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Genelec DSP Series

Some Questions are Easy to Answer

“All this with a 5.1 system! 
How am I supposed to find the 

time to calibrate my system 
accurately?”

“I should just get a 
Genelec DSP system!”

“How can I add more 
bass trapping in my 

small room to avoid this 
boominess?”

“Where do these lumps 
in the lower midrange 
come from? Should I 

move my furniture or get 
a smaller display?”

When you are building or fine-tuning your audio monitoring environ-

ment there are many aspects to consider: the design and geometry of 

the room, loudspeaker placement, acoustical treatments, the type of 

equipment to use and making sure everything works well together. When it comes 

to optimized audio reproduction and proper adjustments of your response curves, 

the decision is easy. Genelec DSP systems with AutoCal™ automatic calibration 

can attack common problems in your room response with just a few mouse 

clicks. Get familiar with our DSP systems at www.genelecDSP.com
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there’s a point above a certain hotel 
room rate for any given city where a 

number of changes occur to the room. most are subtle to the 
two-star eye but the most apparent is the transformation 
of the tv into an entertainment centre. it isn’t because 
it’s not perched on top of a creaky wardrobe or because 
the remote works and doesn’t employ tape to keep the 
battery compartment in place; it is the way in which the 
room pivots around and draws the eye away from the 
panoramic view of the car park and pulls it towards the 
centrally positioned, flat-screened and flush wall-mounted 
altar to entertainment.

what a treat; you don’t have one of these at home. 
marvellous picture, the colour and contrast is just superb — 
more channels than you want to even count, though  …let’s 
catch some news while unpacking… you’d never suspect that 
those newsroom sets don’t really exist…remarkable… ’and 
here is our correspondent from the middle east. so tell us, 
how are things after the incident this morning and how are 
people dealing with it?’ As soon as the correspondent is in 
shot you smell a rat and your unpacking stops. within a couple of frames you’ve 
realised that this is some sort of internet stream piped in live; some completely 
inadequate delivery method that some twit somewhere has sanctioned as being 
OK to broadcast. And you’re subjected to hypnosis by foreign report: hmm, lipsync 
is not so bad… that was a glitch… oh yes, here we go and it’s frozen; it’s back; 
it’s gone again, back again... frozen solid, eyes closed, faced pulled in a disturbing 
mask of pain; and the report ends this way. 

it’s interesting that the audio runs intelligibly and largely unscathed throughout 
— if it didn’t the anchorlady would have to step in and interrupt the report. 
Apparently frozen face pulling and jerky motions are OK though. 

Once, we used to get a still photo of the location in question with an inset still pic 
of the correspondent (on the phone) over which said correspondent would phone 
in his report. it was adequate because it was the words that mattered. Apparently 
we couldn’t deal with such a boring presentation today so instead, and to keep our 
interest up on our enormous and super high-quality televisions with their ‘ready 
this’ and ‘ready that’ stickers, we get some bloke in a desert who looks like he’s 
doing a st vitus dance while being strobe lit.

when was it agreed that broadcasting this sort of rubbish quality was OK? who 
sanctioned this ridiculous technology that just doesn’t work? How dare they inflict 
it upon us? they either think that we are all so stupid that we won’t notice or they 
genuinely think that it’s good enough. where is the quality control? 

Zenon schoepe

Leader
CharterOak sA538b  
hit for singles
Grammy Award winning artist Rob Thomas 
recorded his vocals on the hit single Her 
Diamonds through a CharterOak SA538B 
mic. Producer Matt Serletic and Thomas 
selected the SA538B from a blind shoot out 
with ten other mics.

Serletic, who also produced Gloriana, 
purchased a second SA538B via same-
day courier to complete Tom Gossin’s lead 
vocals for the band’s tracks Wild at Heart and 
The Way it Goes. Serletic was recording at 
Blackbird Studios in Nashville. ‘We couldn’t 
believe it when the studio called looking to 
have an SA538B for that evening’s session,’ 
said Jen Wason, VP of marketing and PR for 
CharterOak. ‘We knew our CharterOak mics 
could outperform the best of the best but it’s 
nice to get validation from hit singles like Her 
Diamonds and Wild at Heart.’

mpG Awards 2010
The second Music Producers Guild Awards 
are scheduled for 11 February 2010 at the 
Cafe de Paris in London. The winner of 
the Music Producers Guild Producer of the 
Year Award automatically receives a BRIT 
Award for Best Producer. There are also 
categories for engineers, mixers, remixers 
and programmers, plus awards for Best 
Mastering Engineer, Best Newcomer and 
Unsung Hero.

Glensound for  
world Cup

G l e n s o u n d 
has f in ished 
b u i l d i n g 
7 6  c o d e c 
mixers for the 
South African 
Broadcasting 

Company, which are to be used for 
commentary at next year’s football FIFA 
World Cup in South Africa. This is the 
second system that Glensound has supplied 
to SABC this year. The GDC-6432 digital 
commentary system was specified and 
installed into the new SABC HD trucks that 
have recently finished operating at the 
2009 FIFA Confederations Cup. OB1 JHD 
and OB6 JHD each have three GDC-6432 
digital commentary systems installed and 
will provide commentary facilities for sports 
coverage in preparation for the FIFA 2010 
World Cup.

The GSGC5K is an extended version of the 
widely used GSGC5 family of ISDN codecs. It 
adds more commentary functionality that 
makes it a true standalone commentary 
ISDN workstation. There are mic inputs 
and headphone outputs for four individual 
commentators with three input feeds to each 
commentator’s headphones.

Appointments
Delec has appointed 
Mark Davidson as 
head of international 
sales. He joins from 
ClearCom with six years 
of distribution and 
project experience.

Sonic Distribution has 
appointed Ian Young 
as director of sales 
for its UK business. 
He jo i ne d S o n i c 
Distribution in 2004 
and has worked as UK 

sales manager for five years.

M i c r o p h o n e 
m a n u f a c t u r e r 
Schoeps is now 
led by a team of 
t w o  m a n a g i n g 

directors. Ulrich Schoeps acts as the 
president of the company and MD 
(sales and finance) and Helmut Wittek 
has been appointed MD (Engineering), 
which is a continuation of his existing 
role as he has been head of engineering 
for the last two years.

Professional audio 
UK suppl ier HHB 
Communications has 
recruited Adam Parr 
to its sales team. He 
will be based in the 
Midlands and joins 

after seven years at Total Audio Solutions.

DPA Microphones has 
appointed A B Noam 
Elec tronic s as i t s 
distributor for Israel.

Asaf Tzur, import 
manager at A B 
Noam Electronics.

Jeff Radke, VP sales Sweetwater Sound 
and Larry Droppa, president of API.

API Audio has appointed Sweetwater 
Sound to sell its rack-mounted gear and 
Arsenal Audio by API line in the US.

Changes at Soundcraft Studer
Harman’s mixer group, Soundcraft Studer, 
is ‘formalising its centres of expertise’, 
increasing production capacity and placing 
additional focus on new product introduction, 
according to the company.

‘Part of Harman’s strategy is to focus on 
centres of expertise; currently the majority of 
our digital R&D is done in Switzerland with 
an excellent communications infrastructure 
linking the UK leg of the team which will 
remain in Potters Bar. However we’re still 
manufacturing consoles across two countries, 
adding time and cost — that doesn’t make 
operational or financial sense,’ explained 
Andy Trott, president, Soundcraft Studer.

‘We’re relocating R&D and associated 
new product introductions and support 
functions to a new facility very close to our 

current building in Regensdorf, near Zurich 
Switzerland. This will form our Console 
Technology Centre which will focus on 
digital console development, advanced 
user interfaces, routers, networking and 
communication technologies and ongoing 
development of existing products. The 
organisation will continue to report to Studer 
general manager, Juergen Bopst. This move 
presents us with the ideal opportunity to 
bring our production facilities together under 
one roof, so from January 2010 all Vista and 
OnAir 3000 consoles will be produced in 
the UK.’

The Potters Bar facility will also expand its 
existing customer centre with the addition of 
a new broadcast studio, an acceptance test 
studio and a training suite.
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sbes 09 cancelled 
Point Promotions, organisers of the annual 
SBES show in Birmingham, have cancelled 
this year’s one-day event.

‘Despite many promises of support and 
encouragement from previous exhibitors and 
having assessed the level of bookings to date 
for SBES 2009, we believe it highly unlikely 
that we will achieve the level of bookings 
necessary for a successful show — we 
suspect that this is due to current economic 
uncertainties,’ said Point Promotions director 
David McVittie in an email. ‘Therefore, with 
great regret, we are exercising the company’s 
option to cancel the exhibition.’

Abbey Road online 
mastering

Abbey Road Studios has launched an 
online mastering service. Available at www.
abbeyroadonlinemastering.com the new 
service will operate on a cost per track basis 
for mastering with a fixed price per format 
for vinyl masters, making it easier to calculate 
mastering costs within a fixed budget. Final 
delivery will take a maximum of five working 
days beginning from point of purchase.

