

safety precaution 

 

One of the interviewees is aware of the buffering function within the audio over IP solution. It is hard 

to predict if the other two informants are aware of this function at all. One of the informants is aware 

that there is always latency in the network. It is possible informants interpreted this question as: had 

they experiences audio latency in the system? That would explain some of the answers. 
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10 Discussion  

10.1 Designing  
There are some things we need to consider when designing an AoIP solution. First will the audio 

solution run on a separate audio network or will it be shared with non-audio devices. There seems to 

be a trend in the audio industry to share the network with audio related products. This isn’t real a 

problem as long as engineers are aware that there is a limitation to the bandwidth.  

There is one thing in particular that needs consideration when implementing an AoIP solution. The 

size of the system is probably one of the most important aspects, this is due to latency. The more 

devices the audio signal must pass thru the higher latency will the system handle. The stress test has 

shown that the AoIP solutions is capable of handling large amount of latency. However, there are 

limitations. If the latency reaches a very high level is the system going to experiences dropout, or in 

worst cases the entire system will crash.  

There is evidence that almost every interviewee in this study started with a smaller system that has 

gradually expanded to a larger system, isn’t unusual when implementing an AoIP solution. However, 

to solve the potential problems that latency can create, are critical configuration of the AoIP solution 

required.  

10.2 Configure the system  
There are configuration options an engineer can do to an AoIP solution to prevent problems. One of 

these options is the time buffer function. This is one of the most critical options that must be 

configured correctly. The stress test showed that if the latency in the system exceeds the time buffer 

setting the system experiences dropouts. However, if the design of how the time buffer function is 

taken in consideration, is it possible to predict that, A high buffer setting value will result in audio 

latency instead. 

There are settings an engineer can adjust on the switches in order to minimize the latency. One of 

these settings is QoS. This setting is especially important if the audio network is going to be shared 

with other none-audio network devices. 

In the interviews it was mentioned by several of the engineers that they had experienced problems 

with their AoIP solution when configurating the system. It impossible to predict what created the 

problems for every engineer. However, there is one thing they all had in common. This was the 

amount of training and the general knowledge about the audio network.         

10.3 Training and knowledge for responsible personnel 
In the interviews was it revealed the none of the engineers had received any formal network training 

when they started to work with AoIP. They had learned by trial and error. This is a potential problem 

since there is no guarantee that the engineers understand every system configuration correctly. Two of 

the informants reported that they relied on the manufacturer to provide information about what setting 

that should be used to configure their AoIP solution correctly. However, in some cases is the 

manufacturer’s information misguides. One example of this is the time buffer function. Both Dante 

and Ravenna are using the term latency for the description of this function. It is true that this function 

will affect the general audio latency in the system, but it also effects the general performance of the 

AoIP solution. If an engineer misunderstands the setting as relating to audio latency, it is very likely 

that the system will become less stable.    

Working with networks, in general, has a very steep learning curve. It’s possible to configure and run 

a smaller network without ever experience problems. However, when the system starts expending 

from a smaller installation to a much larger installation, the network configuration becomes critical. 

When this level of complexity is reached, it’s reached is it important that engineers understands every 
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configuration of the system correctly. One wrong configuration can potentially create large problems 

the AoIP solution.  

10.4 Strategy for dealing with problems  
One of the goals for this study was to identify if the audio industry had any general strategy for 

dealing with problems related to AoIP. However, no general strategy could be found for identifying or 

dealing with problems if or when they occur. There could be multiple explanations for why we don’t 

have a way of identifying problems. The simple’s explanation could be that most venues have not 

experience any problems with their Audio over IP solution and therefore have no need for a strategy. 

However, this way of thinking is dangerous as AoIP is now found in many big production facilities. 

Audio over IP has begun to become standard usage in many big production places. The audio systems 

are expanding from small systems to more advance and bigger systems. With put more responsibility 

on the engineer to maintain the systems functionality.  

In the interviews, representatives from the audio industry asked if they had experienced problems with 

their AoIP solution. Every one of the reported that they had experienced problems while the system 

was under configuration. However, the problems had disappeared when the system was running. 

There is one key reason to why there are problems with configuration of a networks. This is due to 

that there is a small group of elite practitioners that have knowledge and the understanding of how a 

network is functioning, while there is a much larger group that doesn’t chare this “common” 

knowledge. In order for AoIP to reach its full potential do we need to minimize this gap of knowledge 

between this two groups. One solution to better inform engineers and to minimize the knowledge gap 

could be encloud AoIP and network management in schools for sound engineers.   

