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Trends in Codecs 
— From Design 
to Application

Audio codecs play a fundamental part in the operation 
of any radio station. What new technology is available 
today and how can it be easily implemented to improve 
the quality of your broadcast?

This latest Radio World International eBook outlines 
recent codec advances taking place, the evolution in 
design, as well as ideas to creatively apply this technol-
ogy to streamline operations. It provides examples of 
innovative ways radio broadcasters are using codecs, 
how they have reduced operating costs, overcome topol-
ogy challenges, and more. 

Find out what some of the world’s leading radio 
broadcast mavens look for when choosing a codec, their preferred means of 
setting up a connection, how they successfully integrate IP into their broad-
casts, ways they deal with packet loss and how they cleverly maneuver the 
issue of latency and error correction.

Radio World has published more than three dozen eBooks exploring 
the many facets of radio station and network operations including mobile 
reporting, studio/transmitter links, visual radio, studio apps, social media, 
consoles, digital radio developments and more. Find them at  
www.radioworld.com/ebooks.

— Marguerite Clark
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By Davide Moro

When telephone companies decided to pioneer the 
digital landscape in favor of voice routing, they unwit-
tingly paved the way for the most dramatic paradigm 
shift in radio broadcasting since Marconi’s findings. 

The present ubiquity of wideband connectivity allows 
any radio station easily to report from virtually anywhere 
in the world with vibrant sound quality and at a nominal 
(if any) fee.

Many of us may remember the squeaking voices that 
allowed radio listeners to be a part of sports events, 
where their village’s team was trying to do its best. 

Live sport commentaries from remote locations orig-
inally required much effort and a number of resources 
that only few broadcasters (usually national or public-ser-
vice ones) could handle. The use of PSTN telephone lines, 
paired with sometimes home-built telephone hybrids, 
subsequently allowed budget-minded, local radio sta-
tions to join in on the live sport commentaries.

RADIO LINK VS. PHONE BOX
At the same time, the number of teams that could ben-

efit from this long-range visibility bumped up, and also 
thanks to the increased reach of radio commentaries, the 
popularity of various sporting events increased.

Point-to-point connections via analog radio links, 
often requiring some “hops,” allowed sharp and natural 
voice contributions and remained a trait of large-budget 
broadcasters for many years.

However, during the analog era, breaking news was 
often capable of reverting all broadcasters to the same 
level: When something unexpected happened in a rural 
location, there typically was no way to have a radio 
link van and crew in place and ready to cover the event 
immediately. Under those conditions all broadcasters 
were on equal terms, and a phone box was the common 
hardware reporters could rely on. 

Initially broadcasters had to choose between two 
options. Radio links ensured high-quality and dedicat-
ed connections from the field to the studio but they 
required a remarkable amount of time to be moved on 

site and be deployed, as well as a properly staffed crew 
with the associated operating cost. 

Remote contributions via PSTN, on the other hand, 
implied a compromise on voice quality and shared trans-
mission resources with other users (telecom infrastruc-
tures), but they were available nationwide, very cost-ef-
fective and fast to set up once the reporter is in place, 
even from abroad.

The advent of (voice) mobile telecommunication net-
works pushed the availability of telephone-routed contri-
bution a step further, yet voice quality remained nothing 
more than an acceptable compromise.

BIGGEST REVOLUTION
For a long time there has been no third way: It was 

either quality or agility, and budget-focused stations did 
not have the “quality” option. ISDN connections bridged 
the gap some. For the first time, they allowed broadcast-
ers to achieve a very good sound quality without having 
to use radio links. 

ISDN lines were available at pre-determined locations, 
for example at a sports arena, but were hardly available 
at random locations for breaking news reporting. ISDN 
connections succeeded in bridging the gap as regards 
operating costs but not for availability.

 In the late 1980s, telephone operators embarked 
upon their digital revolution. At first, they moved their 

Codecs: A Telecommunications 
Industry Revolution
Bridging the gap between broadcast quality and agility

Radio reporting on a tennis match by phone in 1921.
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backbone networks to a digital-only zone, and then they 
gradually migrated all branches of their access networks 
to digital technology. From the year 2000, digital lines 
finally reached end users’ premises. At the same time, 
mobile telephone networks gained remarkable data 
transmission capacity, thanks to both the new transmis-
sion standard (3G, unleashing large last-mile throughput) 
and the previous implementation of digital backbone 
networks, capable of managing and delivering an 
unprecedented volume of data. 

Probably the biggest revolution in the history of telecom-
munications after Marconi’s findings took place silently; but 
that digital, universally available infrastructure dramatically 
changed the way broadcasters manage contribution. 

IP audio and video delivery on mobile and wired net-
works broke down the previous barrier between broad-
cast quality and agility: Even better sound quality than 
with analog radio links could be achieved from almost 
everywhere thanks to portable, light and battery-pow-
ered equipment. Even high-quality reporting on the 
move, which previously required a bridging connection 
through an helicopter, became as fast and cheap as plac-
ing a phone call.

CREATIVE POTENTIAL
Radio producers immediately realized the creative 

potential of the medium’s new omnipresence, deploy-
ing street reporting, pop-up stations, coverage of niche 
events and new and more keys to the staff, enabling sta-
tions to play an improved role. 

Today, modern IP codecs range greatly in size, perfor-
mance and price. They are able to unleash the creative 
potential of a radio station, yet tech managers have to 
analyze and configure the specific performance and fea-
tures best suiting their workflow. Operational agility is key 
to any station, and the proper choice of a specific codec 
device can speed up and ease the rest of the process.

Depending on a station’s available staff and skill, 
the optimal choice in codec can vary from a compact, 
one-button model with few field-adjustable parameters 
(to prevent possible misconfiguration) to a rack-mounted 
device that is highly configurable and capable of ensur-
ing exemplary sound performance no matter the envi-
ronment but requires properly skilled staff.

Sports presenters can benefit from specific gear, 
including a codec and a mixer integrated into a single 
unit, while the possibility to download a smartphone app 
can turn the personal device of a remote host into a per-
fectly fit-for-purpose interview mic.

Low latency is key to ensuring live interaction among 
people sitting at multiple locations and connected via IP 
codecs. The ability of a codec system to preserve a low 
latency even when the available bandwidth is squeezed 
down or even suddenly varies due to local telephone 
network conditions brings great advantage to users.

Advanced codec models include dual link capability 
or other ways of recovering as many lost packets as 
technically viable. This feature, of course, is always highly 
desirable; but it becomes necessary when codecs replace 
STL links. n

The broadcasting cage at Griffith Stadium in Washington, D.C., in the early days of commercial radio, 1924.
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A Love-Hate  
Relationship With SIP 
The technology is convenient but comes with a major nuisance: robocalls

by Chris Crump

The author is director of sales at Comrex.

SIP-based VoIP telephony can be considered a 
technological blessing due to its efficient imple-
mentation, cost savings and audio quality.  

Many of us utilize low-cost VoIP phone lines 
in our homes and businesses every day and 
save lots of money as a result. In addition, there 
is an over-abundance of free and low-cost SIP 
apps available for mobile devices that bring this 
technology into our smartphones, allowing us to make 
free phone calls using our cellular data plan or a Wi-Fi 
hotspot.  

TELEMARKETERS STRIKE
For broadcasters, these apps have become great tools 

for news contribution and short-form outside broad-
casts. The added benefit of high-quality voice algorithms 
like G.722, AAC-ELD and Opus allow these SIP apps to 

send studio quality audio from the field to hardware 
audio codecs that support the EBU’s SIP-based Tech3326 
Interoperability standard. It’s nice to have these extra 
“tools in the toolbox” to supplement a station’s arsenal of 
professional hardware audio codecs. 

But as with all good things that innovation brings to 

the world, someone finds a way 
to exploit the technology for 
more nefarious purposes.

If you are one of the millions 
of subscribers of VoIP telephone 
service, you may have noticed an 
uptick in the frequency of annoy-
ing robocalls delivered to your 
home, office or even cellphone. 
These usually happen as you are 
sitting down to dinner or as you 
are just getting your children to 
sleep. 

Offers to lower your credit card 
interest rate or get a free vacation can be infuriating; but 
this type of invasive marketing relies on volume of calls 
to produce results. 

VoIP- and SIP-based calls typically use the public inter-
net and the common UDP port 5060 to send and receive 
the transmitted audio. So if you have VoIP service on 
your network, UDP port 5060 generally is open on the 
router or firewall connected to the Internet. SIP Bots con-
stantly scan the internet looking for this open port and, 
once they find it, will start sending the annoying robo-
calls to your IP address and, in many cases, “spoofing” 
their caller ID to make it look like a call from a neighbor 
or legitimate location. For broadcasters, this can be even 
more frustrating.

Since EBU Tech3326 is SIP-based, UDP port 5060 com-
monly is open to the public internet on professional 
hardware audio codecs. Not only does this allow for 
these codecs to receive calls from other hardware codecs 
(including those from different manufacturers) but also 
from the previously mentioned SIP apps. Just as the 
number of robocalls has recently been on the increase, so 
too has the instance of unsolicited traffic to professional 
hardware audio codecs. This typically will manifest itself 
in the hardware codec appearing to be busy or “locked 
up” when in fact, a SIP Bot auto-dialer has connected to 
the device.  

In order to achieve the maximum  
benefit from any technology solution, 
making sure that you have a plan for  
best practices in place is critical.

GUESTCOMMENTARY

Continued on page 8  ❱

http://www.comrex.com
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By Marguerite Clark

Radio World spoke to a sampling of technical leaders 
from around the world to find out what features they seek 
when choosing a codec, ways they implement the technol-
ogy to improve broadcast quality, and how they envision 
the codec of the future. Those who replied to the ques-
tions below include Qazi Ahmed Mateen, GM, operation 
for FM100, Pakistan; Etienne des Roseaux, technical and 
production manager for RMC, France; Peter Verhoeven, 
radio host/producer for Qmusic, Belgium; Andre du Toit, 
head of technical for Primedia Broadcasting, South Africa; 
Gary Kline, owner and CEO, Kline Consulting Group, United 
States; and Masood Amery, president of Afghan Paiwas-
toon Media Communication, Afghanistan.