‘Abbey Road Studios is dedicated to 
inspiring great new music and we see this 
as a fantastic opportunity to make that 
Abbey Road sound available to emerging 
talent whilst continuing our tradition for 
innovation within music technology,’ said 
Jonathan Smith, general manager, Abbey 
Road Studios.

Bobby Ferrari (l), head of audio production 
at Odds On Records & Studios and 
Recording Industry Poker Tournament 
(RIPT) event sponsor, with Ben Grosse, 
mixer and owner of The Mix Room in 
Burbank, California. Hosted by engineer 
Dave Reitzas, and joined by 120 producers, 
engineers, musicians and manufacturers, the 
July event marked the first LA Recording 
Industry ‘No Limit Texas Hold ‘Em’ Charity 
Poker Tournament. All proceeds raised 
benefited Sound Art LA, an organisation 
that provides music education for children.

sAbC chooses Lawo for Obs

the south African broadcasting Corporation (sAbC) has taken delivery of the first 
of four new Ob vehicles, commissioned for the 2010 FiFA world Cup. All four Obvs 
have been equipped with Lawo mc²56 consoles.

‘After evaluation, research and testing by our own sound engineers, we all felt 
that the Lawo mc²56 had the power, flexibility, reliability and redundancy we were 
looking for,’ said mervin buthelezi, technical manager of Ob Units for sAbC. ‘it also 
integrates perfectly with virtual studio manager.’

identically specified, each 30-ton vehicle is equipped with 18 cameras and is wired 
for 24, including three superslow HD cameras. the sound area has a 64-fader mc²56 
in a 32-16-16 configuration. there is full processing for each channel and the HD Core 
offers 128 Aes inputs and 128 Aes outputs. A Lawo Dallis frame provides all the 
other Aes and analogue i-Os; the routing capacity of the HD Core is 8192 crosspoints.

Appointments

(l-r): David Cooper (Midas and Klark 
Teknik); Lynn Martin, Gabriel Whyel 
and Jay Easley (Midas Consoles North 
America); John Oakley (Midas and 
Klark Teknik).

Midas Consoles North America has 
been appointed exclusive distribution 
channel for Midas and Klark Teknik in 
the USA and Canada.

Midas and Klark Teknik have brought 
their UK distributorship in house. Rob 
Hughes, previously employed by 
Shuttlesound to handle the brands, has 
joined Midas and Klark Teknik to continue 
his role as UK sales consultant.

Chung Wah Khiew, engineer, Quad 
Professional.

Midas and Klark Teknik have appointed 
a new distribution company, Quad 
Professional, for Singapore and Malaysia.

CEDAR Audio has appointed Fabrika 13 
to be its dealer in Croatia, Serbia, and 
Bosnia and Herzegovina.

Sound Technology has appointed 
Vince Borrelli as tour 
sound sales manager. 
He has previously 
worked for Audio-
Technica, Mackie, 
Harman Pro and 
Headstock Pro.

Telos Systems has appointed Karl 
Briedis as European sales director. He 
will be based in Riga, Latvia.

CBC/Radio-Canada upgrades Montreal studio
C a n a d a ’ s 
national public 
b ro a d c a s t e r, 
C B C / R a d i o -
Canada ,  has 
i n s t a l l e d  a 
4 8 - c h a n n e l 
SSL C200 HD 
console with 
t w o  M o r s e 
stageboxes in 
Studio 12 in 
Montreal.

‘Choosing the 
right console 
for our flagship 
studio was mission critical in so far as this is 
the studio where our high-profile productions 
take place,’ explained Jean-Marc Gellatly, 
director of French Radio Operations. ‘We 
also considered the fact that our most 
experienced personnel will be operating the 
console and this is why it was important to 
find the right balance between state of the 
art digital technology and the familiarity of a 

more traditional 
control surface.’

S t u d i o  1 2 
was originally 
conceived as a 
large studio room 
with variable 
acoust ics for 
everything from 
a small orchestra 
or big jazz band 
to a rock group. 
The two Morse 
stage boxes yield 
a total of 64 mic 
pres.

‘When we are not recording, we will use 
the C200 in postproduction for the radio 
programmes and, when we move all the 
camera gear and lights into the space for 
the occasional television production, we 
will capture and post with the C200 as well,’ 
added Michel Leduc, manager of broadcast 
engineering for CBC/Radio-Canada French 
Radio and TV projects.
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Kramer mixes woodstock’s 40th

warner Home video has released woodstock: 40th Anniversary — Ultimate 
Collector’s edition on blu-Ray with a remastered director’s cut of the original film, 
including many previously unreleased performances. producer/engineer eddie 
Kramer, who engineered the original recordings in 1969, was called by warner to 
mix the previously unreleased material and Kramer relied on a 5.1 JbL LsR6300 
system in Capitol Records studio C. 

‘the original recording during the festival was pretty scary in the sense that 
there was no communication between the stage and myself in what was essentially 
a tractor-trailer,’ Kramer said. ‘we had to mix everything on the fly, so the first 
song in each set was basically an experiment in identifying where everything was 
in the mix.

‘interestingly, with the technology that is afforded us today, one can now repair 
things that were irreparable even 15 years ago,’ he said. ‘it’s great, because where 
a lot of things weren’t working in those first songs, we’ve salvaged a lot of great 
performances and literally raised tracks from the grave.

‘i have been looking for a set of monitors that i can feel comfortable with at high 
volumes as well as low volumes, because i do a lot of my mixing at low volume,’ 
Kramer said. ‘Anybody can turn a speaker up. but when the volume comes down 
and the relative quality and definition does not change as you pull the monitor 
fader down, that is a very key element in what i’m doing. i want to hear the detail, 
and i can hear tremendous detail in these JbL monitors. i think JbL is really doing 
it right these days.’

morgan remixes brick 
House with Liquid

Producer Allen Morgan was thrilled when he 
was contacted by The Commodores to do a 
remix of their 1977 hit Brick House. ‘I had done 
some work for Dolly Parton,’ he explained. 
‘Her manager is friends with the Commodores’ 
manager, who thought a remix would be a 
great idea. I met with the band in Las Vegas 
and they thought it was a great idea.’

Morgan travelled to Washington DC to 
capture the tune’s signature horn sound, 
courtesy of the Pietasters, and for the remix he 
used the Liquid Mix to create compressor/EQ 
audio chains that were true to the song’s 70s 
roots, with a mix of tube and solid state gear. 
He added the Liquid Mix plug-in to nearly 
every element, plus the final stereo mix.

‘It’s no secret that the vintage stuff just 
sounds better. If it didn’t, there would be 
no market for it and it wouldn’t be called 
vintage; it would be called obsolete,’ said 
Morgan. ‘Liquid Mix is one of my go-to tools. 
It gives me access to all the vintage analogue 
gear I love, anytime and in any location. Plus, 
I love the fact that it’s also a control surface. 
I like mixing with my ears, not my eyes, so 
I love having the ability to make changes 
without using a mouse.’

Delta sound and sound 
by Design join forces

(l-r) Keating, Callin (MD SBD), Mark Bonner 
(MD Delta Sound).

Pro audio companies Delta Sound and Sound 
by Design are to combine this autumn, with 
Delta Sound acquiring Sound by Design over 
an agreed period of time.

‘Paul [Keating, Delta MD] and I have been 
talking about this for about 15 months now, 
since we met at a party in Dubai that neither 
of us was invited to,’ said Andy Callin, MD of 
SBD. ‘We’d already come to the conclusion 
that it was what we wanted to do before the 
market started to contract in some areas. 

Both companies will operate from Delta’s 
current HQ near Hampton Court, Surrey.

2HR re-equips with S2s
H u d d e r s f i e l d 
Hosp i ta l  Rad io , 
also known as 2HR, 
recent ly  bought 
two Son i fex  S2 
10-channel digital 
I-O analogue radio 
broadcast mixers in 
a split configuration.

The S2 is used for 
live broadcasts of 
music and requests shows and broadcasts 
are made to the patients using the hospital 
media system Mondays to Fridays. There is 
also a link with the football stadium where the 
local sports team provide live commentaries 
to the infirmary on all home football and 

rugby matches. There 
are also links to the 
local community as 
these commentaries 
are relayed to special 
seats for the visually 
handicapped at the 
stadium.

‘Having looked 
at a few mixers we 
dec ided on the 

Sonifex S2 having seen it at the Hospital 
Broadcasting Association conference in 
Leeds,’ said studio engineer Trevor Horn. 
‘The quality and layout of all the controls 
plus the reliable name of Sonifex were the 
deciding factors in buying the S2.’

