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To understand low-frequency phenomena you must always remember that 
you are dealing with sound waves whose dimensions are comparable to 
those of the room, so if they could fit ‘perfectly’ in the room they would 
resonate. For this reason, the range of the spectrum below 200Hz is 

usually called the ‘modal zone’ and is studied with wave acoustics.
In a typical control room, the low frequency reverberant field is directly 

dependent on the resonance modes. In general, we are all used to seeing 
reverberation time charts in 1/3-octave bands, but if we could evaluate the modal 
decay times (MT60, reverberation of a single mode) at LFs we would notice 
that these perfectly determine the reverberation times. Even the high-frequency 
reverberation time depends on the room resonances, but these are a very high 
number so they cannot be treated in a discrete way only in a statistical way. This 
is the case in which we use simulations, such as ray tracing (which is the most 
common simulation method of acoustic CADs) and formulas as the Sabine law.

On the other hand, at low frequencies you cannot use statistics. To put it 
in physical terms the field is ‘quantised’ — in other words the resonances are 
mostly isolated and distinguishable. Depending on the resonance, the sound 
energy (and therefore the pressure) is not uniform in the room and this fact 
is of great importance because it has a fundamental consequence -– the same 
sound-absorbing material, if placed at a point of maximum pressure, has better 
performance. It means that you cannot quantify the absorption if you do not 
know the position of the absorber with respect to room resonances.

In recording studio design it is therefore essential to precisely know the room 
resonances, and this is easy for rectangular rooms as there is an analytical 
formula that relates the resonance frequencies with the three spatial dimensions, 
but it is not trivial for all other geometries.

Alton Everest in Master Handbook of Acoustics talks about the non-
rectangular room modes saying: ‘The acoustical benefit derived from the use 
of nonrectangular shapes in audio rooms is controversial. As Gilford noted, 
slanting the walls to avoid parallel surfaces does not remove timbral defects; it 
only makes them more difficult to predict.’ 

And more: ‘The proportions of a rectangular room can be selected to eliminate, 
or at least greatly reduce degeneracies, while in the case of the nonrectangular 
room, a prior examination of degeneracies is difficult. Making the sound field 
asymmetrical by splaying walls introduces unpredictability in the design.’

Philip Newell (Recording Studio Design) says: ‘The effect of angling the 
walls of a room is only really beneficial in the reduction of flutter-echo-related 
problems between hard surfaces at higher frequencies. Once a room is not 
perfectly rectangular, and does not have perfectly rigid walls, there are no 
formulae for accurately calculating the modes.’

And more: ‘(...) the degree of internal acoustic control which has been 
introduced into the rooms damps the modes to such a degree that the shapes of 
the isolation shells are largely unimportant.’

From these statements, all accurate and correct, we understand that, 
historically, non-rectangular rooms have always been regarded with a certain 
insecurity by the acoustic designers, probably because they actually did not have 
the right tools to analyse them.

Nowadays FEM (Finite Element Method) 
software is common and can be used to see 
the room modal resonances, to simulate the 
interaction of a sound source with the room, 
the frequency response at the listening point(s) 
and the absorber performances. Furthermore, 
with some of this software you can also make 
optimisations (for example, to choose the right 
amount of absorption or the best placement of 
the monitors and the listening positions) and, for 
simple cases, if you have previously measured 
the empty room reverberation time, you can try 
to estimate wall impedances.

Actually, the first problem I came up against when using this software (which 
is not designed for acoustics and therefore their libraries are not so useful) was to 
understand every single wall impedance, which determines the sound isolation 
but also the amount of energy that remains in the room and then resonates. 

I have observed and verified significant changes in the acoustic field with 
different types of wall — a drywall system made with plasterboard makes 
substantial changes to the reverberation and modal distribution compared to a 
masonry or concrete wall. Another important thing is that when you introduce 
specific absorption in the room, such as a resonator or a thick layer of porous 
material, the sound field changes but in contrast to what you might imagine. 
Not only do the maxima and minima effects decrease but the resonances also 
have a frequency shift. These phenomena are easily seen with FEM analysis.

The first results from a control room FEM analysis are the effects of 
flushmounting or not flushmounting the main monitors.

Figure 1. FR of a flushmounted monitor (red) vs non-flushmounted (blue) in the 
same room without acoustic treatment. 

Figure 2. FEM simulation of the room with flushmount (left) and without (right). 
The treatment was on the back wall, on the ceiling close to the listening area and 
in the corners. 

In the Figure 1 the red line is relative to the response at the listening position 
of big flushmounted monitors, the blue curve represents the case in which the 
monitor is not flushmounted. The difference is huge, the linearity is already 
sufficient for the flushmounted one. In the non-flushmounted trace there is a 
notable loss of sound energy around 35, 70 and 100Hz. So, with this method, 
we can finally see the non-minimum-phase effects caused by the monitors-room 
interaction, which I discussed in my previous articles (especially in Monitors in 
a room, Resolution V13.3.)

In this case, if you do not want to flushmount, the only way to save the 
response is to further distance the monitor from the back to bring down the 
notches below 85Hz and use a subwoofer with a crossover.

Another interesting thing to see is how the reverberation time changes in a 
room if you put a bass-trap on one side or in a corner.

I simulated the resonant modes in a room of an ideal size (Louden 1/1.4/1.9, 
that is, H = 3.4m, W = 4.76m, L = 6.46m) first empty, then inserting a bass trap 
(a porous material parallel-piped 40cm x 40cm size) in the middle of the long side 
and then moving it to the corner.

LF analysis for 
studio design

As everyone knows, the most important problems to be  
solved in a control room, and in recording studios in general,  

are related to low frequencies. DONATO MASCI from  
Studio Sound Service, explains his approach.

Figure 3. Acoustic pressure isosurfaces for the three simulations @101Hz room mode. L-r: empty room, side trap, corner trap.
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Figure 4 shows the single 
mode decay times (MT60, 
which you can compare 
with the reverberation 
time RT60 of the room) 
and you notice how the 
same bass trap works in 
very different ways in 
the two configurations, 
giving different decay 
times. Figure 5 shows the 
absorption A [m2, metric 
sabin] of the same bass 
trap in two configurations, 
frequency by frequency. 
For some resonance modes 
(especially longitudinal 
and transverse axial), the 
side trap is very powerful, 
but in general the corner 
trap works better and more 
homogeneously over the 
whole spectrum.

The last thing to note 
is that the room acoustic 
field is completely 
transformed even with the 
inclusion of a single bass 
trap –- it can be seen in 
Figure 3, but particularly 
in Figure 6, where the 
resonant mode frequency 
shifts are shown. When 
the absorption is equal to 
that of a control room, the 
modes change radically, 
they combine and 

degenerate. It is very difficult indeed to recognise the same resonance mode by 
comparing pre- and post-treatment acoustic simulations.

One of the most frequently asked questions from students and colleagues is 
how do you know how much a bass-trap actually absorbs? From this analysis 
you can understand that you really cannot give an alpha coefficient to such 
a device because its performance is highly dependent on the room and the 
location where you place it. The only accurate evaluation you can do is with 
FEM software, and, in fact, it is not easy to find the correct poro-acoustic model 
to simulate the behaviour of the absorbent material.

I am now going to look at the standing wave distribution in the room 
(room modes). I chose a room with 
‘optimal dimensions’ again (the same 
Louden room) with another of identical 
size where the side walls are slanted in 
an x-axis symmetrical way. Figure 7 
shows the mesh that the FEM software 
creates to do its processing. The mesh is 
made of tetrahedra and their size must 
be correlated to the wavelength being 
analysed. Since the low frequencies have 
long wavelengths our mesh is not so 
dense. The same software has many more 
problems analysing higher frequencies for 
which we use a ray-tracing method.

Figure 8 shows the 
frequency response of the 
two rooms in non-treated and 
treated configurations (the 
treatment is a thick absorption 
on the back and on the 
ceiling, and in the case of 
the rectangular room, on the 
front corners). It is notable that 
the ‘Slanted room’ has more 
sound energy at LF and that 
treatment in both cases serves 
to minimise the cancellation to 
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Boulder MKII
+ B.A.B.e 
= 4 way full range monitoring!

The Boulder MKII 3 way is now available with the  
optional B.A.B.e (Boulder Active Bass extender) to  
provide extended low frequency and higher SPl.

designed for all critical tracking, mixing and  
mastering applications.

Free standing or wall soffit mounting. 
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“Superb monitors with superior bass response, impeccable  
midrange and treble coherence, truly world class monitors”   

Huw Price – music tech
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Figure 4. MT60 (modal decay time) of an empty room 
(blue), the same room with a side trap (red) and with 
a corner trap of the same size (green). The same bass 
trap works in a different way and gives different 
performances in the room. 

Figure 6. Room modes frequency shift with a side trap 
and a corner trap.

Figure 5. Acoustic absorption (A, [m²]) of the side trap 
(red) and the corner trap (green) in the same room.