 
Radio World: What do you feel is the biggest trend in 
codec technology today? 

Qazi Ahmed Mateen: MP3, WAV and AAC. 

Etienne des Roseaux: I think that IP transmission is an 
important technology today. How codecs can manage 
public internet issues, lost packets, online remote man-
agement, provider restrictions, etc. With the end of the 

ISDN protocol, codec brands needs to innovate to pro-
pose the best solutions. 

Peter Verhoeven: With an abundance of codecs today 
being used in everyday communication devices like 
smartphones, tablets, browsers, wireless speakers and so 
on, it feels as if consumer and professional use of codecs 
are drawing closer. Many of these applications now use 

the same tools to communicate with each other and 
some of them are open standard, which makes it more 
interesting for developers worldwide. Take Opus for 
example, an open and royalty-free codec that excels in 
quality and has lower latency than other codecs. It’s been 
used in professional applications, but you can also find it, 
for example, in WhatsApp on your smartphone.

Codecs: What Do Leading 
Technologists Want?
From design to application, each broadcaster has  
unique requirements when selecting codec technology

CLOSING THE PORT
Because hardware codecs aren’t typical VoIP devic-

es, SIP signaling and functionality can be slightly 
different and a disconnect command might not be 
issued resulting in a “busy” unit. In 2014, Comrex 
added a SIP Bot “black-listing” feature to the firmware 
for our IP audio codecs. This feature identifies com-
mon SIP Bots and will prevent them from connecting 
to our hardware codecs such as ACCESS, BRIC-Link 
and BRIC-Link II. However, we often advise custom-
ers simply to disable the “Accept Incoming SIP Calls” 

feature when not in use to make it less attractive to 
SIP Bots and their mutating, artificially intelligent off-
spring.

Thanks to SIP technology, broadcasters enjoy the 
freedom to create unique content from more locations 
than ever before. While SIP can certainly be a blessing, 
it can be a curse as well. In order to achieve the max-
imum benefit from any technology solution, making 
sure that you have a plan for best practices in place is 
critical. Also, consulting with an IT professional that 
understands the intricacies of broadcast can save a 
multitude of headaches down the road. n

❱ Continued from page 6

One tendency is the now-commonplace 
built-in aggregation and redundancy 
among studio and portable codecs.

— Gary Kline

http://fm100pakistan.com/
http://rmc.bfmtv.com/
https://qmusic.be/
http://www.primedia.co.za/
http://Klineconsulting.com
http://www.apmc.tech/
http://www.apmc.tech/


TRENDS IN CODECS — FROM DESIGN TO APPLICATION
Radio World International Edition  |  April 2018

9

Andre du Toit: Everything is moving toward IP-based 
codecs with reliance on high-speed mobile networks.

Gary Kline: I think there are a few tendencies, some of 
which have been gaining traction for a while. One is the 
now-commonplace (it wasn’t always) built-in aggregation 
and redundancy among studio and portable codecs. The 
ability to merge different cellular carriers, Wi-Fi and wired 
connections at the same time is now available on most 
codecs. Some refer to this as “aggregation.” This is a huge 
step toward reliable and good-sounding broadcasts 
using IP — more specifically the public internet — as 
the transport mechanism. Another trend is the capability 
of most codec models to offer a redundant streaming 
approach. It’s not just about having simultaneous con-
nections aggregated at the same time but also the codec 
know-how to seamlessly splice the bits for a very robust 
connection across any path and in challenging band-
width conditions. Another development is the continued 
reduction in size and pricing and form factor for porta-
bility. A great example of this is the newest smartphone 
software packages.

Masood Amery: Today audio codecs offer many advan-
tages to radio broadcasters. For remotes, certainly many 
strides have been made. IP is a major development. 

Radio World: What do you look for when choosing a 
codec?

Mateen: Audio quality, capacity and clarity.

des Roseaux: When I need to choose a codec, I look for 
three things: Latency, user interface and quality of audio 
preamp and circuit.

Verhoeven: Latency and quality (especially in lower 
bitrates) are the two most important aspects that I look 

for in a codec. For live applications like a remote inter-
view, low latency is a must. I find nothing more annoying 
than to participate in a two-way conversation where 
gaps and unwanted silences tend to make the debate 
or dialogue really awkward for both the listener and the 
presenter. I always avoid a remote live interview when 
the delay is more than 500 ms. That said, I would never 
sacrifice audio quality over latency. Lower bitrates can 
reduce latency, but then it’s really important to choose 
a codec that can deliver excellent audio. I love the Apt-X 
and AAC codecs in that regard and I would love to test 
the Opus codec mentioned previously.

du Toit: I haven’t had much experience with different 
codecs. We use the Telos Z/IP One, but ultimately we 
would look for low delay and high quality.

Kline: It depends on what the use case is: General 
remote, sports remote, studio-transmitter-link, IFB, etc. 
Generally, I look for something with the appropriate 
form-factor (rack mount, portable, smartphone, etc.) and 
built-in codec compression choices. I consider budget, 
density constraints, quantity, purpose (as stated above), 
ability to talk to other codec manufacturers if needed, 
input/output options, including AoIP, upgrade capabil-
ities (for future improvements or features), bandwidth 
aggregation capability, and onboard algorithm options. 
It comes down to identifying the requirement and choos-
ing the right codec considering cost, value and its ability 
to meet particular criteria. 

Amery: When choosing a codec, we look for ease of use, 
flexibility, easy export and archiving.

Radio World: Do you prefer to set up a connection to 
4G/3G mobile broadband networks using your own 
modem or connecting to Wi-Fi hotspots or LAN connec-
tion available onsite? 

Mateen: At FM100, our first choice is LAN, then Wi-Fi and 
finally 4G. However, it always depends on the broadcast 
facility’s quality. 

des Roseaux: It depends on what we are using it for. For 
simple usages, such as temporary news commentaries 
for example, we prefer to connect to a 4G network with 
a good audio algorithm. For an external live radio show 
or large event like the Olympics or World Cup, we prefer 
using a dedicated LAN access. We don’t like using Wi-Fi 
hotspots because of the encapsulating delay, and also 
due to the fact that the access is open to everybody. 

Verhoeven: I never use Wi-Fi hotspots for live applica-

Qazi Ahmed Mateen 
is GM, operation for 
FM100, Pakistan.

Continued on page 10  ❱

http://fm100pakistan.com/
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tions, as they are mostly capped in speed and bandwidth 
and not very reliable. It really depends on how mobile 
you want to be. If you need to run around or hop on the 
back of a motorbike then 4G/3G is the way to go. But if 
you’re in a crowded place like at a concert or in a packed 
stadium where everybody wants to stream the event on 
his or her phone, I would look for a local LAN connection.

du Toit: When given the opportunity we have found that 
dedicated fiber gives us the best performance. We have 
had mixed experiences with 4G due to the connection 
and speed fluctuating.

Kline: It depends on which of these networks is readily 
available at the location in addition to the degree of 
importance of the broadcast. It also depends on wheth-
er the use case is, for example, a short-term remote or 
long-term link to a transmitter site (“nailed up” STL con-
nection). Generally, no matter what the scenario is, and if 
several bandwidth options are available, I prefer a wired 
LAN connection first. Then comes Wi-Fi followed by 4G. 
In a perfect situation, I would simultaneously aggregate 
LAN and Wi-Fi. 4G is great in many cases — especially 
now with decent network coverage worldwide — but at 
large events, it can become a nightmare. That’s because, 
as anyone who has used IP codecs in the field knows, 
you are sharing your 4G experience with what could be 
many thousands of people. Think concerts, large sporting 
events, large news events, such as an inauguration. So 4G 
is my last choice but not something I entirely shy away 
from — especially with aggregation options. I’ve aggre-
gated two 4G connections from different carriers before.

Amery: Here in Afghanistan, there is a lack of knowledge 
and sources regarding new technologies. The 4G/3G 
networks are not good in our country, and internet is not 
great either. However, in my opinion Wi-Fi is better than 
4G/3G, and so is LAN, althought it’s not available every-
where.

Radio World: When working on remotes, how  
much do you use IP, and how much do you use 
more traditional technologies such as ISDN? 

Mateen: In Pakistan, IP connectivity is nationwide, while 
ISDN is mainly metropolitan-specific. Thus, in big cities 
we primarily prefer ISDN.

des Roseaux: Today we are using IP on remotes more 
than 45 percent of the time. My goal is to reach 100 per-
cent in the next two years.

Verhoeven: I try to use IP as much as possible. ISDN is 
gradually disappearing as an option and will be discon-

tinued in the future. Although it was (and actually still is) 
a reliable choice, it is also a very costly solution compared 
to AoIP. IP networks are vastly improving and seem the 
logical pick, but they are still very reliant on the available 
speed and quality of the connection. Sometimes we use 
both IP and ISDN, one as main and the other as backup. It 
really depends on location and budget.

du Toit: We still tend to use the older ISDN technologies 
as far as possible due to reliability, but there is a grow-
ing need from the business for faster turnaround times 
for remote broadcasts. ISDN lines typically take 10 days 
from order to installation, so we generally do our bigger 
events on ISDN and the one’s that come up with short 
notice over IP.

Kline: In my newest design facility in Atlanta, it is all IP. 
There is no T1 or ISDN available, so we went completely 
IP for remotes and STL. The STL connections use IP via 
a landline wired circuit and over the air point-to-point 
microwave. In facilities where both ISDN and IP are avail-
able things tend to lean 75 percent IP and 25 percent 
ISDN, and that percentage is moving quickly toward all IP. 
At least in the projects I have been associated with.

Amery: When working in the field, particularly in remote 
areas, IP is much easier and faster from ISDN, and the truth 
is that IP is much more available in Afganistan than ISDN.