Appointments
Loud Technologies has unified its 
previously separate engineering, brand 
management and product management 
functions and created two market-
focused teams: the Pro Audio Group 
and the Music Gear Group.

Jeffrey Cox, VP of the Pro Audio Group, 
will manage the EAW and Martin Audio 
brands. Jeffrey’s group will include the 
EAW Engineering team; the UK-based 
Martin Audio engineering team; and 
the Canada-based pro audio software/
hardware development group. John 
Boudreau, VP of the Music Gear Group 
and his team will develop the next wave 
of Mackie, Ampeg, Blackheart, Alvarez 
and Crate products.

AKG VP, marketing, Alfred Reinprecht 
has taken on the responsibilities of head 
of advertising following the retirement 
of Mathilde Neubauer after 37 years at 
the company.

Lab.gruppen has 
appointed Ulf Larson 
to the position of 
CEO. He previously 
headed the business 
units developing the 
PLM Series Powered 

Loudspeaker Management systems and 
the Lake LM 26 digital audio processor.

P o w e r s o f t  h a s 
appointed CUK Audio 
as its UK distributor.

Circuit Research Labs, Inc., parent 
company of Orban/CRL, has appointed 
Roger Sales as chief financial officer. 
He has been associated with Orban/
CRL for two years as a consultant and 
independent member of the CRL Board 
of Directors.

Showtime
IBC, Amsterdam .....11-15 September

Plasa, London .........13-16 September

AES US, New York .........9-12 October

SIEL/SATIS, Paris ..........19-22 October

Broadcast India,  
Mumbai .......................27–31 October

InterBee, Tokyo ........18-20 November

NAMM, Anaheim .. 14-17 January 2010

ISE, Amsterdam  .............2-4 February

Cabsat, Dubai ....................  2-4 March

ProLight + Sound,  
Frankfurt .......................... 24-27 March
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viewers of the 
2009 tour de 
France heard 
a ‘soundscape’ 
of the cyclists 
t h a n k s  t o 
Audio-technica 
At835st m-s 
stereo shotgun 
mic rophones 
m o u n t e d  t o 
the cameras on five motorcycles that 
cover the pack of racers. the At835st 
microphones were provided by the 
societé Français de production (sFp), 
a division of the euro media Group, 
which has been a long-time supplier of 
broadcast technology and services to 
the tour. the audio, embedded with the 
video signal, was sent via low-power 
broadcast to a pair of 
helicopters and two 
circling planes that in 
turn relayed the signals 
to three ground relays 
in trucks, which sent it 
via satellite or terrestrial 
links to Ob vans located 
near the finish line. 

Also in paris but 
earlier in July and with 
not nearly as much 
fanfare, Resolution’s 
Z e n o n  s c h o e p e 
completed his epic duo 
of back-to-back London 

to paris charity 
bike rides — the 
first t ime for 
the Children’s 
Country Holiday 
F u n d  t h e 
s e c o n d  t i m e 
for macmillan 
Cancer support.

C o v e r i n g 
a  r e l a t i v e l y 

meagre total of about 650 miles for 
the two events, compared to the 
tour’s 2200 miles, and at a much more 
sedentary pace, the similarity between 
the two ends with the employment of 
bicycles and Lycra.

weather was glorious on the first 
ride and atrocious to begin with on the 
second — a small hardship (together 

with some highly localised 
south-facing soreness) for 
the reward of knowing 
that the two challenges 
ra ised in excess of  
£4000 for  the two 
charities with sponsorship 
still coming in.

s p e c i a l  t h a n k s 
go to the generous 
sponsorship of Focusrite, 
euphonix, midas/Klark 
teknik, Audio-technica, 
tannoy and HHb plus all 
the individuals who also 
pledged support. 

sadie role in Obsidian 
Records success 

UK classical label Obsidian Records was 
named Label of the Year 2009 at the Prelude 
Classical Music Awards in the Netherlands. 
Prism Sound’s Sadie technology is used for all 
of the label’s recordings, which concentrate 
on music from 1300-1750.

Obsidian Records director and owner of 
Classical Communications Ltd, the company 
behind the new label, Martin Souter said the 
portable nature of the Sadie system makes 
it well suited to the way classical music is 
recorded. ‘We have used Sadie equipment 
for many years on our established label, The 
Gift of Music, and have stuck with it because 
it is so flexible,’ he said. ‘Once the recording 
is completed, we also use Sadie equipment 
for editing, mixing and mastering.’

stengaard opts for bock

Peter Stengaard, a producer, songwriter 
and multi-instrumentalist from Denmark 
now based in Los Angeles, has bought a 
Bock Audio 5-Zero-7 microphone through 
TransAudio Group. Stengaard includes 
Pussycat Dolls, Donna Summer and JC 
Chasez on his list of credits and also regularly 
works with songwriter Diane Warren at her 
RealSongs production facility in Hollywood.

‘My problem was that I wanted a U 47-type 
mic, but on guys that don’t have super well-
rounded voices it tends to sound a little 
nasally,’ he explained. ‘I wanted something 
with a little more of an open sound, especially 
in the mid-range. What I really like about 
the Bock microphone is that the mid-range 
boost is a little bit less than the 47 and not so 
nasally, but there’s a boost in a very pleasant 
area, plus a very nice top end and a very firm 
bottom end. It sounds huge and natural, 
while still having lots of character.’

Biz Bites
New research suggests the number of 
teenagers illegally sharing music has 
fallen considerably in the last year, writes 
Nigel Jopson. In January 2009 26% of 
14-18 year olds admitted file sharing at 
least once a month compared with 42% 
in December 2007. The survey of 1,000 
fans by The Leading Question shows 
many 14 -18 
year olds now 
stream music 
r e g u l a r l y 
online using 
services like 
YouTube and Spotify (the ad-funded 
streaming site which also offers a 
premium subscription). Steve Purdham, 
CEO and founder of streaming service 
and download store We7, said: ‘They 
may not buy an album, though they have 
that opportunity, but you can sell them 
tour tickets and a T-shirt of their favourite 
band.’ The future success of services that 
rely only on ad-funded streaming music 
is far from assured. Founder of Spotify 
Daniel Ek recently admitted that, despite 
having 2m registered users, Spotify was 
not on target to meet revenue forecasts.

PRS economists Will Page 
and Chris Carey have 
compiled a report showing 
the UK music industry is 
actually growing, thanks 
to escalating live music 
revenue. Page expressed concern this 
was mainly due to older acts, like The 
Police (whose UK tour sold out within 
30 minutes). ‘One can see that a “digital 
Britain” faces a problem with investment 
in the creative industries,’ said Page. 
‘It’s recorded music which makes the 
primary investment in new talent ... 
the question the industry should ask is 
this: who’s going to invest in the career 
development of artists to create the 
heritage acts of tomorrow?’

Apple is developing a 
portable, full-featured, 
tablet-sized computer 

in time for the Christmas season. Apple 
is working with EMI, Sony Music, Warner 
Music and Universal Music Group on a 
project the company has code-named 
Cocktail, which aims to re-create ‘the 
heyday of the album’ with a new type 
of interactive digital album, including 
photos, lyric sheets and liner notes that 
allow users to click through to them. 
The tablet device should be launched 
alongside the new content.

resolution  September 20098
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NEWS

Constellation XCs for m&e

melbourne-based music and effects, a Dolby licensed audio postproduction facility, 
has bought three Fairlight Constellation XCs systems as part of an extensive 
upgrade from an older Fairlight Fame, which was the first digital mixing system 
installed in Australia.

the facility has installed dual 3-bay XCs desks into its main dubbing stage, 
where it works as a 6-bay large format desk or as two independent systems. it has 
also installed a 2-bay Constellation XCs into its new ADR/mix room for smaller 
film projects.

‘One of the great features of this latest generation of technology is 
the revolutionary way in which Fairlight has achieved a high track count, an 
extraordinary feature set and at the same time simplified the control surface,’ said 
mD Doron Kipen. ‘this has meant a very cost effective solution appropriate for local 
industry conditions. the console’s performance power to cost ratio is excellent, 
and the fact that many of the features we require come as standard rather than 
additional to the system has given us a cost saving of thousands of dollars.

‘the power and flexibility on the XCs is truly remarkable. in terms of bang for 
buck, we are getting a five-fold increase in track count, for one quarter of the price 
we paid for our original, recently decommissioned system,’ said Kipen.

Grace Design 
celebrates 15 years 

Grace Design in Boulder, Colorado is 
celebrating 15 years of designing and 
building professional audio products. The 
company’s first product was the model 
801 preamplifier followed over the years 
by the milestones of the m101, m201 dual 
channel mic amp with optional convertors, 
m801, Lunatec V3 and the flagship remote 
controlled 8-channel m802. In 2002, Grace 
expanded its product line with the model 
901 reference headphone amp and other 
monitoring products now include the m902 
and m902B headphone amps, the m904 and 
m904B stereo monitoring controllers and the 
m906 5.1 monitor controller. 