10.5 System reliability 
A question that must be asked is how reliable is AoIP compered to traditionally digital audio protocol 

like Madi. This isn’t an easy question to answer. By looking at the result from the stress test is 

possible to get the impression that the solutions are very fragile. However, something that’s needs to 

be consider is that fact that the values in the stress test are very high compared to what might be found 

in a network. Both solutions are in fact capable of handling high levels of latency. However only if 

configuration of system is done correctly. Network will always experience latency, often is the values 

wary low but depending on the size of the network may this vary. One key component that we need to 

understand is for the system to work properly even in extreme cases is key configuration of the system 

required. One quick example of a key configuration is the time buffer function, but it can also be 

configuration in switch that will keep latency values as low as possible.    

For AoIP to succeed of become a new standard and, for it to become the new standard method and 

potentially replace analog audio cabling, something needs to happen. We need to bridge the 

knowledge gap between IT personal and sound engineers, so that every sound engineer knows and 

understands the system configuration correctly. Today’s limitation in AoIP isn’t the technology in 

itself, but rather missing knowledge with the people that are using the systems.    

10.6 Potential for the future 
So why is AoIP a good idea? The system can transmit high channels counts, in difference from older 

digital protocols like Madi, where the limitation was 64 channels. AoIP has a limitation of 512 

channels with one cable. One of the biggest benefits with AoIP is that is capable of existing in already 

existing IP structure. Perhaps to most important benefit is that solution, is very easy to expand 

compared to both traditional digital audio and analog audio. This has made it possible for AoIP to be 

expanded without having to change wary much in the installation. If the system needs to be 

reconfigured or moved, it isn’t much work that’s needs to be done. Simply moving one cable. AoIP 

with has med it possible for venues to connect their different room together in a way that wasn’t 
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possible before, due to practical reason or cost. This has resulted in a more connected venue where a 

connection to the audio system isn’t very far away.       

10.7 Method critique 
The first thing we need to consider when looking at the method is the stress test. The stress test was 

conducted with a computer that used a custom software for simulating latency. However, this script 

isn’t a consumer grade product, but an open source implementation. One problem with using this 

script was that it’s not tested for a consumer market, and it’s very tricky to get it working correctly. 

Another problem with this script is that is rather hard to know if something is running in Linux. This 

is due to that script in the Linux OS is running in a terminal. The only possible way of knowing if the 

script was terminated was to use a terminal based command that showed every process in the OS, then 

carefully scan every process to ensure that the script in fact wasn’t running.  

We also need to consider that the bridge computer in itself also can add latency between the two 

networks cards. This is due the data that passes through the computer needs to be processed. In order 

to prevent as much as possible latency, the test used a computer with a very powerful CPU. However, 

it is not possible to rule out that the computer hasn’t created latency. If this experiment should be 

recreated, a good recommendation would be to use a Spirent Smartbits 2000 traffic generator/analyzer 

which is more suitable for this application.  

The usage of a software implementation of the two AoIP solutions should also be considered. The 

software implementations are very similar to the hardware lineup. However, there are some 

difference. One quick example is that the hardware implementations are using a hardware 

timestamping process. If the design of the hardware timestamping is taken in consideration is it 

possible to determine that the hardware is much more accurate than the software. This can potentially 

create a different result if the stress test was rerun with hardware implementations. 

The number of subjects for the interview should also be considered. It was very possible to get a 

broader insight into the audio industry knowledge and usage of AoIP if more subjects were used. If a 

follow up study should ever be done, a good recommendation would be to include more subjects.  

Lastly something we need to follow up on is, how does a sample rate converter impact the audio in 

AoIP and can it solve the problems asymmetric latency creates? The concept of a sample rate 

converter wasn’t fully investigated in this study. This is something that should be consider if a 

similarly test is to be run in the future.
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11 Conclusion 
This study on AoIP involved a stress test on a closed network and interviews with audio professionals. 

When assessing an AoIP solution, the first thing to consider is if there is too much asymmetric latency 

present on the network because this can create potential problems. This depends heavily on the time 

buffer functions setting within the AoIP solution. It’s possible to say that the problems may occur on 

an AoIP solution depending on the configuration. The AoIP solutions are in fact very stable. 

Everything depending on the configuration.  

From the stress test is it possible to say that if too much latency is introduced between sender and 

receiver the system will experience dropouts on the audio signal. However, depending on the 

configuration is also it possible to experience audio latency. We also know from the stress test that a 

sample rate converter will minimize the affect asymmetric latency has on the audio signal.  

Today’s limitation in AoIP isn’t the technology in itself, but rather missing knowledge with the 

people that are using the systems. The interviews show how well the knowledge of a network is 

established in the industry. The interviewees that were part of the study posessed basic knowledge 

how networks are constructed and how they operate however, this is something that’s needs to be 

considered when the industry is moving forward towards more IP solutions. If the common 

knowledge of how the network is operated are widened, and the knowledge gap is minimized between 

IT Personnel and sound engineers. Problems related to configuration, troubleshooting and running the 

network would be minimized. Something we also should consider is to use an IT specialist when 

configuring the network. This is not currently common practice in the audio industry, but maybe it 

should be. when configure the network. We are moving on to a new era of IP technology’s, this why 

is important for engineers to follow this closely and gain the knowledge of how the system works. 
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14 Appendix 
Question Subject 1 Subject 2 Subject 3 

Is the system implemented 

by you? or have you used an 

external consultant?  