Radio World: Which bitrate do you typically use for 
different types of broadcasts (live music, sports 
commentary, breaking news, etc.)? 

Mateen: MP3, 256 kbps.

des Roseaux: At RMC we only have talk programs, no 
music at all. For all our connections, we use an Opus 96 
kbps as a minimum bitrate. For external live show or big 
events we usually make us of a 128 kbps.

Etienne des Roseaux is 
technical and production 
manager for RMC, France.

❱ Continued from page 9
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Verhoeven: Years ago we used Apt-X over ISDN at 256 
kbps for its low latency and great quality. We could have 
a remote conversation with the main studio without 
the listener ever knowing that we were miles apart. The 
H.264 encoder I used for my visual radio show last year 
had a variable video bitrate of around 6 Mbps with AAC 
audio embedded at 256 kbps. For my daily radio show, 
which is only audio and broadcast out of Los Angeles to 
Belgium, the encoder is fed a digital AES/EBU signal and 
sends lossless PCM audio over a VPN using the public 
internet at 1411.2 kbps. The delay is under a second, and 

that’s pretty acceptable. The reason I prefer to use the 
lossless audio is because of the chain the audio follows 
after it arrives in Belgium. It travels to a satellite uplink in 
a MPEG 2 lossy format to the transmitters. Some listeners 
prefer to listen through the website, which adds another 
lossy stage to the audio. So the cleaner I can deliver the 
audio to the mixing board in Belgium, the better.

du Toit: We generally use 64 kbps because we always 
only send voice from our OBs.

Kline: I prefer PCM uncompressed for any long-term or 
nailed-up connection or for stereo music remotes. For 
sports and talk I generally choose AAC mono, unless I am 
sending stereo.

Amery: The higher the bitrate, the higher the quality, 
and the more bandwidth it will require. So, mostly in 
developing countries like mine, the choice really depends 
on the project being carried out. With lower bitrates and 
a bad quality, at least we are still able to reach a majority 
of listeners, and sometimes that’s more important than 
airing a high-quality program but reaching fewer people.

Radio World: There is often a tradeoff between laten-
cy and error correction/jitter. How important is it to 
minimize latency? What is an acceptable amount? 

Mateen: It is very important to have a low latency rate — 
less then 20 milleseconds is acceptable. 

des Roseaux: Since RMC is a talk radio, the latency is 
very important. A lot of our guests are not in our studio, 
so to preserve the quality of our program, we need to 
have as little latency as possible. With ISDN had no more 
than 30 ms. Today with IP, I will accept no more than 
150 ms latency. If it is more than that we start to loose 
reactivity between each speaker. Sometimes we have to 
accept 500 ms to preserve signal integrity because we 
have too much packet loss. But it’s really very difficult to 
work when that happens. 

Verhoeven: It depends on the content. If you need to 
do a live interview where both parties are miles away 
from each other, it’s often preferred to try to avoid the 
awkwardness of gaps and silences while one party is 
still waiting for the question to arrive at the other end. 
It depends on both talking parties and the pace of the 
conversation, but I prefer to keep the latency under 500 
ms. If there is music involved on the casting side, I would 
always choose quality over latency and increase the buf-
fer or the error correction.

du Toit: Latency is the most important factor for us due 
to the nature of our OBs.

Kline: For me — in a perfect world — it’s never accept-
able to have an IP broadcast that sputters or has drop-
outs often enough that your listeners notice it. So I 
choose to use a limited amount of latency as necessary 
to reduce the risk of a sub-par audio experience. That 
being said, if I find that I am adding too much latency 
to overcome a bandwidth issue or perhaps some weird 
networking problem in a venue, I stop and try to solve 
the problem at the network side. So for example, if I am 
having issues with Wi-Fi or LAN in a sporting arena, I will 
go find the on-site IT admin and work through the issue 
rather than add too much delay to the codec settings.  

Etienne des Roseaux

Continued on page 14  ❱

Peter Verhoeven is a 
radio host/producer 
for Qmusic, Belgium. 

In Pakistan it’s more important to reach a 
maximum number of listeners with lower 
bitrates (which means lower quality) 
rather than airing a high-quality audio 
program but reaching fewer people.

—Masood Amery



Improve IP-Based STL link Quality 
by Adding Transport Redundancy

IP-based STL implementation has come a long way 
from being used as a simple backup to becoming the main 
feed from the studio to the broadcast tower.  However, 
the transition to reliance on IP as a main feed means that 
the requirements for an uninterrupted, premium-quality 
signal with ultra-high transport reliability has become a 
substantial focus for broadcasters.

The reasons for quality issues are manifold. First, IP 
networks are allowed to lose a datagram on occasion. 
Using a radio link for IP transport, many more physical 
effects might lead to lost packets and other artifacts 
that affect network performance. These artifacts can 
rise from birds flying through the beam, to a strong, 
robust wind that twists the antenna tower. These and 
other disturbances can quickly lead to a very short-
term transport loss and ultimately audio glitches in the 
broadcast (see the accompanying sidebar on Vectis Radio 
and its Redundix installation). 

When sending audio over IP using the RTP protocol, 
missing audio data on the receiver side will result in 
audible audio artifacts (glitches) that disturb the listening 
experience. These disturbances often result in a negative 
impact on the broadcaster’s reputation.  

The answer to this problem is to send redundant data 
over the link, or on a parallel infrastructure such as the 
public Internet. On the receiver side, the stream is then 
reconstructed from the original and redundant data. 

There have been many previous methods invented to 
accomplish this task, such as the use of balanced, forward 
error correction mechanisms. These methods all share 
a common problem: They are difficult to configure; there 
are an abundance of variables to manage; and, because of 
the exceptionally high processing power required, they are 
very expensive to implement.

The expenses don’t end there: The majority of these 
implementations require the broadcaster to purchase new 
encoders and decoders that support these features, which 
means taking a perfectly functional pair of codecs out of 
service. This is why Barix has invented Redundix. 

“Healing” the RTP Stream
Barix, the industry’s pioneer and a world leader in 

Audio-over-IP technology, developed its new Redundix 
solution for improved RTP stream delivery between the 
studio and transmitter site. 

Redundix adds redundancy using two different 
technologies at its core: Time-diverse routing, where 
the same audio stream is sent twice and time-delayed 
over the same line; and divergent routing on two totally 
different router-paths. At the receive point, the redundant 
streams are combined into a single “healed” stream. 
Broadcasters can freely combine the two technologies 
and configure the time delay as it relates to their unique 
network environment. 

Barix solves the problem cost-effectively with Redundix

ADVERTORIAL



Redundix is manufacturer-independent and codec-
agnostic, because it works with two Ethernet interfaces 
as a normal standalone network device. It can be 
configured as a sender or receiver, and supports several 
modes of network operation. This includes operation as 
a standalone device in a larger network, or as a bridging 
device on a site where no dedicated switch is available. 

Redundix repairs RTP based audio streaming by 
replacing lost packets from the redundant stream. The 
effect is the removal of audio glitches on the decoder 
output. Redundix ultimately breaks new ground as a 
very cost-effective and simple to configure solution for 
broadcasters worldwide that are tasked with reliable 
Audio over IP networking, with a less than ideal data 
transport infrastructure.

Vectis Radio Improves 
Audio Quality With Redundix

Vectis Radio is the island’s voice on the dreamy Isle of 
Wight by the southern coast of England. The broadcaster 
delivers news and weather forecasts, as well as special 
community shows about the local economy and culture. 

Live broadcasts have long been affected by brief 
interruptions to the stream that were perceptible to 
Vectis Radio audiences. Andrew Nordbruch, managing 
director of Wight Computers, was tasked with tracking 
down the errors, and discovered where the glitches 
originated.

“The interruptions were caused by little convulsions 

due to the wind blowing against the small FM antennas 
on the transmitting tower,” said Nordbruch. “It was clear 
we needed to find a solution to this problem to improve 
the listener experience.”

With no fixed cable in the ground to move audio, the 
station was at the time forced to use a fixed radio link 
between the studio and tower site. Even after reinstalling 
and re-attaching the existing FM antennas, the wind still 
moved the devices around.  This is because the sending 
tower is not very large, and the winds on the island are 
often extreme. 

Nordbruch searched for another solution, and 
eventually came across Redundix. He installed the first 
device at the radio studio, and the second device in the 
cabin by the transmitting tower. Redundix was then 
configured them to support a second, time-delayed audio 
stream. Once connected, Nordbruch experimented with 
time delay to find the ideal implementation to solve his 
problem. Because the RTP packets of the two streams 
are merged together at the receiving point into a final 
stream, he can now effectively avoid the glitches caused 
by the wind. 

 “What I really like about Redundix is that there is only 
one parameter I need to set to optimize performance, 
which is delay.” said Nordbruch. “The receiving side 
communicates how many packets were lost, and how 
many Redundix was able to fix. The added bonus is that 
we can attain all this new and helpful information using 
our existing codecs.”

ADVERTORIAL

http://barix.com
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I realize this is always easier said than done but I think it is 
best to have a good connection from the start.

Amery: Latency is a measure of the responsiveness of an 
application; how instantaneous and interactive it feels, 
rather than sluggish and jerky. In contrast to bandwidth, 
which is the rate at which bits can be delivered, latency 
is the time it takes for a single critical bit to reach the 
destination, measured from when it was first required. 
This definition may be stretched for different purposes 
depending on which part is “critical” for different appli-
cations. Mostly, I like to keep the latency higher and 
increase it even more if the connection is breaking up.

Radio World: Packet loss can cause significant 
audio dropouts, and packet loss is not uncommon 
in connections over the public internet. How much 
is too much? 

Mateen: Anything more than 2 percent tells us that there 
is a problem. 

des Roseaux: It’s too much when we start to have audio 
dropouts. In those cases, we have to increase the latency. 
We can only accept this solution for small news commen-
taries. For radio live shows, we need to be reactive, with 
as little latency as possible.