‘I’m honoured to have spent the past 15 
years doing what I love — designing and 
building audio equipment to the best of my 
ability,’ said Michael Grace, founder and chief 
audio design engineer. ‘Throughout this time, 
Grace Design has managed to steadily grow 
and develop its line of products into what 
I believe are some of the best the industry 
has to offer. I’m constantly humbled by the 
incredible list of professionals who have 
chosen our products and I am dedicated to 
continue creating products worthy of all our 
venerable clients.’

‘Fifteen years has flown by,’ added 
co-founder, industrial designer and marketing 
manager Eben Grace. ‘It seems like yesterday 
that Mike and I were scrambling to bolt 
together the very first model 801 in our 
old basement shop. As I look back on the 
increasing success and growth of our company, 
I must extend our warmest thanks to everyone 
who has made this possible: all of our devoted, 
hardworking employees, our valued dealers 
and distributors and of course, every single one 
of our distinguished customers.’

Sonicville Sound and Music in Brussels has 
installed a 32-fader Euphonix S5 Fusion 
console with EuCon control of Pyramix 
and Soundscape in its premier 5.1 mixing 
theatre. Located in a renovated milk factory, 
Sonicville provides music composition, 
recording, ADR/Foley and TV and Film audio 
postproduction. 

‘We went for the S5 Fusion because it is 
an industry standard and we know that it 
will attract not only new customers but also 
reputed sound engineers who want to work 
on a Euphonix,’ said Patrick Hubart, chief 
engineer at Sonicville.

API African first for seminars

The first API 1608 console in Africa has been 
used for seminars presented by API dealer 
Eastern Acoustics and hosted at the Radio 
Broadcast Facilities of the South African 
Broadcasting Corporation. Sound Sessions 
’09 featured engineers Vance Powell and 
Fabrice Dupont conducting two-day 

recording and mixing workshops in Cape 
Town and Johannesburg.

‘I’ve always needed a good reason to bring an 
API 1608 to South Africa,’ says Akbar ‘Aki’ Khan 
of Eastern Acoustics. ‘It’s amazing to now have 
purchased one and actually have it under the 
African skies. I think it’s going to be a landmark.’

Biz Bites
Channel 4 in the UK 
is backing a mobile 
phone package from 
Orange offering free 
music when users 
top up their PAYG phones. Monkey will 
use the 4Music branding for tracks from 
Universal Music’s catalogue and will 
allow users to create, listen to and share 
playlists on the web or any mobile when 
they top up their talk time by at least 
£10 a month. Nokia recently announced 
it now has 500,000 users of its music 
software, which works with the CWM 
(Comes With Music) offering.

The demise of Project Kangaroo (a 
proposed video-on-demand online 
project between the BBC, C4 and 
ITV, scotched by the UK Competition 
Commission) has prompted YouTube 
and Hulu to woo UK broadcasters with 
their offerings. YouTube is understood 
to be offering minimum guarantees of 
up to £5m per year for broadcasters’ 
programming, as well as up to 70% of 
the online ad revenue generated around 
the shows. ITV director of online and 
interactive Ben McOwen Wilson said: 
‘We do think an aggregator in the UK 
has a role to play. Without a doubt there 
will be somebody or many of them who 
will make a really good stab at this.’ 
Meanwhile, Virgin Media has signed a 
deal with ESPN to carry standard and 
HD channels in time for the upcoming 
Premier League season, for which 
the Disney-owned US behemoth has 
acquired the rights. On a more musical 
note, MTV1 is promising to double its 
music content, and to eventually aim 
for a 50/50 balance with the reality-
type entertainment it has focussed 
on in recent years. MTV Networks has 
announced a substantial content fund for 
programming outside the US, which UK 
indies will be able to target.

If you have a ‘3D ready’ 
TV, 2010 is the year. 
‘We will make our HD 
boxes work even harder 
for customers by launching Europe’s first 
3D TV channel, as well as introducing 
a comprehensive VOD service to 
complement Sky+ and the current Sky 
Anytime service,’ said Brian Sullivan, MD 
of Sky’s customer group. Sky has already 
filmed Keane in 3D playing at Abbey 
Road. There is a ‘very good chance’ the 
2012 Olympics will be shown in 3D.

Geffen Records has signed 
the Pope to a deal to record 
a Christmas record. Pope 

Benedict XVI is accompanied by the Choir 
of the Philharmonic Academy of Rome, 
recorded in St Peter’s Basilica in the Vatican. 
The original compositions are performed 
by the Royal Philharmonic Orchestra, 
recorded at Abbey Road. Really.

Khan and Matt Allison of Ashton Audio.
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A New Spin on Control

Artist Series
media controllers

The new MC Transport delivers one handed 
navigation and editing of your projects like no 
other controller. From the sumptuous, tactile 
feedback of its weighted jog wheel and 
spring-loaded shuttle ring to the ergonomic 
transport controls and numeric keypad, 
MC Transport puts it all right at your fi ngertips. 

You can even use the soft keys to assign 
various functions to the wheel on the fl y, 
instantly giving you ultra-precise control over 
everything from navigation and editing to 
writing automation and tweaking plug-ins. 
Give MC Transport a spin and experience a 
new level of control.
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On the face of it, it could be regarded as another example of a long 
overdue upgrade to the sound recording and production facilities at a 
city’s concert hall. The sort of upgrade that aims to satisfy the need for 
improved efficiencies and more flexibility in light of the more integrated 

nature of live entertainment; where once the requirement might have been for a 
little reinforcement and the occasional recording it now has to at least entertain 
the notion of external productions, broadcast events and maybe even own DVD 
production.

The Berliner Philharmonie is not just some city concert hall, as the venue has a 
long and illustrious history as a centre of excellence, musical significance and home 
to one of the finest orchestras in the world — the Berlin Philharmonic Orchestra 
under principle conductor Sir Simon Rattle.

However, it is not the technological upgrade and build-up at the Berliner 
Philharmonie that is significant, it is the business direction that it has been able to 
take as a result of it that is revolutionary. Like all branches of the entertainment 
industry, a classical music venue is faced with the same issues and challenges 
that the rest of the industry faces: how to keep the income up in a world that has 
changed its habits. The manner in which the Berliner Philharmonie has diversified 
actually draws far more from the sort of market self-creation and tapping in to 
technology that is normally associated with popular music but it has gone much 
further than the model of a group that publicises itself and sells to its fan base via 
the internet.

The Berlin Philharmonie has exploited its enormous brand identity and its 
heavyweight reputation in the classical world to create what it terms the Digital 
Concert Hall, in which it streams the audio and video of its concerts across the 
internet to a growing base of paying subscribers. All the world’s classical music 
lovers can’t make it to the Berlin concert hall for an evening performance but they 
can log on to it on the web.

It’s been an enormous success with ‘tickets’ available for single nights, half 
seasons and full seasons with options to access the enormous back catalogue of 
recordings. There are some 2000 season ticket holders already and the service only 
started in January. It’s a demonstration of how to monetise your brand and take it 
to a much bigger audience by the sensible employment of technology.

How the Berliner Philharmonie arrived at this juncture is a lesson in how important 
it is to keep your options open when upgrading your equipment, because when the 
technical audio update started at the concert hall in 2006 the idea of the Digital Concert  
Hall hadn’t been thought of. The significant stage was the installation of a 
Stagetec Aurus as part of a complete acoustic redesign in the flagship Studio 3; the 
control room that records the Concert Hall. Replacing an old Neumann analogue  
desk the Aurus was part of a move to increase flexibility and permit more 
convenient surround production. At the time of its installation, head of the audio 
department at the Philharmonie, Klaus Peter Gross, said: ‘We particularly like 
the large number of touch-sensitive controls on the channel strips that allow 
many channel settings to be made instantly. Aurus embraces operating concepts  
that have been developed and proven successful during many years of  
analogue working.’ 

Its patchbay accesses more than 50 mics from the Hall together with 
distribution to other points in the building and other studios. The 56-channel 
board, which records to Merging Pyramix, runs fibre to the Nexus Star router 
and the Nexus Base Device has six XMIC+ boards for 48 mics. MADI ports are 
available for the external broadcasting of events. A key consideration was the 
splitting and handling of mic signals for which the XMIC+ microphone boards 
came into their own offering four digital outputs per input, each with individually 
adjustable gain. There’s also an intelligent system of phantom power switching 
from multiple destinations.

Ralf Bauer-Diefenbach was a consultant on the Studio 3 build but is now in 
charge of Studio 6, the operational centre of the Digital Concert Hall. He says 

Berliner Philharmonie
It’s not the sort of progressive and hip use of modern delivery 

technology that you normally associate with classical music, but  

one of the world’s greatest orchestras is now live to you on the 

web from one of the world’s greatest halls. ZENON SCHOEPE 

finds out how.