Figure 7. Mesh used by the FEM 
simulation for a ‘Louden slanted’ room.

Figure 8. FR of a Rectangular (Louden) room 
untreated (red) and treated (blue) vs non-
rectangular (Louden slanted) untreated (brown)  
and treated (green). 
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40Hz and to linearise the 
response. For both rooms, 
even without knowing the 
reverberation time, which 
is obviously much longer 
when untreated, the 
treatment helps to linearise 
the frequency response 
and brings both to 
professional level (+/-3dB) 
minimising cancellations. 
It is wrong to think that 
an optimally-sized room 
already has a perfect FR 
without absorption, and 
from this comparison 
you can see how we can 
achieve similar or even 
better results with other 
room designs.

Figures 9, 10 and 11 
show the sound pressure 
and the SPL of some of 
the first resonance modes 
for the two rooms, in the 
treated and untreated 
configurations. Note the 
reduction of modal decay 
time in the treated cases 
and the frequency shift of 
the resonance frequencies, 
but the most interesting 
result is that, in the treated 
configurations, the sound 
pressure distribution is much more homogeneous. This is useful for design 
purposes where it is just important to minimise the effects of standing waves, 
decreasing the gap between the maximum and minimum point SPL.

These are some of the few modes that you can recognise for the 
treated rooms. In fact, even with this simple acoustic treatment, 
the modes completely degenerate and are destroyed above 
50Hz, and then the sound pressure is distributed in an almost 
homogeneous way throughout the room.

On the basis of the above facts, it can be stated that FEM 
software is a truly valuable tool for acoustic design. It provides 
considerable support to designers on a part of the spectrum range 
(LF) that we could not have much certainty on until now — 
unless you precisely adopt a predetermined design that you know 
works from trial-and-error. The major innovation is that with these 
simulation methods you can build rooms with a good listening 
experience in unconventional situations while also studying 
alternatives and innovative acoustic treatments. n
FOOTNOTE: Donato would like to thank Valentina Cardinali and Roberto Magalotti 

(B&C Speakers), and his assistant Cecilia Torracchi for their useful discussions and thoughts.
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Figure 9. First longitudinal (x-axis) mode in the room in different 
configurations (rectangular untreated, rectangular treated, non-
rectangular untreated, non-rectangular treated): note the frequency 
shift and the different MT60.

Figure 10. First z-axis mode in the room in the same 
configuration as Fig. 9. note the frequency shift and 
the different MT60.

Figure 11. Second longitudinal (x-axis) mode in the same configuration 
as Fig. 9. note the frequency shift and the different MT60.
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Audio-over-IP technology opens new exiting possibilities for building 
audio infrastructure. Standard Ethernet cabling and infrastructure 
is becoming the new medium for audio that will be, for the first 
time ever, able to support any resolution, sample rate or format of 

professional audio data. AES67 is the lingua franca for audio-over-IP.
Using the Internet Protocol (IP) network to pass high quality audio (and video) 

signals with very low latency carries a great potential allowing extremely flexible 
connectivity from any source device to any destination device. This implies a 
total change to the way professional audio (and video) systems are built.

Audio-over-IP technology divides the samples of digital audio into packets 
and transports these packets to the destination devices over Cat5 or Cat6 cables, 
using IP networking protocols. A protocol describes how to pass information 
over the network, an agreed method of how the devices talk to each other to 
accomplish a certain activity, if you like. Several protocols are needed, each 
responsible for a certain detail in the overall process. As these protocols handle 
data in general, they are capable of passing any form and shape of audio sample 
data, irrespective of the sample rate, audio bandwidth, format of encoding, or 
any other aspect of presentation that usually has been of great significance in 
terms of enabling system connectivity.

While the network itself does not limit the presentation of audio data, the red 
hot topic in professional audio today is audio-over-IP systems interoperability. 
Interoperability refers to the ability of devices from different manufacturers to 
talk and listen to each other such 
that audio can pass between the 
devices. This is exactly where 
the AES67 standard comes in.

Traditionally audio 
interconnections accomplish 
interoperability with standards 
like the balanced XLR output 
and input for analogue 
audio and the AES-EBU 
interface for digital audio. 
As IP networking systems 
must use a relatively large 
collection of protocols and 
settings for each protocol 
in their communication, 
interoperability has not 
been a result of using IP 
networking for audio. In fact, 
the numerous audio-over-
IP systems on the market 
have contained enough small 
differences in settings to 
render interoperability hard to 
achieve until now.

A standard for audio-
over-IP interoperability has 
been developed by the Audio 
Engineering Society and was 
published in September 2013. 
AES67 has been designed to allow 
interoperability between IP-based 
systems designed for audio transport 
with high dynamic range, low end-to-
end latency, very high clock accuracy 
at the reception end, and without a firm 

technical limit to the maximum number of audio channels the system can 
support. Examples of such systems include Ravenna, Livewire, Q-LAN and 
Dante.

AES67 is an Internet Protocol-based solution and it uses protocols at or above 
layer three in the seven-layer Open System Interconnect (OSI) model. This 
makes AES67 compatible with existing cable-based IP networking hardware 
environments (Ethernet). Audio-over-IP can transport on virtually any local 
area network (LAN) and benefits from the continuous increase in the speed of 
these networks. Today, the device connections operate at 1Gbit/s while the faster 
switch-to-switch connections can exceed 10Gbit/s in raw data transfer speed.

Although Ethernet is in most cases the underlying data link layer, the Internet 
Protocol is infrastructure-agnostic and can be used on virtually any network 
technology. To achieve interoperability, AES67 addresses the following tasks in 
audio networking:
• Device clock synchronisation pulls all audio devices in sync across the 

network.
• Media clock management defines the audio clocks and how they relate to a 

common clock reference.
• Transport moves audio data across the network with sufficient priority.
• Encoding and streaming describes the formats of audio in the packets of a 

stream.
• Stream description communicates the data needed to establish a connection, 

specifying network addressing, encoding and origination.
• Connection management communicates the data needed to establish and 

maintain an audio stream connection.
Six years ago Genelec demonstrated publicly its first audio-over-IP loudspeaker 
system at the Integrated Systems Europe exhibition and was selected as ‘Pick of 
ISE 2010’. With Finnish company Jutel, which specialises in radio automation 
systems, Genelec implemented an installed audio system of 35 loudspeakers 
in a restaurant in Oulu, Finland. Audio-over-IP was selected because of the 
great flexibility in controlling and directing audio streams, enabling for instance 
easy software-based acoustic zoning and repurposing of the audio system. This 
installation has been running non-stop since May 2015.

In February 2016 Genelec launched the 8430 Smart Active Monitor, the  
first audio monitor to allow direct monitoring of professional quality audio-over-
IP signals.

The 8430 has versatile connectivity options; the AES67 signal input is 
housed in an XLR-integrated RJ45 connector, enabling secure and robust audio-
over-IP signal connection. The AES67 input supports 44.1 to 96kHz sample 
rates as well as 16, 24 and 32-bit Word lengths. With highly accurate clock 
synchronisation to a network-attached Precision Time Protocol grandmaster 
clock source, this enables accurate monitoring of high resolution audio signals.

The 8430 also supports monitoring of professional analogue signals using 
a balanced XLR connector and the full 25dBu professional audio signal level 
range is supported.

Digital audio in an audio-over-IP stream may contain any number of 
channels. On an IP network all audio streams are visible to all monitors; 
this is very convenient. The physical cabling has absolutely no significance 
in determining what audio channel goes where in the system. The cabling 
in an IP network system always follows the same principle — the monitor 
connects to an IP switch device using one IP network cable; all devices 
connect via IP switches. There is nothing more to know about the cabling 
for audio-over-IP speakers, except that the maximum length of the cable 
is 100m from the switch device to the monitor. Most of the time this 

is more than enough and this 
can be easily extended using 
another switch. After pulling 
these physical cables, the magic 
of connectivity happens in the 
software configuration.

The routing of audio in the 
network is no longer dependent on 
cable routing; audio can be routed 
from anywhere to anywhere. 
Connecting audio-over-IP devices 
is simple. You attach one cable 
to Ethernet and you are done. 
System configuration becomes 
easy. All devices are accessible 
and visible through the network 
and when access to several 
configuration user interfaces is 
needed, all of these are available 
at the same computer display.

Monitoring  
over AOIP

While audio networking has remained the focus of most technology 
activity the role and position of the monitoring loudspeaker has remained 

unclear. The release of Genelec’s 8430 two-way Smart active monitor 
enables direct monitoring of the AES67 formatted digital audio stream. 

AKI MÄKIVIRTA of Genelec explains the potential of the technology and 
explains the capabilities of the new product.

Figure 2. The Ethernet connector for audio-
over-IP input is visible in the middle; the 
standard analogue connector is to the right.