Verhoeven: I prefer zero tolerance in dropouts. The level 
of compromise you make in either latency or audio qual-
ity depends on your content. Check your internet or con-

nection speed before you commit to any job in the field. 
If you need to do a voice-only remote interview or report 
where a small delay is important for communication pur-
poses, I would say to sacrifice bitrate and sound quality. 
If you have to stream music or content with high-quality 
audio, I would suggest adding buffer size and thus also 
latency, so you can keep a better bitrate and quality.

du Toit: On the Z/IP codecs that we use, the buffers com-
pensate for a small amount of packet loss. Packet loss is 
acceptable up to the point of audio interruptions.

Kline: That depends on the nature of the broadcast. Is it a 
four-hour football remote? Is it a two-hour client remote 
with a handful of two-minute breaks? Or is it a 24/7 nailed-
up STL link? If it is a four-hour non-stop football remote, 

then there may be no margin for error — no clicks or drop-
outs allowed. Would you even allow one “pop” of audio 
during the Super Bowl with millions of people listening? 
For a short single client remote with a few quick DJ breaks, 
an occasional “pop” that might not even make it on the air 
might be OK. It also depends on the bandwidth options 
available. If only 4G is available inside a building and the 
remote is only for a few minutes, and it has to get on the 
air, then you tweak your latency/buffer settings (these can 
be automatic) and do the best you can.

Amery: In most cases, I carry out network performance 
troubleshooting to find if the problem is related to pack-
et loss or excessive latency. Packet loss is literally when 
you do not receive a packet. This can be caused by a vari-
ety of factors, such as RF interference, dirty fiber connec-
tors, oversubscribed links and routing issues.

Radio World: Is it important that a codec continually 
attempt to reconnect if the connection is inadvertently 
dropped? 

Mateen: Not really. But depends on the scenario. 

des Roseaux: Today, most codecs have an auto recall 
option. For us it’s essential because 80 percent of our 
connections are made by a journalist alone. As he or 
she is not a technician, the codec needs to be in an auto 
recall mode. 

❱ Continued from page 11

Andre du Toit is head of technical for Primedia 
Broadcasting, South Africa.

Would you even allow one “pop” 
of audio during the Super Bowl with 
millions of people listening? 

— Gary Kline
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Verhoeven: I think it is. In some cases it’s not possible to 
physically monitor the encoder or decoder. Sometimes 
the hardware device is located in a tech room maybe on 
a different floor and there is no time to have a technician 
run over to it to try a manual reconnect.

du Toit: Our codecs are setup to auto reconnect for up 
to five seconds, but we always have a broadcast engineer 
onsite monitoring and they will intervene if necessary.

Kline: For nailed-up STL connections I always set the 
modem to reconnect automatically. For anything else, it 
depends on the situation. 

Amery: Yes, It is very important for a codec to continu-
ously attempt to reconnect if the connection or signal is 
dropped. Otherwise the work needs to be taken from the 
top, and that takes time.
 
Radio World: Do you prefer working with a desktop or 
rack-mounted codec? 

Mateen: Rack-mounted. 

des Roseaux: I prefer a rack-mounted codec. It’s more 
simple to use for a journalist and it’s a dedicated device 
for live broadcasts. 

Verhoeven: In professional situations I have always 
worked with hardware codecs in rack-mounts, but I feel 
— with the huge popularity of streaming content and 
podcasts — that desktop codecs and streaming apps are 
gaining significantly in market share.

du Toit: We work with rack-mounted codecs only, kept in 
flight cases for better durability and quicker setup time. 
Our base units are mounted in climate controlled envi-
ronments.

Kline: If it is in the studio, I always prefer rack-mount. If in 
the field, usually portable (desktop). Unless it is located in 
a “remote kit,” where there is a portable rack with some 
other gear in it. Often these are used for sports remotes or 
larger remotes. Everyone has their own preference on this.

Amery: Personally, I prefer rack-mount, since it provides 
more stability for my requirements. But, for many, both 
are acceptable.

Radio World: How important is it to be able to get 
remote access to the codec while it is in use? For 
example, do you want to be able to make changes  
in its configuration even after the remote broadcast 
has started? 

Mateen: Absolutely. It is very convenient to be able to 
have such an option, and also be able to configure the 
codec while broadcasting. 

des Roseaux: Today it’s really important to get remote 
access to the codec. A good IP connection depends on a 
lot of network presets, and fake presets. It’s too compli-
cated for reporters to configure their device, and it’s not 
their job to do so. That is why I like to have remote access 
to manage the control.

Verhoeven: In my opinion it is extremely important to 
have remote access to the codec. As mentioned before, 
it’s not always possible to have a technician available 
when things go south. If you have sufficient knowledge 
about what you’re doing and the device itself or the soft-
ware doesn’t adjust automatically it must be possible to 
manually correct latency or quality of the connection. Or 
even reset the codec if needed.

du Toit: This is very important to us as we can moni-
tor the status in real time and make any configuration 
changes if necessary.

Kline: I would say it is important to always have that 
capability. Commonly, for station remotes, there is a 
remote technician (or DJ) who is responsible for setting 
things up at the far end. This person may or may not be 
codec expert with in-depth knowledge of every setting 
in every menu, but he or she certainly knows enough 
to connect and how to change bitrates or algorithms 
— things that can fix common problems. And for sit-
uations where they can’t figure out how to resolve an 
issue outside of the studio, I use remote access to make 
and disconnect connections, change algorithms, update 
firmware, etc. 

Continued on page 16  ❱

Gary Kline is owner and 
CEO, Kline Consulting 
Group, United States.
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Amery: This is a very good question because it’s 
extremely important to be able to change codec configu-
ration during projects as required.

Radio World: How important is N/ACIP compatibility? 
Do you ever connect different brands of codecs to one 
another? 

Mateen: Any new device that has N/ACIP compatibility 
would be a plus. Our station has not connected different 
brands together thus far.

des Roseaux: It’s rare for us to connect different brands 
of codecs to one another. But when it’s happen, N/ACIP 
compatibility affords us the possibility to easily connect 
two different brands together.

Verhoeven: Yes, I think it’s very important, and we do 
use different brands. I understand that some manu-
facturers want to protect their name by implementing 
exclusive protocols, but on the other hand in this day and 

age it’s all about ease of use and interchangeability in a 
fast-paced working environment. Sometimes in the field 
you land in unforeseen circumstances where you need to 
improvise and if you have a brand that instead limits pos-
sibilities and slows down your workflow, you’ll be think-
ing twice on what to use on your next assignment.

du Toit: We always connect Telos Z/IP to Telos Z/IP.

Kline: Not that often. I think it makes sense and is 
important to have as an option — especially as a travel-
ing remote engineer who carries one type of codec and 
connects to lots of different studios. Or for a studio that 
owns one type of codec and has regular special guests 
from out of town, who then need to connect to their 
home base, which may have a different codec. But again, 
personally, I don’t do it often. 

Amery: For the moment we haven’t tried to connect two 
different brands of codecs but I am sure we will in the 
future.

Radio World: Do you think codecs will remain a phys-
ical unit or will they be replaced by software applica-
tions, which are integrated into smartphones, tablets, 
etc.? 

Mateen: It depends on the environment. For example, 
a small setup could do with software application, but a 
larger broadcaster generally requires good hardware if 
they could afford to invest in it. 

des Roseaux: In my opinion, codecs need to be a phys-
ical unit for two reasons: Firmware stability and good 
audio circuit interface. A software codec needs to be 
installed on a desktop and operating systems are never 
stable enough. 

Verhoeven: I think eventually it’s inevitable. We are not 
far away from a complete streaming radio studio inside 
your phone. It may be already possible today. Next thing 
you know you’ll be making a complete show from your 
smartphone while sitting on a bus with an elderly lady 
with groceries next to you.

du Toit: I think there will always be room for both, but 
the technology is already being integrated into smart-
phone, tablets etc.

Kline: Physical units and software applications have 
coexisted for many years. You can choose either and 
even cross-connect them (smartphone to physical unit). 
This is standard practice. Do I think one will ever replace 
the other completely? No. 

Amery: Using software codecs on smartphones and tab-
lets certainly simplifies the task and eliminates the need 
for additional devices when managing remotes. But for 
us that is still costly. So hopefully in the future, prices will 
decrease. n

❱ Continued from page 15

Masood Amery is  president 
of Afghan Paiwastoon Media 
Communication, Afghanistan.

In this day and age it’s all about 
ease of use and interchangeability 
in a fast-paced working environment.

— Peter Verhoeven
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By Nathalie Skladanek 

The Iqoya *X/Link from Digigram 
is a 1U rack audio codec designed 
for the delivery of one or several 
audio programs over IP networks. 

The unit can be used in legacy 
analog and AES/EBU audio infra-
structures, as well as in full-IP infra-
structures, thanks to the support 
of Livewire, AES67 and Ravenna 
technologies.

Using the Digigram advanced 
FluidIP technology, Iqoya *X/Link 
offers a set of features allowing 
for the transport of audio content 
over managed and unmanaged 
networks and for the continuity of 
audio service on transmitter sites.

According to the company, the 
unique features of the Iqoya X/Link 
are its four RJ-45 network ports, 
allowing for the integration into full 
IP infrastructures (full separation 
of IP traffic: AES67/Ravenna, dual 
streaming on WAN, control). 

The multi-encoding and 
multi-protocol streaming lets users 
stream a radio program simultaneously to transmitter 
sites, DVB multiplexers, MPEG-TS/IP, web radio CDNs, Ice-
cast/Shoutcast and other studios.

The system can support up 
to 16 I/O channels (four ana-
log I/O channels, four digital 
I/O channels on AES/EBU, and 
AES67/Ravenna IO channels) 
and has a full AES/EBU trans-
parent transport through PTP 
or external 10 MHz synchro-
nization.