  

  

  

  

The system is 

installed by us.  

We used an external 

consultant that 

installed the system 

from the beginning. 

But we have 

expended the system 

by ourselves. To 

what it is today.  

The system is 

implemented by us, 

it’s a work in progress 

system that have grove 

form a small system to 

a much larger system. 

And have expended to 

more smaller system 

over the whole 

building. 

 

Question Subject 1 Subject 2 Subject 3 

What kind of AoIP 

solution are you 

using? 

Dante  Ravenna Dante  

 

Question Subject 1 Subject 2 Subject 2 

How many devices 

dose you have on 

your audio network? 

We are using about 

12 devices.  

We have a total 

device count of 12 

devices, but all 

devices are not 

connected together. 

6 to 8 devices in our 

main stage.  

 

Question Subject 1 Subject 2 Subject 3 

How many channels 

is yore AoIP 

solution using? 

About 100 channels.  It can be up to 400 

to 500 channels. 

Up to 200 channels. 

 

Question Subject 1 Subject 2 Subject 3 

Is the audio over IP 

solution on a separated 

audio network? Or is it 

shared with other 

devises?   

We use a separated 

network. 

(it is shown later 

under the interview 

that they are using 

the same network for 

control 

communication.) 

We use several 

separated 

networks. One 

for FoH and one 

for the studio 

and they are 

connected 

together with 

Madi. 

We have a separated 

network. In most 

cases. Sometimes 

dose the audio 

network share 

network with other 

audio related 

products. This is due 

to practical reasons. 

We also use control 

communication on 

the audio network. 
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Question Subject 1 Subject 2 Subject 3 

What kind of switches 

dose you use? And what 

setting are the using? 

We use the switches 

that are 

recommended from 

Yamaha. But we 

also have normal 

default switches that 

are managed. We 

use the 

recommended 

setting from Yamaha 

with is disabling the 

power saving 

function in the 

switches. 

(its mention later in 

the interview that 

they are using an 

external consultant 

to configure the 

switches.) 

  

We use manage 

switches. with 

QoS. However, 

we are planning 

to change 

switches to a 

multimedia 

switch, because 

we are freckly 

tired of being 

Network 

engineers. And 

this is because 

we are missing 

basic 

knowledge of 

how the system 

works. 

We are using 

manage layer 3 

switches. We are 

using the 

recommended 

setting by Audient. 

This include QoS, 

blocking multicast. 

And disabling 

energy saving in the 

switches.   

 

Question Subject 1 Subject 2  Subject 3  

Have you experience any 

problems with your 

audio over IP solution? 

And what kind of 

problems? 

Not when its 

configured. We 

have experience 

problems whit 

“fanout” (running 

out of unicast 

flows) but as long 

as everything is 

glowing green in 

Dante Controller 

is everything fine.   

Yes, very often. 

This is according 

me due to missing 

knowledge. 

We have had 

problems with PTP 

crashes due to 

some closed the lid 

on a computer 

while it was 

receiving audio, 

with made the 

device run slower 

and received 

information to 

slow until the 

system crashed      

Yes, but only when 

the system is under 

configuration. When 

the system is 

running is my 

collected knowledge 

the it will run 

without any 

problems   
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Question Subject 1 Subject 2 Subject 3 

Do you have any 

general strategy for 

dealing whit AoIP 

problems? 

The informant didn’t 

give any strategy for 

dealing with 

problems.  

Our strategy is to 

unplug everything 

until it works again. 

But we don’t have 

any general strategy. 

The only thing we 

can do is spend a lot 

of preparation time 

to make sure that 

everything works.  

No, we haven’t 

experience any 

problems when 

running the AoIP 

application, and we 

don’t have any 

strategy for dealing 

whit problems. 

 

Question Subject 1 Subject 2 Subject 3 

Have you ever 

experience latency? 

Not when we are 

using audio. Only 

when we are using 

software 

instruments. (a 

follow up questions 

was asked if they 

used a software 

implication of Dante 

on their instrument 

computer.) They 

confirmed that a 

software 

implementation was 

infect used.     

No, it has never been 

a problem to run 

AoIP sins it has so 

low latency.   

Yes, there is always 

latency or buffer 

time within a 

network. And it is 

predeterminate.  

The latency in over 

system are 1ms, with 

we are using as a 

safety precaution. 

Because it much 

more stable.  

 