Figure 1. Genelec 8430 offers direct 
monitoring of AES67 formatted audio-
over-IP streams.
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The reasons why audio-over-IP is an interesting option for audio infrastructure 
designers are clear:
• More flexibility in cabling, system design and building.
• One network can support any audio format.
• Higher efficiency of maintenance.
• Lower overall facility level cost.
• Better flexibility of connectivity.
• Easier setup and operation.
• Fewer limitations to improve product features and performance.
• Good long-term availability of technology with improving speed of networking.
As part of the Genelec Smart Active Monitoring (SAM) Series, the 8430 
shares the same proven electro-
acoustic design features, such as 
Genelec MDE and DCW technologies, 
a flow optimised reflex port, very low 
distortion of the acoustic output across 
audible frequencies, high SPL capacity 
and a wide bandwidth uncoloured 
output on the acoustical axis as well as 
off-axis directions, delivered in a very 
compact enclosure.

It uses the Genelec Loudspeaker 
Manager (GLM 2.0) control network 
and software which allows adjustment 
of all aspects of monitor setting and 
system control.

The most typical method of defining 
a connection between two IP devices is 
called unicast. This method transports 
the data packets across the network so 
there is only one transmitter and one 
receiver for the packets. IP networking 
also offers multicasting. Multicasting 
means that one transmission is 
addressed to several receivers while 
the data packets are only sent once. 
Audio presentations are typically 
collections of several channels. While 
it is up to the system configurator, 
a convenient method of using an 
IP-based audio sample transport is to 
pack samples from all the channels of 
one presentation into one data packet. 
Then, multicasting a stream of these 
data packets across the network allows 
all monitors and subwoofers to listen 
to this transmission and pick their own 
audio channels out of the data stream 
packets. Because only one audio 

stream is sent on the network, multicast can reduce the data processing load in 
the network IP switch devices and enable higher network throughput. Multicast 
and unicast are defined in AES67 and Genelec 8430 supports multicast.

All 8430 monitors are computer-calibrated individually at the factory to 
eliminate and remove any unit to unit differences. The 8430 supports the 
smart SAM system calibration using the automated system measurement and 
calibration feature built in the Genelec Loudspeaker Manager software (GLM 
AutoCal) and is supported by a set of room response measurement hardware. 
For this purpose, Genelec manufactures a room measurement microphone with 
calibrated frequency response and omnidirectional characteristics, enabling 
measurements for all professional reproduction configurations including 3D 

immersive systems. The automated measurement 
and calibration supports more than 30 monitors 
and subwoofers in one room and runs in a matter 
of a few minutes.

Supporting spot and wide area corrections  
at unlimited positions in a room, the GLM 
AutoCal system aligns at the listening position 
the times of flight for all monitors, sets monitors 
at equal acoustic distance, aligns the reproduction 
levels enabling all products to play at the  
same sound level irrespective of their distance or 
other acoustic influences, and finally equalises 
the frequency responses compensating for 
acoustic influences of the room, enabling all 
of the components in the reproduction system 
to have the same neutral sound character for 
monitoring accuracy.

The 8430 materials are fully recyclable, and 
the enclosures are manufactured from recycled 
aluminium. Despite this, the 8430 has been 
designed for long and reliable service from the 
bottom up. The diecast aluminium enclosure, 
excellent driver protection against mechanical 
damage and electronic abuse, and versatile fixing 
features integrated in the enclosure structure offer 
ease of use and good long term reliability.

The Genelec 8430 supports the interoperability 
standard AES67. It is also a fully developed 
Smart Active Monitor, enabling fast and 
accurate multichannel or immersive audio 
system calibration with detailed and individual 
compensation of the acoustic influences of the 
listening room. The 8430 has been designed 
for intense professional use and offers reliability 
and long life time. The 8430 is the first industry 
solution for directly monitoring audio-over-IP 
streams and enables tapping in to the full potential 
of building facilities with IP technology today. n
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Figure 3. Audio-over-IP devices physically connect to their nearest IP 
switch device while the system connectivity is determined by software 
configuration.

Figure 4. Genelec 8430 includes the GLM network connection for acoustic 
system calibration, two audio inputs, and a power input supporting 
universal mains voltage range.
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bandwidth. Genelec Loudspeaker Manager 
(GLM 2.0) computer control allows for a 
repeatable, consistent performance over 
flexible proprietary network. Genelec 
AutoCal measures and automatically 
aligns every monitor on the network for 
level, timing, and equalisation of room 
response anomalies.

Providing identical performance in 
both vertical and horizontal orientation, 

the 8351A delivers monitoring accuracy in a 
variety of applications.

The 8430 is an addition to the SAM range of products and 
is the first commercially-ready AoIP (Audio over Internet 
Protocol) studio monitor (see p46). It has an AES67 input on XLR-
housed RJ45 connector and standard analogue on balanced 
XLR connector. As part of SAM Series, the 8430 has MDE and 
DCW technologies, a flow optimized reflex port, low distortion, 
high SPL and wide uncoloured response in a very compact 
enclosure. It uses Genelec Loudspeaker Manager (2.0) control 
for adjustment of all aspects of monitor settings and system 
control with  AutoCal.
www.genelec.com

Focal Trio6 Be
The Focal Trio6 Be is 
a 3-way speaker with 
a 1-inch tweeter, a 
5-inch woofer, and an 
8-inch subwoofer and 
switching to Focus 
mode reconf igures 
Trio6 Be into a 2-way 
monitor.

T h e  B e r y l l i u m 
tweeter reaches to 40kHz and the 8-inch subwoofer extends 
down to 35Hz and the W composite sandwich cone subwoofer 
is complemented by its large port integrated into the 
front baffle. The 5-inch W composite sandwich cone woofer 
is installed in an isolated chamber within the cabinet that 
prevents the sympathetic activation of its other speakers while 
optimising its acoustic performance. Two front-facing ports 
provide bass reflex, enabling the woofer to perform identically in 
2-way (90Hz–2.5kHz) and 3-way (250Hz–2.5kHz) configurations. A 
footswitch can activate the reconfiguration remotely from the 
listening position. Additionally the Trio6 Be may be used vertically 
or horizontally due to an adjustable aluminium baffle housing 
the woofer and tweeter. This rotating baffle is capable of rotating 
360° in 90° increments.
www.scvdistribution.co.uk

Unity BABE and Super Rock
Unity Audio has added 
t h e  B A B E  ( B o u l d e r 
Active Bass Extender) to 
its range. This is designed 
to transform the Boulder 
MkII 3-way near/midfield 
monitor into a 4-way 
with higher SPL and 
extended low frequency 
performance.

S eve r a l  m o unt in g 
options are available for flushmounting and free-standing, side-
by-side, horizontally or as a tower with dedicated optional stands. 
BABE retains the same sealed cabinet approach used throughout 
the Unity Audio range. The woofer is a single 12-inch with a 5-inch 
Hexatech external voice coil wound with hexagonal-shaped 
aluminium coil wire. External Unity Audio rackmount DSP is used 
to integrate the BABE to the Boulder with on-board gain, phase, 
parametric EQ, limiters and user presets.

Unity Audio has shown The Super 
Rock monitor as its flagship near/
midfield monitor that heads up The 
Rock range of reference 2-way active 
monitors. The Super Rock started out 
as Unity Audio’s The Rock MkII, but 
every component and parameter has 
been analysed and improved.

Starting with the bass driver, a 
custom specif ication has been 
designed to match The Super Rock’s 
bigger brother, The Boulder, in 
a smaller sealed cabinet. The 8-inch SEAS custom aluminium 
woofer has a cone and low loss rubber surround that have been 
customised to eliminate cone edge resonance and distortion. 
The same long, high temperature voice coil used in The Boulder 
is also employed in The Super Rock.

The bass driver hands over to a Mundorf Air Motion Transformer 
(AMT) Tweeter that has low distortion figures, a low crossover 
point, and ‘excellent’ transient response. The Super Rock is 
equipped with a 100W discreet bi-polar, low feedback amplifier 
with custom wound transformers designed by Tim de Paravincini 
of Esoteric Audio Research. It has dedicated low/high frequency 
sections. 

Cabinet colourations are kept to a minimum with a redesigned 
Corian front baffle. Like The Rock MkII, The Super Rock features 
the same attention to detail and is made from 18mm, 9-ply Baltic 
Birch plywood. Depth is increased from 12 to 18mm with large 
radius edges to reduce reflections and improve imaging.
www.unityaudioproducts.co.uk

Neumann sub and midfield
The KH 805 active subwoofer is based on the acoustical performance 
of the KH 810 subwoofer and is an optimal choice for stereo set-ups 
in combination with the KH 120 or KH 310 monitors.

The KH 805 has a remotely controllable 2.0/0.1 Bass Manager which 
enables it to be used in different applications — for extending the 

loudspeaker bass down to 18Hz, increasing 
the maximum SPL of a loudspeaker set-up by 
up to 8dB or for reproducing the LFE channel. 

Neumann has expanded the KH line with 
its first midfield monitor — the KH 420 active 3-way system is said to be ideal for listening distances 
of up to 11m. It has a corner frequency of 26Hz and adding a KH 870 sub can extend the response 
down to 18Hz. 