Iqoya *X/Link is based on a 
low-consumption, fanless and 
dedicated hardware platform 
powered by two redundant 
power supply units. It features 
four analog audio I/Os, two 
stereo AES/EBU I/Os and sup-
ports synchronous AoIP I/Os 
(Livewire, AES67, Ravenna). 

In addition, the unit sup-
ports from one to eight 
stereo I/Os, and allows for 
multi-format and multi-proto-
col encoding and streaming 
of each audio source. The 
four network ports allow for 

the full separation of IP traffics: control and monitoring, 
redundant dual streaming through two network paths, 
and synchronous AoIP (Livewire, AES67, Ravenna). n

Digigram Iqoya *X/Link 
Offers Flexible Operation
Can be used in analog audio or in full-IP infrastructures

A front view of the Digigram Iqoya 
*X/Link.

http://www.digigram.com


By Nick Straka
Owner of NS Radio Engineering, Inc.

I’ve been in radio engineering for 23 years — for the 
past 9 years, I’ve owned a broadcast engineering company 
(NS Radio Engineering, Inc.). I work with clients of all 
sizes, from larger stations in New York, to little stations 
100-150 miles outside the city. My clients run the gamut 
from low-powered FM stations to New York City Class Bs. 
My job is to help my clients find the best equipment for 
their needs, and to help them install and maintain it. For 
stations of all sizes, I’ve recommended Comrex ACCESS 
NX and BRIC-Link units. 

Simple Remotes
I’ve put several ACCESS 2USB units into the field, and 

recently got to deploy my first ACCESS NX for Rutgers 
University. They were already using an ACCESS 2USB for 
football games and sports coverage. They wanted another 
ACCESS to get their sideline reporter on the air as well 
— it’s much easier for them than trying to coordinate 
wireless microphones. ACCESS NX was a perfect solution 
for them. They can plug in two microphones, and for a 
sports broadcast they can get their play-by-play and color 
announcers connected without having to lug around a 
mixer.

Because they had already been using ACCESS 2USB, 
transitioning to ACCESS NX was a breeze. It took 5 
minutes to orient the students, show them where the 
new buttons were, and do a test. They absolutely love it. 
Especially when they have to fly to other sporting events, 
it’s very easy for them to throw it in a carry-on bag and 
get on a plane without much extra equipment. 

Reliable IP Audio
At this time, I have at least 50 BRIC-Link units in 

the field with various clients. They’re deployed on a 
wide variety of connections — I’ve got them hooked 
up to MTLS lines, to really crappy DSL lines, to cable 
provided internet, and they’re effective in all of those 
environments. 

I recommend BRIC-Link for all sizes of stations. If 
you’re a big-billing station, you’ll probably have multiple 
paths — BRIC-Link may not be your primary path, but it’s 
a great back up. And for stations with a smaller budget, it 
just works. I tell my clients regularly - if you buy a BRIC-
Link II, you install it once, and it’s going to work. After 
I install a BRIC-Link, I often don’t have to think about it 

again, which is a very good thing. They just sit there and 
run, which is the best thing you could hope for from any 
piece of broadcast hardware. 

I have a BRIC-Link II on a mountaintop in New York 
State, which is being fed from an internet drop on a 
mountain top that’s 55 miles away — the connection is 
microwaved over to the studio through a couple different 
hops. Initially, we were dealing with some packet jitter, 
so we took the buffer out to 3 seconds and haven’t had a 
problem since. BRIC-Link II gives you more than just the 
ability to connect a codec — you have a whole tool bag full 
of options that you can use to massage the connection 
and make it work for you. Plus, BRIC-Link II includes 
CrossLock, which lets you use two networks at the 
same time seamlessly — if you have a network drop out, 
CrossLock can switch over to your backup, and you won’t 
even notice it happened. 

For any station who does remotes — whether they do 
them constantly, or just do a few over the course of the 
summer — ACCESS NX will pay for itself. Plus, it won’t 
have the tune out factor of a cell phone. In a market of 
any size, if you invest in a BRIC-Link II for the studio and 
an ACCESS NX for the field, for a modest investment you 
have a killer remote kit that can literally go anywhere. 

ACCESS NX and BRIC-Link II —  
Codec Solutions For Any Market

ADVERTORIAL

BROADCAST RELIABLE

Comrex ACCESS NX

USER REPORT

www.comrex.com

http://www.comrex.com
http://www.comrex.com


By Mark Heller
Owner of WGBW-AM and WLAK-AM

Thirty-five years ago, I purchased an AM radio station 
(WGBW-AM), which now covers the greater Green Bay 
market from Denmark, Wisconsin. It’s a ‘Do It Yourself’ 
daytime AM — it required a complete rebuild. We put in a 
new tower site, new transmitter building and replacement 
of transmitter and audio chain, as well as a new tower. 
(WLAK-AM, New Holstein-Chilton, WI)

My goal was to run both stations from one location, but 
FCC rules precluded that. So I set up two studios, 25 miles 
apart, and used profits from the 10,000 watt fulltime 
station to offset the costs associated with the second 
station, which operates in the daytime at 350 watts.

Since then, the FCC has modernized its rules, and I’m 
able to use the same programming on both stations. To 
make this work, I configured two nearly identical audio 
paths, delivering identical content to each station. To 
bridge the 25 mile distance between the two stations, 
I decided to use Comrex BRIC-Link II for his studio-to-
transmitter link.

A Long-Time Comrex User
Prior to purchasing my radio station in 

December of 1982, I was Chief Engineer at 
WVON-AM and WGCI-FM in Chicago. The 
stations were the home to the Chicago Bulls 
radio broadcasts and we used Comrex 
Frequency Extender to utilize POTS telephone 
circuits to do the games.

Leasing satellite time by the hour was an 
expensive proposition in 1980. The original 
Comrex equipment allowed us to hear the 
bouncing basketball, as well as the squeak of 
the player’s shoes on the court. I could see the 
same commitment to quality in the reliability 
and economical cost of the BRIC-Link II units.

Minimum Delay Counted  
in Nanoseconds

The units were tested for about three 
weeks prior to launch. Because we’re using 
Comrex Switchboard, it’s easy for me to 
connect flawlessly. It took a bit of work to 
configure the internet router to support 
port forwarding, but between Comrex tech 
support and the telephone company, we 

solved the problem quickly and efficiently.
Even though our STL connection spans 25 miles, the 

delay with BRIC-Link II is barely noticeable. It’s easily less 
than the time it takes to push a button on a car radio - 
when I monitor statistics, the delay is only nanoseconds.

Minimum Downtime
The most useful feature is the ‘search and rescue’ 

feature of the BRIC-Link II. Search and rescue 
automatically searches for the unit on the other end of the 
connection in the event of a power failure or phone line 
glitch. BRIC-Link IIs CrossLock feature ensures a good 
connection is there.

Fm Translator Solution, Too
With an FM translator coming to many AM radio 

stations, Comrex BRIC-Link II offers another way to send 
stereo audio to an off-site FM translator reliably and 
reasonably. Although I predominantly use the BRIC-Link 
II in mono mode, there’s also a stereo function, and each 
unit can be configured as a two-way unit for monitoring or 
feeding from a second studio location.

Main Studio Rule Change?  
BRIC-Link II to the Rescue!

ADVERTORIAL

The author and a Comrex BRIC-Link II.

USER REPORT
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By Hartmut Förster

The author is APT product manager for WorldCast 
Systems.

A paradigm shift has been taking place for several 
years, as we move gradually toward fully networked IP 
broadcasting facilities in which there will be almost no 
discrete audio signals.

The focus of networking has shifted to the broadcast-
ing facility where in-house structures increasingly feature 
IP protocols such as AES67, Ravenna, Livewire, Wheat-
stone and Dante. This change may be driven by the man-
ufacturers of production equipment, but it will undoubt-
edly also have an impact on audio codecs, as they will be 
required to fit seamlessly within this new infrastructure. 

The move toward an “all-IP” facility necessitates a redef-
inition of both the role played by the audio codec, specif-
ically when deployed in STL/SSL applications and also the 
key features that a prospective purchaser should seek out. 

THE CLASSIC AUDIO CODEC
In the past, the definition of a good audio codec gener-

ally was one that was equipped with a plethora of audio 
formats, able to connect with many third-party brands, 
and conformed to many standards.

This “classic” audio codec was designed to cover as 

many application areas as possible 
and hence support a multitude of 
algorithms and modes. However, 
for STL/SSL applications, audio 
formats should be limited to those 

that offer high signal fidelity with 
moderate or zero compression. High-

ly efficient low-bitrate formats are not 
required or desirable in today’s high-band-

width distribution networks.
Another aim of the classic codec was to be interop-

erable with many brands. The EBU has spent 10 years 
working to harmonize compatibilities to achieve this, and 
many codecs highlight N/ACIP compliance amongst the 
current feature set. However, the ability to connect with 
many other manufacturers increasingly is irrelevant with-
in many of the new emerging STL applications.

Interoperability still plays a crucial role within codecs 
designed for mobile use in remotes and OB applications, 
so the efforts made in this regard are still useful. As a 
result, we are likely to see a greater diversification in 
codec design depending on the application. Whereas the 
classic codec was designed to cover all scenarios, we will 
see a very different feature set emerging for the modern 
remote codec than for the modern STL codec.

THE MODERN GATEWAY CODEC 
With formats and interoperability no longer a priority, 

the desirable feature set of the modern STL codec begins 
to look very different. 

The Audio Codec: 
Redefined
Examining the impact of modern IP infrastructures  
on codec design and features

GUESTCOMMENTARY

MPXoIP: Impact 
of packet losses 
on the carrier 
shown in a. with 
protection and 
in b. without 
protection.

http://worldCastsystems.com
http://worldCastsystems.com
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Networking capabilities
The role of the modern gateway codec is to connect 

the LAN domain of a studio and the WAN domain. In 
many ways it acts similarly to a network router; the codec 
should appear in the infrastructure as a network unit 
with addressable inputs and outputs and can be integrat-
ed into the management systems of the studio.  