FACILITY
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that the Aurus sound quality remains outstanding. 
‘The most important thing was the quality of the 
microphone amplifiers and Stagetec makes the best 
mic preamp in the world, in my opinion,’ he says. 
‘It’s important to remember that this is also a rental 
studio; it’s not just for the Berliner Philharmonie. We 
rent this studio to record companies and broadcasters 
so it has to work.’ This underlines the acceptance of 
the Aurus in classical music recording circles for what 
Ralph describes as its ‘benchmark quality’.

Studio 3 is 5.1 and is acoustically optimised for the four in-house tonmeisters 
who Ralph says have an intimate knowledge of the concert hall and know what 
works for them from a monitoring standpoint. 

The original idea for the Digital Concert Hall came from the orchestra’s first cellist 
Olaf Manninger who picked up on the fact that every concert at the venue is recorded. 
With cameras they could create a platform for the venue: ‘A way to show off the 
quality of the Berlin Philharmonic Orchestra all over the world,’ explains Ralph. 

Planning for the project started in 2007 and Ralph, who also consulted on this 
project, looked for suitable space within the building. Studio 6 had previously been 
used as an area that outside companies would use as their operational base when 
they came to the Berliner Philharmonie to do their own recordings. It has now been 
transformed with additional technology and a new layout into the video and audio 
control room. The Hall is mixed and recorded in Studio 3 on the Aurus and a variety 
of stems are then piped down to via MADI to a small Auratus console in the ‘on-air’ 
— to internet — Studio 6.

There is no advanced integration between the Auratus and the production Aurus 
in Studio 3, even though the Stagetec Nexus technology could permit it. The reason 
for this is that the two rooms are very specific in how they interact with each other 
and Studio 3, on account of it also functioning as a rental studio, requires complete 
operational independence.

With regard to cameras, the initial Digital Concert Hall plan had been to use small 
and affordable units but as the discussions progressed, and with Ralph’s broadcast 

background coming to the fore, they opted for higher quality Panasonic 
cameras so the output could be used for a variety of applications 
without quality limitations. ‘It gradually became more and more of a 
broadcast project,’ says Ralph. ‘At first it was a typical video project 
with not so good quality; now it is broadcast quality.’ 

It’s also a massive IT task. ‘That’s one of the big jobs here and was 
one of the biggest problems,’ he explains. ‘We have typically, after 
the recordings, 50Mbit/s as the bandwidth of the high definition video 
stream with embedded audio and we go to three distribution points 
at 500kbit/s, 1.3Mbit/s and 2.3Mbit/s with an H264 video codec 
run in an Adobe Flash application. The audio quality is AAC and the 

typical bandwidth for the low and medium stream 
is 192kbit/s and for the best quality it is 320kbit/s. 
And AAC at 320kbit/s is good; it’s not the best, 
obviously, but maybe in the future we have ideas 
with lossless. Right now it’s a starting point and 
it’s stereo.’

Ralph says there is plenty of potential to improve 
in the future and that there is an element of on-going 
assessment as the delivery methods improve. The 
playback methods of subscribers varies widely but 
the quality of the programme is good, according to 
Ralph who himself listens on a Mac Mini with a 
Weiss Audio sound card and some good speakers. 
‘The quality of the Digital Concert  Hall, in my 
opinion, is as good as many CD productions because 
many of those are aesthetic productions. Here you 

have the direct output of the studio — mistakes and all — and that is interesting for 
the classical music guys.’

The live picture mixing of a typical concert involves around 1200 cuts and the 
production is staffed by a director who runs the picture mixer, a camera man, an 
assistant plus someone for the Auratus and to handle the players and the trailers. 
Audio is archived in 24/48 together with the raw data of all the other content so 
the option exists to pull off whatever they want, whenever they want, for DVD or 
broadcast if they need to.

What impresses most about the whole Berliner Philharmonie experience is how 
slick and well thought out it all is. It’s apparent that they didn’t opt for the cheapest 
solutions but the ones they did adopt, like the Aurus in Studio 3, had a direct 
bearing on how they could progress technologically. These early decisions actually 
facilitated the creation of the Digital Concert Hall, which is a clear case of a relatively 
small initial idea being grown to the best that is achievable in order to maximise 
its potential. The result for subscribers is stunning — it’s like being there without 
actually being there.

The Digital Concert Hall concept works at the Berliner Philharmonie because it 
has the content and the name to attract the customers. It’s a point that Ralph makes; 
assembling the technology to do all this is difficult but not impossible but the fact 
remains that the subscribers are paying to hear the Berlin Philharmonic Orchestra and 
not the technology. Consequently, he says, such an idea must be driven by the creative 
people, the musicians themselves, and not by the technicians. That way, he says, it 
will be good; very good. n
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New RockNet firmware
A new firmware 
v e r s i o n  f o r 
Riedel’s RockNet 
audio network 
solution can be 
downloaded at 
www.riedel.net. 
Vers ion 1.40 

enhances the workflow with RockNet especially in terms of port 
assignment. Now, routing is not only possible in groups of four 
channels, but also in single channels and ports. An Independent 
Gain function is now available for any RockNet module that was 
previously only possible with Yamaha mixing consoles. Phantom 
power can now be controlled directly from the front panel of 
the RN.301.MI line/microphone input module.
www.riedel.net

UAD-2 sOLO/Laptop 
Universal Audio has expanded 
its UAD platform to laptop users 
with the release of the UAD-2 
SOLO/Laptop ExpressCard-
based DSP Accelerator.

The UAD-2 SOLO/Laptop allows access to the full UAD 
Powered Plug-Ins library, without the need for external 
cabling or power. Like all UAD-2 hardware, the SOLO/Laptop 
supports VST, AU and RTAS plug-in formats on Mac and PC.

UA claims its UAD Powered Plug-Ins platform has 
surpassed 30,000 users worldwide, making it second only 
to Digidesign’s TDM.

Universal Audio has announced the addition of Trident 
Audio Developments to its roster of plug-in partners by way 
of Trident parent company PMI Audio Group.
www.uaudio.com

spotlight: mcDsp
the Retro Recorder by mcDsp has a highly 
stylised yet simple interface and makes recording 
easy on an iphone. patent pending Audio Level 
eXtension (ALX) technology improves recording 
quality beyond the capability of handheld 
recorders costing many times more, according 
to the company. even without an external 
microphone, Retro Recorder can capture up to 
32 times more signal level.

Recorded files can be exported individually 
or in batches. exported files may then be downloaded to a pC or mac using a wiFi network. Retro Recorder 
supports iphone and second generation ipod touch — an external microphone is required to use Retro Recorder 
on the second generation ipod touch. Find out more at www.retrorecorder.com
www.mcdsp.com

Fostex enters field mixer market 
Fostex have released the FM-3 

field mixer, which features three 
balanced input channels and 
two balanced main outputs, 

with individual high quality signal 
transformers. In addition, the FM-3 offers a 

wide variety of sub outputs and comes in a light but robust 
aluminium body with machined large aluminium fader knobs 
and a newly developed display.

It has Master, Trim and HPF knobs that pop-up to avoid 
inadvertent operation and outputs that include sub output, 
tape output, two phones and an aux output with channel 
select. Power is via 8 x AA batteries or external PSU.
www.fostexinternational.com

psp Oldtimer
PSP’s Oldtimer is a vintage-style 
compressor designed for track 
and programme compression and 
limiting. The goal was to develop a 
simple compressor with an ‘exceptionally musical sound’ while 
requiring a minimum of tweaking. The plug-in is not based on 
any specific hardware but is inspired by vintage circuits and is 
designed to emulate some favourite compressor characteristics. 
It offers soft and smooth compression and can slightly colour the 
sound with its tube emulation on transients when heavily driven. 
www.pspaudioware.com

Products
equipment introductions and 
announcements.

The sound you can’t forget...
Because you’ve always known it

Disney Hall  L.A.

Find great spaces to place your  music
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sonifex s1 mixer

Sonifex’s S1 is a small format hybrid analogue/digital radio 
broadcast mixer that is described as a fixed format, low cost 
version of the S2. Designed for on-air radio use it can be fitted 
flush into a desk-top or can be rackmounted by the addition 
of rack ears. It has ten dual input channels consisting of four 
mono mic/line inputs, one telco/line input, one stereo clean 
feed/stereo line input, three dual stereo line inputs, and one 
dual digital stereo input channel. 

The S1 has a stereo programme output on balanced 
analogue and AES-EBU or SPDIF digital. Two stereo aux 
outputs can be configured pre or post fader outputs.