The KH 420 has been designed to provide optimum dispersion regardless of the orientation of the 
cabinet, which is possible thanks to a rotatable waveguide section that contains the high frequency 
and midrange drivers.

An optional digital input module is available for the KH 420 which provides AES3 and SPDIF inputs 
and a delay function.
www.neumann-kh-line.com

Genelec releases 
The 7040A is an ultra-compact subwoofer 
f rom Genelec that is designed to 
complement the 8010, 8020 and M030 
active monitors. The 7040A features 
Genelec’s Laminar Spiral Enclosure 
technology and has external dimensions 
of 410 x 350 x 205mm. 

Calibration to the listening environment is done using DIP 
switches on the subwoofer connector panel which address 
typical monitoring placement configurations. The 7040A 
produces 100dB using a 6.5-inch woofer and a Class D amp.

Genelec’s 1234 Smart Active 
Monitoring System is supplied 
complete with a RAM XL 
(Remote Amplifier Module), 
and is capable of delivering 
125dB SPL at 1 metre through 
a combination of efficient Class 
D amplifiers providing 2 x 750W, 
400W and 250W of short term power for the woofers, midrange 
and tweeter respectively.

The 160 litre enclosure has two 12-inch drivers and a Genelec 
5-inch midrange driver as well as a 1-inch treble driver mounted 
in a large Directivity Control Waveguide. The Genelec 1234 
SAM System is controlled via Genelec Loudspeaker Manager 
network and software which can automatically compensate for 
detrimental room influences. This enables computer controlled, 
networked monitors and subwoofers to be aligned and adjusted 
for level, time-of-flight, and room response compensations.

Intelligent Signal Sensing circuitry saves energy by 
automatically putting the monitor to sleep when the audio signal 
has been absent for a period of time.

Genelec’s GLM 2.0 software is a loudspeaker management 
system for Genelec Smart Active Monitor (SAM) systems. 
Available for Mac and Windows, GLM 2.0 provides control of 
every aspect of a Genelec SAM product that is connected on the 
Genelec network. Up to 30 SAM Series monitors and subwoofers 
can be controlled in one room lending itself to multichannel or 
3D applications. GLM 2.0 introduces a new user interface that is 
designed to simplify the setup and calibration process.

Genelec’s 1236 SAM Main 
Monitor System with its 3U 
remote amplifier module is 
aimed at providing the highest 
performance in a large format, 
flush mounted main system. 
The new design is based on 
the double-18-inch bass driver 
design of Genelec’s 1036. The 
1236’s frequency response is 
claimed as being 17Hz to 26kHz 
and the system is capable of delivering 130dB SPL at 1m through 
Class D amps with 2 x 1000W, 800W, and 400W into the woofers, 
midrange and tweeter channels respectively.

The two 18-inch woofers work with two 5-inch midrange 
drivers and a 2-inch high compression tweeter, mounted in a very 
large Directivity Control Waveguide enclosure. All crossovers, 
protection circuitry, and driver calibrations are implemented in 
the digital domain. The latest version (V2) of Genelec Loudspeaker 
Manager and AutoCal couples with the 1236 to ensure that the 
speaker-to-room interface remains as near to perfect as possible.

The 8351A combines Genelec’s Acoustically Concealed Woofers 
(ACW) technology together with the Minimum Diffraction Coaxial 
(MDC) driver and Maximised Directivity Control Waveguide 
(MaxDCW) to produce controlled directivity over a very wide 

Products
Monitor introductions and  
announcements.
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Tascam 2-ways
The VL-S5 two-way monitor has a 
5-inch curved Kevlar cone with a high-
temperature voice coil and damped 
rubber surround, a 1-inch silk dome 
tweeter and a rear port. The active, 
bi-amplified section produces 70W per 
side and has balanced and unbalanced 
inputs with a trim control.

The VL-S3 monitors have a 0.5-inch tweeter, a 3-inch woofer 
and are rear bass reflex ported. The VL-S3s has integrated 14W 
+ 14W power amplifiers and a footprint of 110mm x 138mm. 
Connections are provided for phonos and a 3.5mm stereo jack.

Bluetooth has been added to the VL-S3BT monitors. The 2-way 
powered monitors have a 3-inch woofer in a rear ported design 
with phono inputs.
www.tascam.eu

Adam A77X 
T h e  A d a m 
Audio A77X is a 
horizontal layout 
monitor suitable 
for nearfield and 
midf ie ld us e. 

The ‘2½-way system’ has both 7-inch woofers starting to work 
together at 38Hz and at 400Hz one woofer fades out and only 
the second woofer continues to operate in the midrange up to 3 
kHz. This is said by Adam to prevent interferences and possible 
phase cancellation in the midrange. The A77X is said to generate 
a wide stereo image.

The monitor is powered by two 100W amps for the woofers and 
50W for the tweeter. A control panel offers adjustment of input 
sensitivity, high shelf EQ, low shelf EQ, and tweeter gain. 
www.adam-audio.com

Eve desktops and switcher
Eve Audio has released the SC203 
desktop system and the PMR 2.10 
passive monitor switcher. The 
SC203  is a 2-way master-slave 
desktop loudspeaker system with a 
µAMT tweeter, 3-inch coated-paper 
woofer with 1-inch voice coil and a rear passive radiator. It has 
dedicated 30W PWM amplifiers for each transducer, DSP control 
and processing, and 24-bit/192kHz Cirrus Logic A-D conversion.

The PMR 2.10  is a 2-in, 
10-out monitor-switching 
d e v i c e  t h a t ’s  u s e f u l 
wherever there’s the need 
to connect multiple pairs of 
speakers. On the back are two analogue balanced stereo inputs 
and ten stereo outputs, all using ¼-inch TRS jacks. It has a remote 
control, input selection on the front panel, front panel with LED 
indicators showing the selected source and speaker, and a remote 
7-segment digital display is included.

Designed and assembled 
in Berlin, Eve Audio’s new 
SC3010 and SC3012 serve 
as main monitors, making 
them well-suited to large 
studios . The powered 
SC3010 uses a 10-inch driver 
while the SC3012 houses a 
12-inch. Both models are equipped with a 5-inch Rohacel sandwich 
diaphragm woofer that has been designed to reproduce midrange 
frequencies. The SC3010 and SC3012 are the only monitors in the 
Eve Audio range that feature the newly developed RS6 Air Motion 
Transformer. Its larger geometry and increased folded diaphragm 
area achieve a higher sound pressure level and a wider frequency 
range with a crossover point at 1800Hz. 

All of the frequency response parameters are controlled by 
DSP with a Burr-Brown A-D convertor. As the PWM-amplifiers are 
directly connected to the DSP section, no additional conversion 
is necessary, which ensures reliability.

For in-wall installations all corresponding acoustic filter 
modifications are achieved when filter controls are set to ‘in-wall’. 
The rear firing bass ports can be closed with the provided foam. 

The speaker cabinets house an ultra-stiff front plate which 
combines plywood with a special inner construction to reduce 
resonances. The grey centre plate housing the midrange unit 
and AMT tweeter can be rotated to allow for use in vertical or 
horizontal orientation.
www.eve-audio.com

Amphion range
Amphion has a range of 
studio monitors. Their two-
way passive monitors aim 
to address the ‘balance 
between speakers designed 
to produce a euphonic listening experience and more clinical 
monitors that strive for sonic accuracy’. 

They are designed to be less susceptible to room acoustic 
problems through waveguide technology, driver integration 
and controlled dispersion. Amphion says it takes an unusual 
approach to the way the drivers work together by lowering the 
crossover to a frequency where the waveform generated at the 
crossover point is longer than the distance between the acoustic 
centres of the drivers.

All models use a 1-inch titanium HF driver and aluminium 
woofers. Five two-way models are currently being shipped. Three 
conventional designs are available, and two larger D’appolito-
type models round out the line. 

The range also includes custom amplifiers designed to pair with 
any Amphion studio monitor. Amp100 offers 100W per side, and 
is available in mono and stereo configurations. Amp500 (stereo 
only) delivers 500W per side.
www.amphion.fi
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ATC SCM45A Pro
ATC’s SCM45A Pro is a 3-way 
compact active loudspeaker 
that shares many features with its 
smaller sibling, the SCM25A Pro 
3-way. As a mid-size, three-way 

design it can be used in near- or mid-field positions.
The SCM45A Pro features a second woofer for deeper bass 

response and increased SPL as well as ATC’s new dual-suspension 
tweeter — the first to be designed and built by the company.

The larger combined radiating area of the two 6.5-inch 
bass drivers increases system efficiency. This results in further 
reduced non-linear distortions in the bass drivers’ 20Hz to 380Hz 
operating band. With the addition of the hand-built soft dome 
midrange the drive units in the loudspeaker are said to constitute 
a formidable trio.

The drive units are powered by ATC’s active Tri - AmpPack, a 
three-channel discrete Mosfet Class A/B design with 150W, 60W, 
and 25W for the bass, mid, and high frequency ranges.