An important asset of a modern gateway codec is its 
ability to integrate into the existing in-house network. 
While this varies from facility to facility, it should support 
AES67 as a minimum.

Hardware considerations
Converting an in-house audio stream into a WAN-com-

patible format with the lowest possible latency requires 
computation power so separate DSP based hardware is 
advisable for a gateway codec.

The codec should be adapted to the size of the broadcast-
ing organization and support a sufficient number of audio 
channels to meet both current and future requirements.

As separate hardware, care must be taken to ensure 
that the device is designed to be redundant and that the 
redundant components are hot swappable. 

Timing
Support for the distribution of complete FM Multiplex-

es (MPXoIP) will be important for some broadcasters. 
For those working in the distribution of MPXoIP where 

the same program is transported to multiple transmitter 
sites, engineers should be aware of the issues that can 
be caused by latencies along the transmission link. It is 
advisable to seek out a codec that provides time align-
ment in the network and minimizes artifacts and RDS 
jumps at the transition point from one transmitter to 
another. To accomplish this, the encoder and decoders 
must be connected to a common network time base.

Stream Protection
In professional broadcast audio, packet loss invariably 

leads to audio dropouts and is to be avoided at all costs. 
The much-discussed FEC (Forward Error Correction) is not 
a perfect solution for relative low-rate audio streams and 
should be viewed critically. On the other hand, redun-
dant streaming has emerged as a very successful solution 
that is easy to implement. 

Redundant streaming is not implemented identically 
in all codecs and care should be taken to ensure that the 
technology chosen provides flexibility of stream routing, 
flexible use of physical and logical network ports and 
no limitations on the number of streams. It is also highly 
recommended to ensure that you can access monitoring 
statistics to review the effectiveness of the redundancy.

While undesirable in many broadcast scenarios, packet 
loss in MPXoIP or EDI broadcasts (EDI is for the DAB Digi-
tal Radio standard) simply cannot be tolerated. A packet 
loss in the EDI stream always leads to an audible dropout. 
Errors in the FM MPX signal caused by packet loss lead to 
overmodulation of the FM carrier.

For this reason, two-layer protection is recommended 
for such signals. In the case of MPXoIP, this would mean 
redundant streaming plus additional protection such as 
over-modulation cancellation. 

THE CODEC FOR AN “ALL-IP” WORLD
As broadcasting infrastructure increasingly is governed 

by RJ-45 network cables, switches and routers and much 
less by discrete audio connections, it is inevitable that the 
audio codec for STL applications must adapt to fit seam-
lessly in this new environment.

The modern gateway codec that is emerging must 
provide a redundant, scalable, DSP-based gateway to 
the WAN that offers a high level of protection to its mis-
sion-critical broadcast streams. n

The modern gateway codec within the broadcast chain. 
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By Brett Moss
 
From Oz to Minneapolis 

— Australia’s “Off the Bench” 
radio show, a production of 
Crocmedia, makes an annual 
pilgrimage to the Super Bowl 
for some onsite coverage, 
piped back Downunder. 

Committed to being kitted 
out with equipment from 
fellow Australian company, 
codec maker Tieline, the 
broadcast team of Craig 
Hutchison and Gerard 
Whateley, brought with them 
a Tieline ViA IP codec for 
relaying the program back to 
the main studio in Melbourne, 
Victoria.

Despite communicating 
with parties halfway around 
the world, the crews and 
codec worked it out. 

Crocmedia’s IT Broadcast 
Engineering Director George Biagioni said: “Craig Hutchi-
son and Gerard Whateley were on the ground in Minne-
sota, and announcer Liam ‘Pickers’ Pickering and Dr. Turf 
were at our Melbourne studio each day for the show in 
the lead up to the big game. … Audio from the guys in 
Minnesota was mixed with Pickers’ audio in Melbourne, 
so we needed very low latency audio communications 
between Melbourne and Minnesota to make it work.”

He added, “The ViA codec connected flawlessly to 
our [Tieline] Genie Distribution codec in Melbourne and 
delivered very low latency audio between 60 and 100 
ms, for several hours of broadcasting each day over IP. It 
never missed a beat which was impressive.” 

The Via was even called in to substitute for the call of 

the game itself. “We had been supplied an ISDN codec 
for play-by-play coverage, but we just couldn’t get it to 
reliably connect to our ISDN codec back to Australia. 
Luckily we had our Tieline ViA with us and it saved the 
day. We connected for four hours live over IP at 128 kbps 
using Music PLUS encoding and it worked a treat,” said 
Biagioni.

So it looks like the Via has made the team, according 
to Biagioni: “The Australian Football League season starts 
again in March and ViA will be at the front line of our 
national coverage. ViA’s internal battery means we can 
broadcast from virtually anywhere for hours and we can 
stream using USB modems, Wi-Fi or Ethernet connec-
tions, so every option is covered.” n

Aussies Visit Super Bowl 
With Tieline
“Off the Bench” goes live from Radio Row via ViA codec

Craig Hutchison, left, and Gerard Whateley of “Off the Bench” originate their Australian program 
from the Super Bowl Radio Row with a Tieline ViA IP codec.

http://www.tieline.com/products/G5/ViA-the-remote-revolution 


Audio over IP is nowadays widely used for streaming 
audio content out of the radio facilities, typically in 
applications such as live outside broadcasting, STL, SSL, 
DVB audio, and WEB radios. By offering audio codecs 
specifically designed to transport IP audio programs 
over IP networks, Digigram has contributed to the fast 
adoption of IP networks in radio broadcasting, and has 
sold more than 10 000 IQOYA codecs worldwide. 

Thanks to the AES67 standard, designed to allow 
interoperability between various IP-based audio 
networking systems, more and more radios now move 
their in house audio infrastructure from legacy (analog, 
AES/EBU, MADI) to audio over IP.  

The new IQOYA X/LINK range facilitates the migration 
to end-to-end IP audio infrastructures. It offers products 
based on a new powerful and low consumption dedicated 
hardware platform, which directly inherits from the 
technologies used on the acclaimed IQOYA *SERV/LINK 
(the 1U rack multichannel codec able to support up to 64 
stereo channels) and IQOYA *LINK (stereo IP audio codec). 
Main standard features of the X/LINK range are:

•  4 network ports for full separation of IP audio trafics 
(AES67/RAVENNA/Livewire, dual streaming on WAN, 
and control), 

•  two redundant power supply units, 
•  Digigram Fluid IP technology (the first IP audio 

streaming engine to offer the redundant dual 

streaming over two separate network links).
•  Multiformat encoding and multiprotocol streaming of 

an audio source (RTP, MPEG-TS, Icecast/Shoutcast), 
allowing to deliver the audio program simultaneously 
to FM transmitters, WEB radio CDNs, and DVB 
multiplexers, in various formats and quality

•  Transcoding of IP audio streams
•  The audio I/Os can be analog, AES/EBU, AES67, 

RAVENNA, or Livewire, and can be processed at the 
same time as  stereo and mono

•  Support of VLANs and Qos
•  Intuitive WEB GUI, monitoring/configuring/alarming 

via SNMP 

The range is composed of the following units:
•  IQOYA X/LINK: stereo codec with front panel LCD 

display and keypad, vu-meters and headphones, 
supporting analog, AES/EBU and RAVENNA/AES67

•  IQOYA X/LINK-LE stereo codec with vu-meters and 
headphones 

•  IQOYA X/LINK-Dual is a dual stereo (4 mono 
channels) codec with front panel LCD display and 
keypad, vu-meters and headphones

•  IQOYA X/LINK-AES67 is a stereo to multi-stereo 
codec dedicated to AES67/RAVENNA connectivity, 
and which number of supported I/Os can be increased 
through software licences to up to 8 stereo channels.

Other flavours of products will follow, dedicated to 
Dante connectivity, and to MPX transport.

Stereo to Multi-stereo IP Audio 
Codecs for Analog, Digital and 
Full IP Audio Infrastructures

Contact:
Nathalie Skladanek, Communication Director, 

skladanek@digigram.com

ADVERTORIAL

https://www.digigram.com/audio-over-ip/
mailto:skladanek@digigram.com
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By Doug Irwin

An STL system is just as crucial, in a radio station’s air 
chain, as the transmitter or antenna. After all, if there’s no 
audio to transmit, even the best transmitters and anten-
nas are of little use. No one tunes in to hear dead air.

Every radio station should have, at minimum, two 
ways to get program audio to the transmitter site. 
A radio STL at 950 MHz is a good option for one of 
the two means. “Wireline” of some sort is a good 
choice as well. (By wireline, I mean any type of con-
nectivity provided by the local exchange carrier — 
whether audio circuits, T1s, or metro Ethernet.) 

Technology diversity is the best way build redun-
dancy in to your STL system. Your primary and aux-
iliary STLs should not both be of the same type; if 
you use wireline for the main, use radio for the aux, 
and vice-versa.

Let’s take a look at the reasons for this assertion 
of mine. 

PROBLEMS WITH RADIO LINKS
While private radio links make great STLs, they 

are subject to problems, including:

• Outright equipment failure
• Antenna/transmission line failure
• Interference that just shows up one day
• Deep fades

Let’s talk about mitigating these issues one at a 
time. 

EQUIPMENT FAILURE
This is the most likely means by which you will 

“lose” your STL. Clearly, the best way to get around 
this is to have a standby transmitter and a standby 
receiver, both of which can be switched ON using 
remote access. The receiver part is easy — derive 
two separate antenna feeds, drive the input of both 
receivers, and then put a switch on the outputs so 

that either can feed your air-chain. 
The transmit side is a bit more difficult since they both 

can’t be radiating at the same time. The most practical 
approach is to use an RF switch to select the output of 
one of the two transmitters to drive the transmit antenna.   

A better approach is to have separate transmit anten-

Best Practices —  
STL System Diversity
Technology diversity is the best way build redundancy into your system

 Transmission equip-
ment serving eight 
radio stations at iHeart-
Media’s Los Angeles 
studio facility.
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nas. No RF switch is necessary then, but you’ll still 
need a way to turn one transmitter ON and have 
the other OFF, and the ability to reverse their roles.  