Built-in LED meters can show PPM or VU ballistics and 
monitor programme output or monitor selection. A range 
of other facilities are available, such as fader operation via 
VCA, fader start, monitor muting on mic live, and mic-live/
on-air sign switching.
www.sonifex.co.uk

Chandler lunchbox units
Chandler has entered the 500 lunchbox 
module market with its Little Devil 
Equaliser and Compressor. They 
have discrete amplifiers, inductors, 
transformers, and quality American build.

The FET compressor uses concepts 
from the Germanium and 2264 
compressors and has curve selection 
with zener and germanium diode 
knees. There’s gain makeup, three-
position ratio, attack, release and 
a sidechain filter. The EQ is said to be English-style and 
similar to the 1081 and 3315 units. It has treble and bass 
shelves, high and low mids with switchable Q and each band 
is inductor based with seven selections.
www.chandlerlimited.com

Dolby e workflow in pyramix
Users of Merging’s Pyramix 
may now work directly with 
Dolby E-encoded audio files, 
due to the release of updated 
VST plug-in versions of 
Minnetonka Audio’s SurCode 
for Dolby E encoder and 
decoder software.

Using the VST version, Pyramix owners may now encode 
Dolby E audio files directly from a multichannel Pyramix 
session. Similarly, the SurCode for Dolby E Decoder VST 
plug-in may be used directly on the Pyramix project timeline 
to decode a 2-channel Dolby E file into multichannel surround. 
Decoding can even be carried out in real-time on a live input 
(analogue, AES-EBU, TDIF, ADAT or MADI) if required. Full 
management of Dolby E metadata is available to Pyramix 
through the Minnetonka plug-ins, including manual metadata 
entry, and metadata may be imported from XML files or WAV 
files containing a DBMD chunk. These settings can be saved 
as plug-in template presets for recall and further use.
www.merging.com

Chimera hybrid preamp 
The Sontronics Chimera is a 

single-channel preamp/
DI with discrete circuits. 
At the flick of a switch you 
can choose between the 
clear and quick transient 
character of a solid-state 
amplifier or the smooth 

and naturally-compressed 
tones of an ElectroHarmonix ECC82 valve preamp.

It has transformer-balanced inputs and electronically-
balanced outputs. There‘s a 6-step high-pass filter, -20dB 
attenuation and phase controls. A backlit VU meter can 
be switched to show input or output levels and there’s a 
multistep Master Output control and an insert.
www.timespace.com

DpA/Rycote 4017 shotgun package 
DPA Microphones 
has joined forces 
with Rycote to 
develop the DPA 
4017-R Shotgun/
Rycote windshield 
solution.

The DPA 4017-R consists of the 4017 shotgun mic with  
XLR cable and DPA windscreen; the distinctive Rycote 
Windshield 2 measuring just 210mm; the Rycote fur 
windjammer; Rycote suspension mount in vibrant red; and 
Rycote XLR holder. The kit provides everything an outside 
broadcaster, journalist or location film maker could need 
for clear, directional sound, regardless of the weather and 
environmental conditions. 
www.dpamicrophones.com

SCHOEPS GmbH
Spitalstr. 20
D-76227 Karlsruhe

www.schoeps.de
mailbox@schoeps.de

Tel. +49 721 943 200

unrivalled live

Surround
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metric Halo ULN-8 

Metric Halo’s ULN-8 incorporates 192kHz sample rate support 
for analogue and AES I-O, new DC-coupled, zero phase 
distortion, servo balanced line I-Os, and  ‘next generation’ 
remote controlled preamp technology. The Mic Pres build 
on the ULN-2 preamp design with the additional benefit of 
full clickless remote control. All analogue outputs incorporate 
Metric Halo clickless remote technology allowing for flexible 
monitoring applications from stereo to 7.1.
www.mhlabs.com 

ORtF surround 
ORTF Surround is a plug-and-play solution 
for the pickup of surround ambience 
designed for live sporting events and film 
sound. The Schoeps ORTF Surround set has 
been designed so the entire arrangement 
can be mounted in a single elastic suspension and share a single 
windscreen. It has imaging characteristics similar to those of 
the well-known IRT Cross; good 360° imaging and a natural-
sounding spatial impression, according to Schoeps. The setup 
uses four CCM 41 L supercardioids. 

If a moderate degree of wind protection is required, a 
Schoeps B 5 D foam windscreen can be placed over each 
microphone separately. The ORTF Surround setup is 
available as a complete set including a 4-channel multicore 
cable with a Neutrik multipin connector.
www.schoeps.de

XtA Dp426

XTA’s DP426 is a 2-in, 6-out audio management tool that has 
been introduced in response to demand for stereo three-way 
applications.

The DP426 shares the same features as all the other 
models in the 4 Series including, 28-band graphic EQ and 
8 bands of fully parametric EQ on the inputs, 9 bands of 
fully parametric EQ on the outputs, crossover filters, which 
offer various slopes from 6dB/octave to 48dB/octave, delay, 
limiting and Audiocore remote control.
www.xta.co.uk 

Digital wireless from mipRO
MIPRO’s ACT-
82 is a digital 
w i r e l e s s 
dual-channel 
receiver with 
24-bit audio, 
1 0  p r e s e t 
E Q s  ( e a c h 
consisting of 
32 parametric 
filters), true digital RF transmission, proprietary DigitnamicPlus 
technology, and a full-colour Vacuum Fluorescent Display all 
housed in a 1u case. Word clock I-O syncs digital outputs 
on the receivers to a central system clock. Digital RF filters 
offer  selectivity to allow better rejection of adjacent channel 
interference. It has ‘intuitive’ controls for easy set-up using a 
single rotary switch and MIPRO’s Automatic Channel Targeting 
for fast channel set-up.

Data from the synthesised transmitters can be encrypted 
using a 128-bit (RC4-derived) system onboard the transmitter, 
rendering the system extremely secure for use in sensitive 
environments. Even a user possessing the same model 
receiver cannot decode the encrypted signal and listen in to 
the transmission. The handheld and body pack transmitters 
accept programming information directly from the receiver 
via infrared to program themselves to the desired operating 
frequency. Thus, effectively all microphones in each band 
are the same — no need for frequency-specific transmitters. 
Battery life is 8 hours continuous use from a single cell.

Body packs have been designed to allow fast battery 
charge but provide a very strong, performer-proof fixing 
method for the specially designed rechargeable lithium 
polymer batteries. Both transmitters have been developed 
with a lockout facility. 

Remote control software for the digital system allows 
users to set up and control large-scale systems, set specific 
frequencies and also to look at the RF environment to scan 
for potential interference.

The ACT-82 is applicable to studio, stage and music 
performances, as well as military, courtroom, boardroom 
and broadcast applications.
www.mipro.com.tw

burl A-DC

The B2 Bomber A-DC from Burl Audio employs an analogue 
audio path that is said to be complimentary to your mic pre 
and to the analogue to digital process. It employs a hybrid 
circuit with a proprietary transformer, the Burl Audio BX1, and 
a discrete class-A, zero feedback, zero capacitor signal path.

It has 30-segment peak amplitude and RMS metering and 
attenuator settings on the front allow you to change input 
headroom. A separate B2 Bomber D-AC is also available.
www.burlaudio.com

s o u n d  e n g i n e e r i n g

NEW WEBSITE | WWW.TUBE-TECH.COMLYDKRAFT

YOUNG TALENT AND CLASSIC QUALITY
...hear the difference

MP1A Mic Pre/DI

CL1B Compessor

ME1B Midrange EQ

PE1C Program EQ

JAKOB WINTHER
Vibe Factory | Copenhagen
Studio Owner & Engineer

Whenever I'm mixing or recording, my TUBE-TECH gear is in use constantly.
These blue machines gives me everything I want from analog equipment;
warmth, fatness and character. This is modern equipment combined with 
the beloved quality of the classics! Already at an age of 17 I learned from 
the internet, that these units were the ones to get hold of for professional 
production, and I have never regretted that decision.

“

”

TUBE-TECH VALVE QUALITY
FOR SOUND LOVERS

Resolution Jakob Ad  04/06/09  10:31  Side 1
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shure integrates C&t ribbons

Shure has taken the two Crowley and Tripp Roswellite ribbon 
models, the El Diablo and the Naked Eye, and brought them 
into its KSM mic range as the KSM353 and KSM313 following 
its acquisition of Crowley and Tripp ribbon microphones. 
Roswellite offers higher tensile strength and more resilient 
shape-memory properties than a traditional foil ribbon.

Hand assembled in the USA, the KSM353’s ribbon assembly 
provides ‘rich low frequency response, natural midrange, 
and a rising response in the upper range’. Its bidirectional 
polar pattern is uniform and symmetrical. The KSM313 uses 
a ‘Dual-Voice’ ribbon assembly, that enables the user to 
choose from two different sound signatures — addressing 
the front of the microphone delivers a warm, full sound for 
instruments while addressing the rear of the microphone 
results in a bright sound that compliments vocals.
www.shure.com

spL track One and Channel One updates

SPL has updated the look of its Track One and Channel One 
channel strips. The new design features include a horizontally 
brushed aluminium front panel with the controls seated in 
smooth milled rounded openings. The control knobs are 
sculpted from aluminium. According to SPL, technically 
nothing has changed.
www.spl.info

speakerphone v2
Speakerphone version 2 has 
a cleaner look, new features, 
and many newly sampled 
guitar amp cabinets, antique 
phones, toys, answering 
machines and megaphones.