KSdigital coaxials
The D80-Coax monitor from KSdigital 
employs an 8-inch/1-inch coax drivers, FIRTEC 
equalisation with five user filters, 24-bit, 
192kKHz A-D/D-A conversion, and amplifiers 
rated at 280W peak and 150W RMS.

The D606 is a 3-way coaxial 
with a 6.5-inch/1-inch coaxial, 
a 6.6-inch woofer and FIRTEC 
equalisation, 24-bit, 192kHz 
conversion and amplifiers rated 
as 280W peak and 150W RMS.

PSI active acoustic absorber
PSI Audio has developed the AVAA (Active 
Velocity Acoustic Absorber), which acts as 
an ‘anti-wall’ by neutralising the negative 
reflective effects of walls. PSI Audio’s 
patented technology transforms acoustic 
pressure into acoustic velocity and absorbs 
it over a range of frequencies. With a surface 
of 0.2m2, an AVAA is as effective in absorbing low frequencies as 
1.5m2 of perfect sound absorber.

The device is auto-adaptive and stable, emits no sound and 
does not alter the direct sound, is effective from 15-120Hz, can 
be turned on and off to change the acoustic environment, and it 
is modular, small and can be moved.

JBL 7 Series monitors
The first two models in the 
7 Series Master  Reference 
Monitors, the 708i and the 
705i ,  e m p l oy p a te nte d 
technologies f rom JBL’s 
flagship M2 Master Reference 
Monitor and were developed 
to meet the needs of broadcast 
and postproduction facilities.

The 708i 8-inch two-way and 705i 5-inch 2-way monitors use 
a new miniature 2409H high-frequency transducer featuring 
JBL’s low-mass, annular diaphragm design that allows very high 
output with low distortion and high frequency response to 
35kHz. JBL also engineered two new high-excursion 5-inch and 
8-inch woofers, the 725G and 728G that allow the speakers to 
deliver low-frequency output into the 30Hz range. JBL’s patent-
pending Image Control Waveguide and a dividing network work 
to produce an ‘imperceptible crossover transition’. The front-
ported birch plywood enclosures include bottom and rear-panel 
mounting points. With a range of available mounting brackets, 
the speakers’ placement can be optimised.

The speakers are powered  by Crown DCi 8|300N 8- and 
4-channel power amplifiers. The 705i and 708i can be driven by 
a single amp channel or bi-amplified. For greater accuracy and 
room-to-room consistency, BSS Soundweb London signal 
processor  provides speaker tuning, room EQ, and bass 
management. The processor accepts 16 or more analogue 
and AES-EBU inputs, and networks with the power amps via 
Cat5. The system can be externally controlled with HiQnet 
Audio Architect software, a hardware controller, or wireless tablet.

JBL Professional has monitor system 
controllers. The Nano Patch+ serves 
as the volume control between the 
output of a production system and 
a pair of monitors. The unit features 
balanced combo XLR/TRS and stereo 
mini TRS input connectors, balanced TRS and stereo mini TRS 
outputs, and all-passive circuitry. The top panel features a large 
volume control for level adjustments and a system mute switch.

The M-Patch 2 stereo controller and switch box can be placed 
on the desktop and is rack-mountable to provide versatile 
switching and dedicated level controls for two stereo input 
sources. Signals are routed to two sets of balanced outputs with 
A/B selection and selectable stereo-to mono summing. The 
unit features an integrated headphone output with a dedicated 
level control.

Mackie MRmk3 monitors
Mackie has redesigned its line of affordable powered studio monitors — the MRmk3 Powered 
Studio Monitors. The MRmk3 line replaces the previous generation of monitors with the 
MR5mk3 and MR8mk3 and expands the range with the 6.5-inch MR6mk3 full-range monitor 
and MR10Smk3 studio subwoofer.

A new waveguide creates a wider sweet spot and all MRmk3 cabinets are rear ported. 
A range of I-O options are included, the low frequencies can be boosted by 4dB and the 
highs can be cut and boosted.

The MR10Smk3 Powered Subwoofer is rear-ported and has an adjustable crossover 
plus a polarity switch.

Mackie’s Creative Reference monitors 
includes the CR3 and CR4 with 3-inch or 
4-inch woofers respectively and 3/4-inch 

silk-dome tweeters together with a curved 
high-frequency waveguide. The wood cabinets have rear ports. 

A left/right speaker placement switch allows users to locate the volume control 
on the left or right of their workstation. The front panel includes an on/off/volume 
knob with a lit power indication ring that will also control the volume of headphones, 
which can be plugged directly into the front of the monitors. There's also a front-
panel aux input for connection of a media device. Creative Reference monitors come with all connecting cables and a pair of 
acoustic isolation pads. 
www.mackie.com

Munro Sonic Eggs
Munro Sonic is a speaker 
brand from acoustician 
Andy Munro and James 
Young and Phil Smith 
from Sonic Distribution. 
They have made a number of tweaks and refinements with the 
new Munro Sonic 150s over the original SE Munro Egg150s but 
have retained the same base form and function. They sport a 
new amp PCB design. Improvements have also been made to the 
chassis metal-work together with a redefined mid-EQ section. The 
system is now entirely designed, manufactured, marketed and 
distributed in the UK.

MunroSonic Egg100 monitoring system 
is a development of the curved, infinite 
baffle design concept of its big brother, 
the Egg150, but housed in a smaller 
chassis with a 4-inch driver. 

The frequency response is 
adjustable and the bass port 
is angled and placed as low as possible. It 
has a variable tilt base that allows adjustment of the upward 
angle of the listening axis. The system comes with a separate 
control unit and amplifier that features passive analogue 
crossovers, LF and HF trim pot EQ for location set-up, and a 
Class-A headphone amplifier.

As with all MunroSonic products it is designed and 
manufactured in the UK by Munro Acoustics and Sonic 
Distribution and is BS EN ISO 9001:2000 certified.
www.munrosonic.com

Presonus AMT and MTM
Presonus’ R65 and R80 active monitor offer a 
custom Air Motion Transformer (AMT) tweeter. 
These biamped monitors have Class D power 
amps, with 100W RMS driving the woofer 
and 50W RMS driving the AMT tweeter. Both 
models are equipped with the company’s 
Acoustic Tuning controls.

The R65 and R80 employ a 6.8-square-inch AMT tweeter. The 
R65 employs a 6.5-inch coated Kevlar woofer, while the R80 
sports an 8-inch woofer. 

The Eris E44 and E66 two-
way active MTM monitors 
incorporate dual Kevlar low/
mid drivers (4.5- and 6.5-inch, 
respectively) operating in 
parallel and covering the same frequency range so that they 
acoustically couple. This creates a larger woofer to provide a more 
dynamic output than conventional two-way studio monitors. A 
1.25-inch, silk-dome, HF tweeter sits between the two.

A three-position Acoustic Space switch helps compensate for 
the boundary bass boost that occurs when the monitor is placed 
near a wall or corner. A Low Cutoff filter makes it easy to integrate 
a subwoofer. Balanced XLR and ¼-inch TRS and unbalanced 
phono input connections are provided. 

PMC new main monitor
L a r g e r  t h a n  a n y t h i n g  P M C  h a s 
manufactured before, the QB1-XBD-A is 
described as a ‘statement monitor’. To 
create it PMC re-engineered its flagship 
QB1-A Active main studio monitor, which 
was launched last year, and has added a 
further cabinet (the XBD) per channel. This 
contains four identical piston drivers, each 
driven by four 1000W independent, class D, 
power amplifiers. Power handling is increased and on-board DSP 
provides driver unit optimisation, EQ and crossover networks.

In keeping with the QB1-A, the QB1-XBD-A features wired RJ45 
desktop control for access to user EQ settings and the ability to 
store up to four user setup presets. The speakers can be flush-
mounted or free standing.
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Blue Sky Star System One 
The Blue Sky Star System One 2.1 
comprises the Sub 12D digital 
powered subwoofer and two Sat 6D 
digital satellite speakers. Designed 
and assembled in the US, they can also 
serve as building blocks for systems of 
varying sizes and configurations.

The Sat 6D uses an HF driver from 
Denmark and a custom mid-bass driver from the US that employs 
a radial neodymium magnet structure. Integrated DSP permits 
optimisation of the system’s performance parameters, including 
correction for various baffle and driver characteristics and time-
alignment of the drivers. The system employs Class D amplifiers. 
The Sub 12D uses a long-excursion driver that produces improved 
performance over its predecessor in an enclosure that is about 
33% smaller and lighter. It is equipped with DSP, parametric EQ, 
and Burr Brown convertors.

Blue Sky’s Audio Management Controller 
(AMC) is designed to complement its 

Star System One modular 
monitoring system but 
works with all studio 

monitors.
AMC offers precise, 

centralised control over levels, balance, mute, selection of house 
curves, and various other system configuration settings. It is an 
8-channel DSP-based system and each channel has 1/3-octave 
EQ, eight bands of filters and parametric EQ (ten bands of 
parametric EQ on the bass channel), and variable delay for time 
alignment.