ANTENNA AND/OR TRANSMISSION  
LINE FAILURES

Another way radio STLs fail is by way of bad 
connections on transmission lines and antennas. 
Often, they sit out in the weather for years, and 
if they were not installed correctly to begin with, 
problems can show up several years down the 
road.  

If you have two receivers, ideally they can be 
fed by separate antennas; that way, a failure in the 
receive antenna system won’t leave you with two 
non-working receivers. Separate feeds are best, 
even if one is from an inferior antenna.

Likewise, on the transmit side, having a choice of 
antennas provides an advantage. Even if you have 
two transmitters, having a bad transmit antenna 
will leave you with little prospects. This type of 
problem often shows up at the worst time as well 
— say, for example, in the winter — so getting 
someone out to fix it might not be as easy. 

NEW INTERFERENCE
950 MHz band resources typically are shared 

among multiple users in a market. The unfortunate 
reality is that a radio system that is working fine 
one day can sometimes be interfered with the next, leav-
ing you scratching your head. 

New systems come up (though you should know about 
any of them through the Prior Coordination Notification 
protocols) and create problems unexpectedly; a random 
transmitter in the field might develop spurious emissions 
that accidently show up on your channel; and there’s 
always the possibility of newly developed intermodula-
tion products at the receive site. 

If you are using a digital system, there’s also the pos-
sibility of desensitization of your receiver because of 
strong, local carriers that are nowhere near your own 
frequency. 

These types of problems rarely are solved in a day, 
and the best way to be prepared is by having one or two 
other means by which program gets to the transmitter 
site. 

DEEP FADES
If a path is poorly designed or has other problems that 

hadn’t come to your attention previously, you might 
experience signal fades that are deep enough to make 
your receiver “mute,” causing dead air.  

When you first start at a station, you should take note 
of RSSI levels on the receiver(s) and also forward and 

reflected power readings on the transmitter(s). 
Sometimes transmission line problems can make the 

signal weak at the far end (though still receivable) while 
not knocking it all the way out (i.e., fade margin is unex-
pectedly used up). 

Antennas that are not aligned properly can cause simi-
lar problems. 

RADIO PLUS WIRELINE STRATEGY
To reiterate, technology diversity is the best way build 

redundancy in to your STL system.  There’s simple logic 
behind this idea.

While there are four primary ways to have a radio sys-
tem knocked out (see above), none of them is related to 
the performance of “wireline.” If you experience any of 
the four you can switch over the wireline and keep going 
while you figure out your radio problems. 

Conversely, wireline problems, when they happen, will 
be totally unrelated to any 950 MHz system performance. 
Wireline issues would include fiber cuts, power outages 
and other miscellaneous central office equipment fail-
ures. 

One exception I will point out is the use of Part 101 
radio systems. It would be acceptable to use 950 MHz 
and 11 GHz radio systems as main and auxiliaries. n

Two 10-foot grid dishes shine toward Mt. Wilson from iHeartMedia’s Los 
Angeles studio facility.

D
ou

g 
Ir

w
in



TRENDS IN CODECS — FROM DESIGN TO APPLICATION
Radio World International Edition  |  April 2018

26

By Alexander Zink and Stefan Meltzer

Alexander Zink is senior business development man-
ager for digital radio and streaming applications at 
Fraunhofer IIS. Stefan Meltzer is technology consultant 
for Fraunhofer IIS.

The nature of broadcasting entails the benefits of 
high service reliability as well as a flat-fee transmission 
cost to serve a virtually unlimited number of concurrent 
listeners in the target area. 

Internet streams of radio programs have become more 
important in the past decade, but suffer from a cost 
structure that does not scale well with a growing number 
of listeners, and they do not provide the same quality 
of uninterrupted service as a terrestrial transmission 
infrastructure. At the same time, broadcasters have been 
looking for integrated solutions that unify the encoding 
and service preparation for digital radio services and 
Internet streaming services. 

XHE-AAC FOR ADAPTIVE STREAMING  
AND DIGITAL RADIO

There are several audio codecs in 
use for radio broadcasting and stream-
ing that vary significantly in their abil-
ities to provide and maintain reliable 
audio quality at low bitrates, which 
may lead to poor sound quality and/
or dropouts along with service inter-
ruptions when bandwidth is reduced. 
Previously, especially under these 
challenging conditions, broadcasters 
and service providers had to select 
and prioritize either an audio or a ded-
icated speech codec, which resulted in 
poor quality for some signals. 

In order to enable consistent 

high-quality 
audio at all 
bitrates for all 
signal and con-
tent types, such 
as mobile audio 
and video 
streaming or 

digital radio, and to bridge the gap between the separate 
worlds of audio and speech coding, the audio engineers 
from Fraunhofer IIS co-developed MPEG xHE-AAC. The 
xHE-AAC codec, which is equally optimized for speech 
and music content, eliminates the need for broadcasters 
to change configuration settings based on the type of 
audio content.

As the most recent and advanced member of the AAC 
codec family, xHE-AAC was designed for adaptive stream-
ing and is the only perceptual audio codec that covers 
the entire bitrate spectrum. The coding efficiency of xHE-
AAC allows broadcasters to benefit from a streamlined 
encoder infrastructure and consistent service quality 
across all distribution platforms. 

New Audio Codecs Help 
Overcome Old Issues
From mobile efficiency and reliability to  
immersive interactive sound experiences

GUESTCOMMENTARY

MPEG xHE-AAC is the latest and backward-compatible member of the AAC codec family.

https://www.fraunhofer.de/en.html
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Consumers can enjoy 
continuous playback even 
under challenging network 
conditions, thanks to the 
codec’s unparalleled audio 
quality and dynamic bitrate 
adaptation feature where 
player apps can monitor 
available bandwidth and 
automatically switch to 
lower bitrates if needed 
(as low as 6 kbps per chan-
nel). Once full-bandwidth 
network connectivity is 
restored, xHE-AAC seam-
lessly adapts to the higher 
bitrates. xHE-AAC possesses 
the unique capability to 
switch across the full range 
of bitrates — from ultra-bi-
trate-saving up to transpar-
ent audio quality.

The ability to deliver good quality even at the lowest 
bitrates means the xHE-AAC codec can provide billions of 
2G network users with streaming services — thus report-
edly up to 90 percent of potential streaming users in 
some emerging markets can now receive reliable service 
for the first time.

xHE-AAC is also suitable for terrestrial digital radio 
broadcasting and was adopted as mandatory audio 
codec by Digital Radio Mondiale. xHE-AAC enables the 
transmission of multiple stereo programs, along with 
data services such as Journaline, via a single DRM trans-
mitter within the existing frequency allotments in the AM 
and FM bands. 

Thanks to the new codec, a DRM transmission offers up 
to three audio stereo services within half the bandwidth 
of a single analog FM transmission or two audio services 
on a MW transmission. DRM broadcasters also benefit 
from a simplified broadcast head-end codec configura-
tion where all audio parameters are automatically opti-
mized internally by the xHE-AAC encoder. 

Suitable for both terrestrial broadcasting and stream-
ing, the xHE-AAC technology recently was added to the 
AAC patent pool administered by Via Licensing at no 

additional cost to licensees. This can be considered an 
industry game-changer in delivering next-generation 
audio efficiently and affordably.

MPEG-H 3D AUDIO FOR INTERACTIVE  
AND IMMERSIVE SOUND

On the other side of the application spectrum, where 
data bandwidth typically is not an issue, broadcasters 
are looking for new innovative features to attract a larg-
er audience. A prime example of this is the MPEG-H 3D 
Audio format, which lets viewers personalize their audio 
mix and allows broadcasters to transmit a real immersive 
3D audio experience in addition to stereo and 5.1 sur-
round sound.

Substantially developed by Fraunhofer IIS, MPEG-H 
3D Audio provides broadcasters with new tools, such as 
object-based audio and ambisonic audio representation, 
along with additional audio channels. 

The MPEG-H Audio format is already part of the ATSC 
3.0 and DVB television standards and has been on air in 
South Korea since May 2017 as the sole audio codec of 
the first regular terrestrial UHDTV service worldwide. In 
addition to being integrated in TV broadcast, MPEG-H 
Audio is suitable for OTT services and can be implement-
ed in smartphones, tablets, soundbars and VR headsets. 
The codec’s universal delivery feature tailors audio play-
back to sound best on a wide range of devices and listen-
ing environments. 

MPEG-H is also on its way to transform streaming 
services of the future: The EU project Orpheus is explor-
ing possible pathways for future high-end audio-only 
streaming content, utilizing MPEG-H’s key features for the 
delivery of interactive and immersive audio. n

The xHE-AAC codec is suitable for all bitrates.

The xHE-AAC codec eliminates  
the need for broadcasters to change 
configuration settings based on the  
type of audio content.



Tieline continues to revolutionize remotes by integrating comprehensive new file 
recording and playback features in the ViA remote codec. ViA is the radio industry’s 
foremost codec for a diverse range of live remotes and the new record and playback 
functionality lets you stream live, record, and play audio files. Then upload your 
show as a podcast within minutes of going off the air!

Unprecedented Record and Playback Functions
Flexible touch screen record and playback functions in ViA allow you to:

 • Select input sources to record.
 • View and manage recordings.
 • Create playlists of local recordings and imported files.
 • Control playback routing to specified codec encoders, as well as analog and digital outputs.

“It’s like taking an entire radio studio with you on the road…”

With the inclusion of record and playback functionality you no longer need outdated or additional outboard gear like 
mixers, equalizers, compressors, recorders and playback machines – with ViA it is all-in-one and ready to go!

An Entire Studio in One Compact Box
Create playlists which include music, ad breaks, pre-packaged files with recorded interviews, voice overs, intros 

and outros, then play and stream all this content live from the remote location! It’s simple to create playlists and add or 
remove files, plus you can change the order of files in seconds.