Speakerphone will give 
you all the walkie-talkies, distant transistor radios, upstairs 
TV sets, bullhorns, cell phones and guitar cabinets you’ll 
need, plus 5Gb of ambiences and sound FX. Added is a 
microphone simulation module that hosts microphones 
ranging from Royers to toy mics.

Among the new modules is one called Coverup that can 
place any sound inside tin cans, cardboard boxes, under 
blankets or in the closed boot of a car.

Cabinet (Mac Windows RTAS AU Mas Vst), which is aimed 
at guitarists, takes five favourite cabs from Speakerphone, a 
good live room, the best spring reverb and a bunch of mics. 
All are real samples and are convolution based. Cabinet is 
a small download, and has a 30-day demo after which it 
costs Euro 49.
www.audioease.com

Direct box from switchcraft
Switchcraft has broadened 
the type of products it offers 
by introducing the SC800 
instrument direct box.

Housed in a compact, robust 
enclosure, the SC800 converts the outputs of high impedance 
line level audio devices and musical instruments to low level 
impedance balanced and isolated microphone level signals.

Key features include Jensen transformer, dual ¼-inch 
throughputs, 20dB pad, pin 1 ground lift, recessed I-O panels, 
non-reflective enclosure with laser-etched labelling and 
Switchcraft all metal connectors.

Switchcraft has added two audio splitters that provide 8 inputs 
and 24 dual transformer isolated outputs to its rackmounted 
product range.

There are two versions, Standard and Pro, featuring eight 

Switchcraft XLR front panel inputs, line level pad on each 
channel, two ground lift switches on each channel one for 
each transformer isolated output, four DB25 connectors wired 
to the DTRS standard, Jensen magnetically shielded (MU 
metal) transformers and Phoenix terminal blocks fitted to the 
Pro version.

Two impedance matching transformers convert 110Ohm 
signals to 75Ohm signals and vice-versa. Designed to allow 
long distance transmission of digital signals through 75Ohm 
coaxial cables, the transformers have rugged but compact 
metal housings and are available with male or female 3-pole 
XLR connectors to BNC receptacles.

The EH Series now has feedthrough connectors for Cat6 
and Cat5e applications. Fitted inside housings that mount into 
24mm diameter (XLR size) panel cut outs, the connectors can be 
supplied with shielded and unshielded feedthrough adapters 
and have gold-plated contacts.
www.switchcraft.com

From the roar of the stadium to the hush of the 

putting green, the DPA 5100 and 4017-R 

get you closer to the action, with clear,  

dynamic capture of any sporting event.

CAPTURE EVERY 
THRILLING MOMENT

w w w . d p a m i c r o p h o n e s . c o m

DPA 5100 
Mobile Surround Microphone

DPA 4017-R 
Shotgun Microphone with Rycote Windshield

Win a 4017-R at IBC 2009

DPA4017-r-5100 Resolution JP.indd   1 06/08/09   09.59
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Customised mADi system cables 
CV4A4, an addition to 

the KLOTZ ais composite cable series, provides a combination 
of four digital coax and four AES-EBU lines. The cable is 
designed for applications requiring connection of digital audio 
stage racks over 75Ohm coax cable, such as mixing consoles 
from DiGiCo (D-/SD series) and Digidesign (Venue). 

Two multichannel signal paths plus two redundancy paths 
can be implemented with the CV4A4, which also supports 
additional functions such as intercom, monitoring and serial 
remote control via its four digital audio lines. Depending 
on the equipment used, the CV4A4 allows for transmission 
distances of 100m with MADI.

The outer jacket is available in PVC (CV4A4-Y, diameter 
16.0mm) or PUR (CV4A4-P, diameter 15.4mm). The PUR 
jacket in particular provides ‘outstanding’ sturdiness.
www.klotz-ais.com

mutec mC-4 convertor
The Mutec MC-4 converts 
ADAT, AES3 and SPDIF 
digital multichannel audio 
signals,  and uni- and 
bidirectional conversion 
modes are available. Unique to the MC-4 is its capability 
to lock two 8-channel digital audio sources with different 
clock rates and to convert the audio formats and clock rates 
bidirectionally in real-time. Unlike any product in its category, 
the unit includes a 16-channel sampling rate conversion 
engine as standard. The SRC section can be locked to 
Word clock, AES11 and any digital audio input in uni- and 
bidirectional operation modes.

The MC-4 has an internal ‘ultra low-jitter’ clock base to which 
the SRCs can be locked if no external reference is available.
www.mutec-net.de

Lectrosonics AspeN series
Lectrosonics’ ASPEN (Audio Signal Processing Expansion 
Network) product line employs proprietary algorithms and 
DSP hardware and features TCP/IP control over Ethernet, 
unlimited input expandability, real-time clock, 48-channel 
matrix bus, 1Gbps expansion port, and 48V phantom 
powering for all inputs.

The ASPEN Series will include the SPN812, SPN1612, 
SPN1624, and SPN2412 matrix processors; the 
SPNConference unit for teleconferencing; the SPNTrio all-in-
one teleconferencing processor with power amp; the SPN16i 
and SPN32i input-only modules; and the SPNPower12 
multichannel power amplifier. All units employ the ASPEN 
port with 1Gbps throughput capability for audio and control 
data on a single Cat-6 line.

The Proportional Gain Algorithm auto-mixes without the 
use of noise gates and five mixing modes are individually 
selectable for every matrix crosspoint. Centralised echo 
cancellation enables bridging for Telepresence applications 
along with simultaneous telco and videoconferencing. Near-
side latency is kept to 1.33ms for a single unit, with only 
0.125ms for each additional unit in the system.
www.lectrosonics.com

Real sound flagship
Real Sound Lab has completed the design development 
pre-work on its new flagship product APEQ 2pro S, which is 
expected to be launched late 2009.

The APEQ 2pro S is aimed at studio users and offers two 
inputs and six outputs to support simultaneous use of APFR 
correction filters in three monitor pairs; a switch on the 
front panel to shift between the monitor systems; three-line 
graphic LCD; up to five preset filters per output channel; and 
a remote control connector on the rear panel.
www.realsoundlab.com

more Fp+ series amps

Lab.gruppen has introduced three new models to its FP+ 
Series of amplifiers. There’s a new flagship amplifier, the FP 
14000, and the FP 9000 and FP 4000.

FP 14000 delivers 14000W (2 x 7000W into 2ohms) in 2u. 
The Regulated Switch Mode Power Supply (R.SMPS) has been 
updated throughout the range to provide more sustained high 
power during extended bursts of low frequency content, while 
at the same time ensuring stable rail voltages even with wide 
fluctuations of external mains voltage. 

FP 9000 and FP 4000 deliver 9000W (2 x 4500W into 
2ohms) and 4000 W (2 x 2000W into 2ohms) respectively 
in 2u. At the core of their performance, and that of the FP 
14000, is Lab.gruppen’s patented Class TD output stage, 
which approaches the efficiency of Class D while retaining 
the purity of Class B designs.

Like all FP+ models, the new amplifiers benefit from the 
proprietary Intercooler system, which keeps the amplifiers 
cool under extreme demands. They all ship with a NomadLink 
network interface as standard, which in conjunction with 
DeviceControl software, allows monitoring of amplifier status 
and remote control of power On/Off, channel mute, and 
channel solo functions.
www.labgruppen.com

Distributed by SCV London:  Call 020 8418 1470 for your nearest dealer

www.scvlondon.co.uk
Distributed by SCV London:  Call 020 8418 1470 for your nearest dealer

www.scvlondon.co.uk

CMS Active Nearfi eld Monitors
Clean. Transparent. Smooth.

Getting rave reviews and winning awards world over and based upon 
Focal proprietary driver technology, the CMS 65 and CMS 50 monitors deal 
out supreme performance and exceptional versatility in equal measure.

From the superbly fi nished aluminium die-cast cabinets which offer total rigidity, the 
internal damping and bracing which banishes unwanted colorations and on to the 
unique Al/Mg (aluminium/magnesium) inverted dome tweeter which easily extends up 
to 28kHz at -3dB, with a close to perfection pulse response, nothing can touch them.

But you don’t have to take our word for it. Sound on Sound, Audio Media and the 
M.I.P.A. panel are all in agreement.

These professional monitors are winners all the way.

In a class
of its own.”
- Audio Media Review - April 2009

“

Voted Best studio monitor in the 

M.I.P.A. awards by over 220 audio 

magazines across the globe.