Integrating with Blue Sky’s Speaker Room Optimisation (SRO) 
auto-alignment system in conjunction with bundled Windows 
software, AMC’s other key features include eight system 
presets (EQ curves, etc.), lip sync delay, 7.1 bass management 
with variable cut-off frequency per channel, and an externally-
accessible mute input.

Klawitter debuts KD Elite monitors
Keith Klawitter, founder and 
former CEO and chief design 
engineer of KRK Systems, has 
returned with the Klawitter Designs 
KD Elite series monitors. Housed in eye-catching 
cabinets the KD Elite monitor family comprises biamplified two-
way 8-inch and 6-inch models and a complementary 12-inch 
subwoofer. When fitted with an optional KD network audio 
card, the monitors are compatible with Dante, AVB, and AES67 
networking. Networked KD monitors support digital audio input 
with analogue conversion taking place immediately before the 
input stage of the integrated KD-X amplifiers.

Klawitter described the technological advances in the Elite 
monitors as ‘refining the recipe behind my speakers, with a 
substantial improvement in overall system performance. The 
result is audio that sounds right; it just clicks.’

Barefoot MicroMain45 monitors 
B a r e f o o t  S o u n d ’ s 
MicroMain45 has the same 
signal path, amplifier and 
driver technologies as the 
flagship MiniMain12, but is stripped down to the bare essentials 
to deliver the Barefoot experience at a more affordable price.

The 3-way active monitor has controls for equalisation 
contour and an input level stepped attenuator. The cabinet has 
a 14-litre internal volume sealed woofer and midrange enclosure, 
machined aluminium baffle plate, and long fibre wool acoustic 
damping throughout.  

The MM45 tweeter has a 1-inch ring radiator, advanced 
geometry motor, and rear waveguide chamber, with 180W Hypex 
amplifier. The midranges have two 2.5-inch aluminium cones, 
advanced geometry motors, and +/-2 mm linear excursion, with 
180W Hypex amplifier. The woofer has an 8-inch aluminium cone 
with high linearity motor, and +/-13mm linear excursion with a 
250W Hypex amplifier.

Subwoofer pros launches subs
 

Subwoofer Pros, from the 
people behind TransAudio 
Group, will provide subwoofers 
w i t h  ‘ b e s t- i n - c l a s s  b a s s 
response and functionality’ 
for recording and mixing 
environments. Subwoofer Pros’ 
first two products, Studio 12 and 
Studio 18, use a 400W integrated amplifier to deliver precise 
linear performance down to 8Hz at SPLs of 105dB and 113dB, 
respectively. A comprehensive set of inputs, outputs, and bass 
management protocols allow the subs to integrate with a range 
of existing professional monitoring setups.

They use sealed-box, front-firing 12-inch and 18-inch high-
excursion, low-frequency drivers. Both include identical, input 
methods, including a dedicated LFE input, a six input panel for 
5.1 surround programmes to either sum all of the inputs to a 
single sub output or to have channel-dedicated subwoofers. 
Five line-level, high-pass-filtered outputs allow output to all five 
surround monitors using bass management. A line-level Infra 
output allows additional slave subs to be connected for increased 
SPL or improved room behaviour. A Dynamic Filter protection 
system maintains undistorted bass regardless of the input level 
without using compression.

Les Paul monitors
G i b s o n B r a n d s  h a s 
c r e a t e d  a  l i n e  o f 
monitors with Les Paul 
guitar styling. The 2-way, 
bi-amped designs have 
arch top carved flame 
maple gloss finish fronts and employ non-woven carbon woofers 
and 1-inch carbon-coated titanium tweeters. The boxes are front-
ported bass-reflex and are available in cherry, cherry burst and 
tobacco burst in 4-inch, 6-inch and 8-inch woofer variants.

DT 1770 PRO
THE EVOLUTION OF
A STUDIO LEGEND

www.beyerdynamic.com/dt1770pro
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The traditional approach to sound device designs is based on acoustic 
theory; the same way acoustic instruments are designed. This approach 
produces resonation (distortion) that gives each device a unique tone. 
Any device in a signal chain should not add anything to the sound it 

amplifies; what goes in should come out, nothing more, nothing less. Amplifiers 
would not be tolerated if they added reverberation, desks that always added a 
hall reverb would never be used, and if WAV files added their own ‘warmth’ the 
format would have been abandoned years ago.

A combination of internal dampening used inside traditional speaker devices 
along with DSP correction reduces transient response to such a point that it 
smears sound. Wadding and DSP are damage control tools that I wanted to 
avoid using, so I embarked on finding a way to remove them.

Space — I started designing basic prototype speaker enclosures to understand 
cabinet effect. I think at a particle level so whenever I want to understand 
interactions, thinking this way enables me to realise how to overcome issues. I 
imagine sound as separate lines of compressed and expanded particles in three 
dimensions, this allows me to focus on interactions that I can understand.

I started by building small wooden enclosures with internal bracing as control 
enclosures. I realised that no matter what angles I used with internal bracing I 
could not remove sidewall resonation. So I moved to laminating the structure 
and applied increasingly compressive forces using solid baffle plates with bolts 
through the structure. Once I had applied enough force to the laminations 
I became aware that at one particular compression the structure unified its 
resonance and became exceptionally rigid. This can be demonstrated by placing 
a piece of wood in a vice, as you tighten it the wood becomes very unyielding.

I realised that I had solved one of the big issues of enclosure resonance. A PCT 
patent was filed and I named it Space Technology, this name was chosen as it 
creates a stable place inside the enclosure for the driver to operate.

Vortex — The next problem to understand was driver movement. Drivers 
were placed into Space enclosures and their movement was studied. As I 
restricted airflow behind a driver I noticed that driver movement was altered; the 

driver started to move further forward than backward when there was increased 
pressure behind it.

The research I carried out concluded that air is not energy linear, it takes 
an exponential amount of energy to compress air particles, whereas pulling a 
vacuum is close to linear. I realised that thermodynamics has an effect inside 
loudspeakers and I wanted to find a way to minimise this effect.

The effect energy imbalance has on sound is very important, I believe that 
it distorts symmetry. In electronics this effect is known as DC offset and it is 
widely understood. A fixed ground enables a mid-point for waveforms to be 
analysed on a scope in electronics; in air with sound it is not so easy. Current 
measurement techniques do not take into account the mid-point of air pressure; 
therefore, it cannot be easily observed. Analysing sound without a known 
mid-point means that oscilloscopes float the mid-point and this leads to a false 
impression displayed (waveforms appear symmetrical when they could be 
entirely asymmetrical).

Asymmetrical sound, especially at higher dB levels, is not pleasant to listen 
to. I believe that the effect symmetry distortion is creating from sound devices is 
damaging our experience of sound.

Human hearing has a sealed area behind the eardrum that is only equalised 
when the Eustachian tube is opened (yawning etc. can equalise pressure 
but sound impulses won’t). Any imbalance of the waveform in terms of the 
compression and rarefaction elements must therefore have an effect on the 
eardrum, a graph shows this theory as I see it.

My approach now focuses on this imbalance as a core concept and I set 
about working out ways to remove it with all shapes and sizes of electroacoustic 
speaker products.

I started developing silencing methods so that residual pressure can be 
removed without allowing sound to escape. Various prototypes were tested with 
different degrees of success. One approach used a labyrinth of baffles similar to 
how a typical exhaust works, this however caused back pressure that interfered 
with the driver and I discovered a patent from the 1930s that faced similar issues.

After some months I discovered a way of trapping air particles and allowing 
the two components of sound to mix so that the particles’ own energy became 
the silencer. Vortex silencing was the name of this technology and further 
international PCT patents were filed. I discovered that there was no prior art in 
this area and we had to do a significant amount of R&D to develop technical 
ways of integrating it.

Flare Zero — I discovered that the ideal way to implement vortex technology 
was to surround each driver so that enclosed pressure exits with minimal 
standing wave interference. I wanted to create true infinite baffle products so 
that studios and listeners could hear increased detail without the masking that 
occurs with the traditional approach. When pressure is stabilised behind drivers 
the cone structure increases its stability, becomes more sensitive and coil cooling 
is maximised.

Flare Zero is a component loudspeaker system that uses Space technology to 
clamp Vortex technology 360 degrees around each driver. Each Zero component 
is mathematically scaled so that design symmetry is maintained throughout, this 
creates vortex silencing that matches the frequency operated by each driver. The 
system is in component form so that a variety of setups can be created from 
small format studio monitors through to a 6ft-tall floor-stander. Each segment 
connects via a stainless steel pin that enables rotation of each element and 
various configuration options.