Podcasts Created in Minutes at the Remote Site…
Record your live show in MP3 format and then upload the show immediately after you go off the air! ViA makes it 

simple to produce & record your own broadcast quality podcasts to removable media.

Remotely Control ViA with Tieline’s New Cloud Codec Controller
Your entire network of ViA and Tieline codecs can also be managed remotely with Tieline’s new Cloud Codec 

Controller. This provides online/offline status, connection status, link quality, remote monitoring and adjustment of 
input levels, plus the ability to remotely dial and hang-up connections from the studio, or anywhere with an internet 
connection. Plus you can launch each codec’s HTML Toolbox web-GUI and access all codec controls

Before purchasing your next remote codec, we strongly urge you to try the 
impressive range of new and innovative record and playback features in ViA – 
we’re sure you won’t be disappointed.

Stream Live, Record, and 
Play Audio Files with Tieline ViA

ADVERTORIAL

http://tieline.com


+61 (0)8 9249 6688 | info@tieline.com | tieline.com

With the inclusion of record and playback functionality, using Tieline’s ViA is like taking an 
entire radio studio with you on the road. No longer do you need outboard gear like mixers,
compressors, recorders and playback machines – with ViA it is all on-board and ready to go!

• Select input sources to record.
• View and manage recordings.
• Create playlists of local recordings and imported files.
• Control playback routing to specified codec encoders, as well as analog and digital outputs.
• Produce & record your own broadcast quality podcasts to removable media.

Introducing Record and Playback on the ViA

COMING SOON!

mailto:info@tieline.com
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By Xavier Cabestany

The author is head of technical infrastructures for La 
Xarxa Audiovisual Local.

La Xarxa Audiovisual Local (XAL) is a public audio and 
video programming producer, created by the Deputation 
of Barcelona. It generates contents for local broadcast for 
approximately 125 associated radio stations. The program-
ming provided to these stations is combined with locally 
produced material. The stations also contribute content to 
the lead studios in Barcelona for the creation of program-
ming that can be distributed across the network.

La Xarxa’s distribution scheme had been sat-
ellite-based. In 2015, it was decided to migrate 
to an IP network, for which XAL contracted with 
Telefónica, the Spanish telecom. 

As part of that project AEQ provided audio 
codecs and control software.

CODECS
In total, nearly 150 AEQ Phoenix Venus audio 

codecs have been supplied, and software has 
been designed for control and monitoring of 
all audio codecs from any PC connected to the 
internet; program connection and disconnec-
tion; integration with an existing audio matrix; 

AEQ Outfits La Xarxa
Phoenix Venus codecs send and receive programming  
for more than 125 affiliates

Xavier Cabestany, head of technical infrastructures at La 
Xarxa Audiovisual Local, stands next to AEQ contri-
bution and distribution codecs at the broadcaster’s 
Barcelona headquarters.

The AEQ Venus codecs installed in La Xarxa studios. 

http://www.xal.cat/
http://www.aeq.eu
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creation and activation of local or 
regional broadcast groupings; and 
management of point-to-point 
contribution connections from the 
central location.

The satellite links were replaced 
by terrestrial IP connections using 
Phoenix Venus IP audio codecs. 
Multicast groupings were created 
to which all local stations subscribe. 
Main and backup codecs send the 
audio to multicast IP codecs that 
in turn broadcast the audio to the 
remote devices subscribing to the 
multicast.

There is a Phoenix Venus codec 
at each local station. Channel 1 
receives the multicast audio, with 
Opus encoding. The signal is ste-
reo, 20 Hz–20 kHz with very low 
latency.

The existing broadcast automa-
tion system generates GPOs for 
the multicast main and backup 
Venuses’ GPI, which sends to the 
selected codec the transporting 
orders to switch to the remote 
audio source or live console con-
trol.

The control server continuously 
monitors the status of the main 
and backup codecs and if the 
active fails, it resets the connec-
tion to the other. The audio input 
is distributed to both units from 
the matrix.

There are also multicast groups 
of reduced size and limited dura-
tion. Another five dual-channel 
Venus codecs are programmed for 
these missions.

In addition, there are groups 

A map of the signal paths 
and equipment for the La 
Xarxa network.

Continued on page 33  ❱

with fewer receivers or subscribers, where the “main station” is 
a local station sharing its program feed.

In both cases, these groups are controlled with scheduling 
software that creates groups, defines the time slots and auto-
matically controls the connections of any of the involved codecs. 
If a codec is switched from the main group to a regional or local 
group, once finished its connection, it automatically deactivates 
and returns to its previous state and continues receiving the 
main program.

Channel 2 of the local Venus sends contributions back to the 
main studio. For this, in the main station there are five Venus 
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By Brian C. Edwards

The author is vice president of New World Radio Group.

New World Radio Group has been broadcasting inter-
national radio content since 1992, and now it encom-
passes a trio of stations: WNWR(AM)/1540 in Philadelphia, 
WCRW(AM)/1190 in Leesburg, Va., and our flagship sta-
tion WUST(AM) in Washington. WUST is known as “the 
multicultural voice of the nation’s capital,” providing for-
eign-language and English programming to the region’s 
diverse ethnic communities. 

I’ve been a fan of audio over IP for years now and 
moved our infrastructure away from traditional telco 
solutions. With the bandwidth available today, moving 
to IP just made total sense, as it offers greater scalability 
and virtually unlimited flexibility. We want to stay on the 
forefront of technology, and for our paying clients who 
are supplying programs, we want to get their audio into 
our studios at the best possible quality. 

We chose Barix audio over IP devices, which are distrib-
uted in the U.S. by LineQ, to connect our stations and our 
remote contributors. We were attracted to Barix because 
of how much functionality their products offer at a 
cost-effective price point. Beyond affordable pricing for 
the equipment itself, our IP-based links provide ongoing 
cost savings versus alternative distribution methods. 

The primary application for our Barix units is enabling 
our client programmers to do remote shows from their 
own studios, while delivering studio-quality audio into 
our stations. With numerous Barix units deployed across 
multiple clients, the cost savings are amplified. We also 
use additional Barix units as backup studio-transmitter 
links to our transmitter sites, and to backhaul satellite 
audio inexpensively from WUST to our other two sta-
tions. In this latter case alone, we realize big cost savings 
by not needing an expensive satellite installation at each 
location. 

We use a Barix Instreamer at WUST to encode audio for 
distribution to our other sites, and Barix Exstreamer 500s 
to receive and decode the resulting IP audio streams. For 
connecting clients’ remote studios, we use Exstreamer 

500s at both ends. We chose the Exstreamer 500 because 
it’s a broadcast-grade model with balanced audio inputs 
and outputs, which is important given some of the envi-
ronments we’re installing them in such as transmitter 
sites. We also have a handful of Exstreamer 1000s for 

Barix Delivers for  
New World Radio Group
Simplicity and savings sells multicultural broadcaster

Barix Exstreamer decoders process incoming feeds at New World Radio’s 
Virginia headquarters at WUST, and encode the programs for distribu-
tion to two sister stations using the Barix Instreamer. The Barix Reflector 
Service simplifies STL stream connections and management across the 
network.

http://wust1120.com/en
http://www.barix.com
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deployments that require AES/EBU digital audio. 

The Exstreamer 500 and 1000 are also extremely versatile, able to function 
as either encoders or decoders. That flexibility comes in handy when we get 
new program producers, as I can grab a Barix unit off the shelf to supply to 
the client without worrying about its specific capabilities. 

Security is very important to us, and again, Barix gives us the tools we 
need. There has been lots of press attention given to hacked radio stations 
in recent months, but they all shared a common fault — the users had never 
configured a password on the STL devices. The Barix units do offer security; 
you just need to use it, which is easy. It literally takes five seconds to set up a 
password and secure the device.

While the Exstreamer units could be connected point-to-point with static IP 
addresses, I use the cloud-based Reflector service — offered by Barix in part-
nership with streaming specialists StreamGuys — for almost all our Barix-driv-
en links. The Reflector service makes setup plug-and-play, without having to 
manually configure network and streaming parameters. 

This simplicity is valuable particularly when supplying Barix encoders to our 
contributors. I can set up a Barix unit to use Reflector, configure its security, 
hand it to the client, and they can take it to their studio. They essentially just 
plug their studio output into the Barix box, connect it to their internet service, 
and they’re on the air, with Reflector taking care of the details. 

We also like the monitoring functions of the Reflector service, which give 
me visibility of the performance of the system and notify me of any issues. 
Like the Barix units themselves, I can access the Reflector service through a 
browser-based interface, letting me remotely manage and control the equip-
ment at multiple stations from anywhere I go. 

From STL to connecting remote studios and occasional on-location 
remote broadcasts, the Barix Instreamer and Exstreamer devices and Reflec-
tor service have securely delivered studio-grade audio with great reliability 
and remarkable ease of use, all while saving us money. It’s hard to ask for 
more than that. n

codecs for contribution reception, each with two channels. This allows 
for up to 10 simultaneous contributions from various associated stations. 
These 10 bidirectional stereo channels are connected to the facility’s AEQ 
BC 2000D matrix. Calls are placed manually from central control in the 
main station using a phone book and SmartRTP to establish the communi-
cation.

By February 2017, more than 85 stations were connected. The savings 
with regards to operating costs compared to the previous satellite infra-
structure are considerable and, in addition the network is benefitting 
from greater flexibility, very low latency and fully bidirectional links.

It has been necessary to deal with challenges concerning the traffic 
distribution (IP multicast), QoS and bandwidth management, centralized 
control of all equipment and management tools, adaptation of the soft-
ware to specific needs, documentation and configuration, training, etc.

Using the Opus algorithm, Phoenix Venus codecs provide a clean audio 
signal with practically transparent quality and no data/audio loss. The 
software is being used daily and, together with the integration with the 
BC 2000D matrix, allows us great flexibility to produce and broadcast pro-
grams with the affiliated stations. n

❱ Continued from page 31
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