Pressure Energy Graph

Space and  
the Vortex

Flare Audio founder and CEO DAVIES ROBERTS explains the  
thinking that led to the technology development behind  

the brand’s move into studio monitoring.
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To remove crossover interference we have 
an amplifier that uses proprietary phase linear 
DSP. This is crucial as without using phase linear 
crossovers the sound would have interference 
at the crossover points which becomes very 
noticeable once other distortions are removed. 
Listening to true infinite baffles is an amazing 
experience. You can listen to higher dB levels all 
day without any ear fatigue. Sounds appear to 
come from the area between the loudspeakers, not 
the typical left/right experience. Layers become 
separated and it is much easier to identify track/
mix issues.

The first installation of Flare Zero occurred at 
a studio in Cornwall, the system is used in the 
control room with no other speakers to reference 
too. The results they have been getting are very 
encouraging as they translate very well onto other 
devices.

Flare has recently added a Zero demo room at 
our HQ in West Sussex. Developing Flare Zero 
gave me an insight into music that I continue to 
find extremely interesting, it also allows me to 
understand and study driver movement further.

Driver movement — When driver movement 
is affected by enclosed air pressure I believe it 
does two things to the sound. First, information 
that should be produced at a certain point of 
driver movement shifts in time when movement 
is affected. An example of this is that when a 
driver is forced forwards due to enclosed pressure 
interference, all frequencies shift forward in time as 
they are produced. Sounds that were supposed to 
be produced at a certain point of driver movement 
are no longer in the exact time and place they 
should be. 

Second, this information becomes compressed 
on the driver and the ear as the driver and 
ear overextends. This happens due to the effect 
of physical compression as information gets 
crushed together at the extremes of driver and ear 
movement.

These two issues fascinate me as time domain 
and compression are widely understood as crucial 

to reproducing accurate sound. Analysing precise 
movement at very high frequencies is exceptionally 
difficult, so to explore this theory I had to focus 
entirely on my core concept of energy balance.

Developing Vortex silencing into HF devices was 
the next logical step. As I applied the technology 
to standard compression drivers and balanced the 
flow of energy the ‘harsh’ sound disappeared. 
Hi-hats and cymbals started to layer and they 
no longer appeared as just a crash of information 
in the 8kHz area. Although there is much more 
information present it never feels too much, this 
is the notable thing about listening to Flare Zero. 
HF information holds an immense amount of 
detail, thus I think it is crucial to ensure that tiny 
diaphragms are energy-balanced so that more 
information can be presented.

Understanding that tiny changes can affect 
symmetry in a big way I moved into micro devices 
to explore how far I could take the approach. In 
May 2015 Flare ran a Kickstarter campaign for 
R2, our first IEM earphone product. This used 
pressure technology that I filed a PCT patent on to 
control on the front of the diaphragm to counteract 
the closed rear chamber. The campaign was very 
successful and reviewers published independent 
reviews of the product that gave scores above 
well-known and respected products. What was 
great to hear was that the reviewers were picking 
up on the sound and that you could listen all day 
without ear fatigue.

This encouraged me to focus on personal audio 
as the sound devices are so close to your ears. It 
made sense to me that if I was able to perfect driver 
movement at this level it may open up an entirely 
new experience in music. Over the last year we 
have been working on developing a revolutionary 
personal audio product that has enabled me to file 
two further PCT patents. Later this year Flare will 
be announcing a new personal audio product that 
creates what we believe is a truly amazing listening 
experience. We believe that this new product will 
revolutionise the personal audio experience; it is an 
exciting time for us to be working on this. n

C

M

Y

CM

MY

CY

CMY

K

halo_third_vertical91_OL.pdf   1   3/9/16   11:30 AM

Waveform symmetry



resolution  March/April 201654

GEAR MONITORING SUPPLEMENT

Spotlight: Beyerdynamic
The DT 1770 PRO headphones are the next step in the evolution 
of the DT 770 PRO reference headphones, which have been tried 
and tested for decades. Tesla drivers are a part of the features of the 
closed 250Ohm headphones, which are being used in a professional 
studio headphone for the first time, and characterised by a high 
magnetic flux density for enhanced performance and accuracy. 
A triple-layer compound membrane in the DT 1770 PRO reduces 
unwanted vibrations and aids bass reproduction. The aesthetic 
reflects the heritage of the DT 770 PRO with improvements. 

An ‘ideal’ headband pressure ensures comfort and a perfect 
fit for daily use; the sturdy spring-steel headband is adjustable 
and equipped with exchangeable padding. The exchangeable ear 
cushions are covered with soft velour or artificial leather. Despite 
the high ambient noise reduction, the circumaural ear cups fit 
comfortably.

It comes with coiled and straight cables, which are single-sided 
and attach via a lockable Mini XLR connector, and a hard case.
www.beyerdynamic.com

Audio-Technica
Audio -Technica’s ATH - R70x 
P r o f e s s i o n a l  O p e n - B a c k 
Reference Headphones have 
received a NAMM TEC Award 
in the Headphone/Earphone 
Te chno lo g y c ate gor y.  T h e 
ATH-R70x is Audio-Technica’s 
f irst professional open-back 
reference headphone. Featuring 
Audio-Technica’s comfortable, 
self-adjusting 3D Wing Support 
Headband that adapts to f it 
any wearer the ATH-R70x also 
has breathable fabric ear-pads. 
The drivers employ high-efficiency magnets and a pure alloy 
magnetic circuit design, reducing distortion and ensuring 
extended high frequency response. The headphones’ 
acoustically transparent aluminium honeycomb mesh housing 
provides a natural and spacious 
open-back sound. It features a dual-
sided detachable locking cable that 
is L/R signal-independent. 

Audio-Technica has released the 
M50xMG, a limited edition matt grey 
version of its ATH-M50x professional 
monitor headphones, part of its 
M-Series line of headphones. The 
included cables and storage pouch 
are grey to match the headphones. 
They have 45mm large-aperture 
drivers, sound-isolating earcups and 
robust construction, the ATH-M50x have a collapsible design and 
remain comfortable through long sessions.

The ATH-T300 use a 40mm copper-
clad aluminium wire (or CCAW) 
voice coil driver units which give an 
extended and more defined bass 
response. Wide adjustable head 
support and soft ear pads allow you 
to listen in comfort for long periods. 

The latest addition to the critically 
acclaimed M-Series l ine, the 
ATH-M70x professional monitor 
headphones 
f e a t u r e 
p r o p r i e t a r y 
45mm large-
a p e r t u r e 

drivers and are tuned to accurately 
reproduce low and high frequencies. They 
are said to be suitable for studio mixing 
and tracking, FOH, DJing, mastering, post, 
and personal listening. The headphones 
provide excellent sound isolation and are 
equipped with 90° swivelling earcups for 

one-ear monitoring.
The high-performance 

ATH-M40x professional 
headphones are tuned flat 
for accurate monitoring 
a c r o s s  a n e x t e n d e d 
frequency range. Your 
studio experience is 
e n h a n ce d by s o u n d 
isolation and swivelling 

Products
Headphone introductions and 
announcements.

earcups for convenient one-ear 
monitoring. 

The circumaural design of the 
ATH-PRO700MK2 headphones 
achieves remarkable isolation 
from ambient noise, making 
t h e m  p e r f e c t  f o r  l o u d 
environments. With new 53mm 
diameter drivers designed 
especially for DJs, neodymium 
magnets, and 3,500mW of power 
handling, these headphones 
deliver outstanding sound reproduction. Supplied with two 
detachable cable options.
www.audio-technica.com

Direct Sound
The EX-29 headphones 
have 29dB of passive 
i s o l a t i o n a n d a r e 
n o w  a v a i l a b l e  i n 
limited-edition white. 
D y n a m i c  c l o s e d 
b a c k  h e a d p h o n e s 
w i t h  c l o s e d  b a c k 
drivers offer passive 
attenuation of 36.7dB 
at 8,000Hz, NRR 29dB. 
The drivers are 40mm, impedance is 32Ohms and sensitivity is 
114dB at 1kHz 1mW. It comes with 9ft premium twin-lead cable 
and an IncrediFlex padded fully adjustable headband. 

Spotlight: Fostex
The new RP-Series from Fostex uses the 
newly designed mk3 proprietary ‘Regular 
Phase’ planar magnetic driver, which 
Fostex has been refining since the RP series 
first appeared in the 70s. The T50RPmk2 
has something of a cult following among 
headphone users. The RP driver claims 
to offer something different to dynamic 
designs in a smoother frequency response 
in the upper mids and high frequency 
range, as well as a natural, non-fatiguing 
sound and accurate overall frequency 
response. They have high input power 
handling (3000mW) for professional 
applications. There are three models — 
T20RPmk3 open, T40RPmk3 closed, and 
T50RPmk3 semi-open. 

Fostex has released the new dynamic 
TR series which have been modelled on 
the options based on the DT770, DT880 
and DT990. They use a newly designed 
40mm dynamic driver with specially tuned 
housings for accurate sound reproduction 
over a broad frequency range. The three 
models are TR70 open, TR80 closed, and 
TR90 semi-open and each is available in 
250Ohm and 80Ohm versions. They are 
supplied with thick and thin interchangeable earpads and detachable/locking curly and straight cables.
www.fostexinternational.com
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The closed-back design features an acoustic chamber, which 
eliminates audio bleed.

An ergonomic, self-adjusting headband 
and over-ear design provide comfort 
and the three models weigh in at only 
200g each. With a claimed frequency 
range of 18Hz–20kHz, the K52 is ideal 
for rehearsing and tracking. The K72, 
features an extended frequency range of 
16Hz–20kHz and a screw-on ¼-inch plug 
and a 3m cable.

As the premium model the K92 leverages 
the benefits of the K72 while extending 
the high-frequency performance to 22kHz 
and adds a gold-plated screw-on adapter plug.

The on-ear AKG K67 DJ and 
over-ear AKG K167 DJ feature 
closed backs for ambient 
noise reduction. The 40mm 
transducers are of dynamic/
moving coil design and both 
models are lightweight and 
foldable. The K67 DJ is ideal 

for mixing and playing live while the K167 DJ is best suited for 
DJing, studio monitoring, mixing, mastering and live sound 
engineering.

Both models are 32Ohm impedance.
The foldable, closed-back K182 headphones claims a 

response of 10Hz-28kHz 
from high-sensitivity 50mm 
transducers in a closed-back, 
over-ear design.

The folding mechanism 
makes it easy to pack the 
K182 and it comes with a 
detachable cable and 1/8-to-1/4-inch screw-on adapter plus 
replaceable earpads.

Lightweight, yet strong enough to keep most sound out the 
EX-25 is tough, yet comfortable. The closed type headphones 
with closed back drivers claim passive attenuation of 33.4dB at 
8,000Hz and NRR 25dB. Sensitivity is said to be 107dB at 1kHz 
1mW. Like the EX-29 the EX-25 is made in the US.

Shure
The Shure SRH1840 open back headphone has been developed 
for professional recording, mastering and 
audiophile listening applications. The flagship 
Professional Open Back headphone from Shure 
it features individually matched drivers and 
‘smooth, extended highs and accurate bass’.

Building on over 85 years of audio 
experience, the SRH1540 Premium Closed-
Back Headphones deliver ‘world-class audio 

performance, comfort 
and durability ’; the 
SRH1540 uses 40mm 
neodymium drivers. 

The BRH440M is a professional, two-
ear headset for TV, broadcasting and live 
events. The closed, circumaural design 
ensures excellent ambient noise isolation. 
It includes an auto-mute feature that is 
activated as soon as the microphone 

boom is raised vertically.
The circumaural, single-

sided BRH441M headset is a 
good choice for professional 
broadcast applications 
where high ambient noise 
isolation is required. They 
deliver detailed sound 
reproduction and in addition 
due to the closed back 
design reliably block out external noise. 

Ultrasone
The titanium-coated sound transducer 
of the PRO 900i comes in a box with 
extra velvet earpads, a 1.5mm stereo 
jack and a 3m coiled cable with a Neutrik 
stereo jack. The dynamic, closed design 
employs S-Logic Plus technology, has an 
impedance of 40Ohm, and Mylar/Titan 
40mm drivers. 

Using specifically developed velvet 
earpads for comfort and maximum 
isolation, the PRO 750 comes in the safe Pro hardcase with one 
straight and one coiled cord, a spare pair of velvet earpads which 
are easy to change.

The PRO 550i is said to be a favourite 
among bass players, drummers and 
guitarists as they deliver powerful bass 
in a closed design. It’s equipped with 
the standard accessories in the PRO 
b o x  (a  3 m 
coiled cable 
with a 6.3mm 
stereo jack , 

a 0.8m straight cable with a 3.4mm 
stereo jack and a second pair of ear 
pads). They feature S-Logic PLUS and 
ULE technology and have an impedance 
of 64Ohms and 50mm drivers.

AKG
Designed to meet the requirements of recording musicians, 
producers and engineers on a budget, the AKG K52, K72 and 
K92 models deliver sound quality, comfort and long-lasting 
lightweight construction.

The headphones feature 40mm drivers that claim high 
sensitivity, wide frequency response, and low impedance. 

The New Trio6 Be from Focal
The Trio6 Be can be used in portrait or landscape orientation with tweeters 
inside or outside, as you prefer.  Simply loosen the four screws on the 
circular facia plate, and rotate it to suit the placement orientation.

Portrait or Landscape
Always the perfect orientation.

FOCUS mode:  Just like its big brother, the SM9, the Trio6 Be is really two 

monitors in one.  In its normal state, it’s a three-way monitor featuring a 

1” tweeter, a 5” mid, and an 8” woofer (35Hz-40kHz +/-3db), but switch it 

to FOCUS mode and it reconfigures into a two-way monitor (90Hz-20kHz 

+/-3db).  Furthermore, this switching may be remote controlled.  

The Trio6 Be sets a new price/performance high watermark, giving 

extreme neutrality and precise stereo imaging, whilst its Class G  

amplifiers deliver SPL levels to suit all ears.

Distributed by SCV Distribution: Call 03301 222500 for your nearest dealer
www.scvdistribution.co.uk  

Distributed by SCV Distribution: Call 03301 222500 for your nearest dealer

www.scvdistribution.co.uk
  

”It sounds great, is easy to use and has 
advanced features that both musicians 
and engineers love using.”
Oli Jacobs - Real World Studios

Ensure everyone in the 
band gets the mix they want...

Photo by York Tillyer
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SONY
Designed for critical listening applications, 
the MDR-7509HD features newly developed 
HD Driver units that deliver wide dynamic 
range and high power handling with 
3,000mW power handling and 80kHz 
frequency reproduction. The 50mm HD 
Driver units use 360kJ/m3 high power 
neodymium magnets to reproduce a clear 
mid-range. The MDR-7509HD features an 

‘Auranomic’ circumaural design where the driver units have been 
designed in accordance with the angle of the ear, thereby helping 
to eliminate pressure on the ear. 

The MDR-7506 is a high-quality, unobtrusive 
reference headphone. The lightweight model 
has been engineered to be comfortable to 
wear for extended periods. A 40mm PET 
diaphragm runs from a neodymium magnet. 

Thanks to an acoustic 
design that positions 
the soundf ie ld ver y 
close to the ears, the MDR-7505 makes 
detailed listening possible, even in noisy 
environments. An Auto-Swivel earpiece 
enables single-sided monitoring. It has a 
40mm PET driver and neodymium magnet. 
An adjustable, padded 

headband offers durability and comfort.
The MDR-7502 is a cost-effective, general 

purpose headphone. The lightweight, closed 
design of this model allows long-term use 
without listening fatigue. The neodymium 
magnet (used in all Sony professional 
headphones) is almost five times more 
powerful than standard ferrite magnets, delivering dynamic 
sound, high-sensitivity and deep bass response.

Spotlight: Sennheiser
Sennheiser has streamlined its classic HD 25 pro 
headphones portfolio to make product selection 
easier. There is one classic HD 25 with two sister 
models — the HD 25 Light, which has slightly 
different features and accessories, and the 
HD 25 Plus, which adds accessories to enhance the 
classic. The new versions can be recognised by the 
compact Sennheiser logo on the earpieces, with the 
version and impedance information now provided 
on the headband.

The classic HD 25 comes with a split headband, 
1.5m single-sided connection cable and a flip-away 
earcup for single-sided listening. Newly designed 
headband ends ensure that the earcups lock 
securely into place, while lightweight aluminium 
voice coils ensure a good transient response. With 
a claimed frequency response of 16-22,000Hz, an impedance of 70Ohms and a maximum SPL of 120dB, the HD 25 comes with 
a screw-on jack adaptor for its straight steel cable. 

The entry-level HD 25 Light has a simpler headband and slightly different drivers. The headphones have an impedance of 
60Ohms, a claimed maximum SPL of 114dB and a frequency response of 30-16,000Hz. The HD 25 Plus is identical in design 
to the HD 25 but comes with coiled and straight cables, a storage pouch and a second set of earpads in a soft velour version. 

The HD 280 PRO are closed-back, circumaural headphones designed for professional monitoring applications. The 32dB 
attenuation of external noise allows it to be used in a high-noise environment. They have a space saving design with collapsible, 
rotating ear-pieces.

The HD 380 Pro offer a closed, circumaural design which provides excellent passive attenuation of ambient noise while 
Sennheiser’s Eargonomic Acoustic Refinement (E.A.R) technology channels the audio signal directly into the user’s ears. The 
headphones provide an extended frequency response with increased sound pressure levels up to 110dB. The lightweight and 
secure fit design offers a comfortable listening experience.

The audiophile HD 650 is ‘the ultimate in open, dynamic headphone design’. Developed from the HD 600, the HD 650 features 
improved materials and +/-1dB hand-picked pairs. They have a high-quality titanium/silver finish while a specially developed 
damping element made from fine acoustic metal mesh provides damping over the entire diaphragm surface.
www.sennheiser.com