- M.I.P.A (April 09)

I would personally choose the CMS65 monitor forday-to-day use without hesitation. For me, the Focal CMS65 is in a class of its own.
- Audio Media (April 09)

Distributed by SCV London:  Call 020 8418 1470 for your nearest dealer

www.scvlondon.co.uk

- Audio Media (April 09)

I can honestly say I found nothing about their performance to dislike. ...they have to count as some of the sweetest and most natural-sounding desktop monitors I’ve heard in the price range. Highly recommended- SOS (April 09)

Model shown 
CMS 50

Focal CMS Resolution Junior 16-6-09.indd   1 16/6/09   14:33:29
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T here’s an argument to suggest that, save 
for film and the odd bit of high budget 
TV, 5.1 sound hasn’t really permeated in 
as widespread a manner through audio 

production as it could have. The reasons for this are 
varied — you can point to the relatively slow uptake 
of domestic playback systems, the lack of a widely 
adopted music distribution format, and the fact that 
the majority of TV broadcasts are still resolutely 
captured and transmitted in stereo. Many, but not 
all, of these issues have been slowly addressed, 
and the forthcoming digital switchover and move 
towards HDTV acquisition and broadcast will be just 
the tipping point that’s needed.

If it is, though, then there’s a need to look at what’s 
going on right at the front end of the signal chain. 
Because if it’s ever going to serve anything other 
than a specialised market, 5.1 location recording 
needs to become much more compact, simple and 
rugged. This in itself requires some compromises, 
as most people would agree, and all the evidence 
I’ve heard underline the fact, that spaced arrays for 
multichannel recording provide the most pleasing 
results in terms of spaciousness and envelopment. 
But in terms of speed, portability and the ability 
to handle adverse weather, these solutions aren’t 
really suitable for a significant proportion of location 
recording. So a coincident microphone arrangement 
is really the order of the day. The challenge is to 

provide such a solution that maximises its inherent 
advantages of accurate localisation and compact size, 
but minimises the perceived sonic disadvantages of 
lack of envelopment and a narrower sweet spot. And 
that’s exactly what DPA has set out to do with the 
5100 (€2500).

Compromise comes in many shapes and forms, and 
in the case of DPA’s new compact 5.1 microphone that 
shape is unusual to say the least. The 5100 is vaguely 
triangular in shape (I think it looks like a bike saddle 
but a lot of things do just lately. Ed), covered in a soft 
fabric beneath which lurk five DPA pressure capsules 
to capture Left, Right, Centre and Surrounds. In truth, 
the relatively simple exterior hides some clever design 
and thinking. The main issue here is how to achieve 
acceptable level differences based on source location 
when using five pressure capsules located so closely 
together. The decision to use pressure transducers 
rather than a directional pressure gradient type was 
borne out of the advantages that pressure types have, 
particularly regarding their decreased susceptibility 
to wind noise. But the inherent omnidirectional 
response of these transducers makes it hard to 
achieve sufficient channel separation. DPA’s answer 
was to develop a form of interference tube associated 
with each of the front three capsules, dubbed the 
‘DiPMic’. This gives the benefit of some directivity in 
pick-up, while preserving the advantages offered by 
pressure transducers.

In addition to this, the internal construction of 
the 5100 uses acoustic baffles made of a fibre-like 
material, chosen to allow sound to be absorbed 
with minimal reflection. This adds to the separation 
required, and also allows the front three capsules to 
be arranged in a time coincident fashion, which aims 
to minimise any comb-filtering artefacts caused by 

folding down the front channels to mono.
The two rear capsules don’t feature the 
DiPMic technology — instead they’re 

conventional pressure transducers. They 
are spaced apart from each other with 
the same acoustic baffle approach, and 
away from the front capsules in an 
attempt to capture some useful time of 
arrival differences. The LFE output of the 
microphone is generated from summing 
the outputs of the left and right capsules 
and applying a 120Hz low pass filter 
and -10dB attenuation. This ensures that 

the LFE output is natively at ITU spec 
ready for replay with no further processing 

required. What you do have to bear in mind 
though, is that the main channels still output 

all the way down to the lowest limit of their 
frequency response (20Hz at approx -6dB). In 

other words adding the LFE channel to a mix adds 
a definite sense of low frequency colour and weight, 
but isn’t wholly responsible for covering those 
bottom octaves.

On a more practical note, the 5100 is supplied 
with a sock-type windshield for outdoors use, and 
this also affords a degree of extra weather-proofing. 
A standard 3/8-inch thread appears on the top and 
bottom of the unit, giving some useful flexibility of 
mounting options via a stand, pistol grip or even, 
with a little ingenuity, a boom pole. All-up weight 
is 530g, so while it might be a little harder on the 
forearms than a standard shotgun, this is by no 
means out of the question. Also included is a 5m lead 
that connects to the main unit via a multipin Lemo 
connector, and breaks this out to six colour-coded 
XLRs for each of the channels. Each of the channels 
(except for LFE) requires its own phantom power 
source applied to the appropriate XLR.

First test was in a smallish live room to get some 
impression of the unit’s overall tonality. Playback 
was via a Klein + Hummel 5.1 system in ITU 
format. With speech to start with, first impressions 
are that there is a distinct difference between front 
and rears — the DiPMic equipped front capsules 
have a noticeably elevated high frequency response 
compared to the rears. In practice this isn’t a huge 
problem as you’d expect some head related HF 
attenuation from sounds to the rear anyway. Adding 
the LFE channel also helps to balance things out 
nicely as well should things start to sound a touch 
HF heavy. Directionality is generally good and the 
transitions between channels sound smooth and 
progressive on playback. There’s some dependency 
on source here though — the more HF content in the 
source the better in terms of absolute localisation, and 
in a small, tight sounding acoustic the 5100 prefers 
to work close-up. Increasing distance to source in 
this environment can lead to some clouding of the 
imaging generally.

Although the outputs of the 5100 are designed to 
be ‘plug and play’ — in other words, every channel 
should appear at the ‘correct’ level by default — 
there’s some good scope for playing around with 
levels in postproduction. Altering the level of the 
centre channel can zoom in focus or compensate 
for a too narrow sounding front image. And dipping 
the level of the rear channels and introducing 

DPA 5100
For 5.1 to be adopted widely in broadcast then there has to be a selection of neat, slick and 

portable multichannel acquisition mics available for the front end. JON THORNTON risks 

the streets of Liverpool with this interesting solution from DPA to bring you this report.
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a small delay can help with regard to perceived 
spaciousness, although care is needed here with 
some source material.

Folding down the outputs to stereo or mono 
gives generally good results — there are still 
some noticeable combing effects even when only 
using the front three channels, but these are quite 
acceptable and to some degree sound very familiar 
when compared to the sound of interference tube 
based shotgun microphones. It’s certainly better 
than the results you’d expect from doing this with 
a spaced array.

Moving into a much larger room with a small jazz 
ensemble, and the 5100 actually performs much 
better at some distance from source. Localisation 
seems better, and the rear pickup sounds better 
de-correlated from the front image without having 
to resort to the use of additional delays. Things 
still benefit from a little tweaking of playback 
levels in postproduction, but a nicely balanced, 
smooth enveloping sound is easy to achieve. In this 
application the 5100 still probably wouldn’t be my 
first choice, as a spaced array would still give better 
results in terms of spaciousness and depth, but it isn’t 
at all bad.

In truth, though, neither of these scenarios 
really reflect the 5100’s most obviously natural 
environment of being outdoors and on location — 
so it would be unfair not to assess its performance 
in this respect. A slight hiccup as I realised I didn’t 
have a location recorder with more than two tracks, 
but after managing to borrow a rather nice Sound 
Devices eight-track field recorder, I proceeded to hit 

the mean streets of Liverpool (That’s how hard 
Jon Thornton is. Ed).

With the windshield in place the decision to 
go down the pressure capsule route is immediately 

validated, as wind suppression is very good indeed. 
Capturing useful and useable exterior and interior 
ambiences is quick and easy, I managed to get some 
nice street exteriors and a wonderful interior of the 
Anglican cathedral that translated to playback very 
convincingly indeed. A couple of car bys also showed 
an impressive degree of localisation and accurate 
replay of movement in LCR and front/rear planes. 
In short, all of my reservations about the 5100’s 
performance in the studio simply evaporated on 
location. And best of all, with a suitable recorder, set-
up and operation really couldn’t be quicker or easier 
— these are no longer valid excuses for not going 
down the surround route.

In summary, DPA has come up with a solution that 
is easy to use, portable, rugged and seems location-
proof. Not only that, but the sonic results it provides 
are full sounding, natural and convincing. And while 
using it in a situation where other 5.1 techniques 
might be more suitable doesn’t necessarily show 
it in its best light, the results it provides here 
are still very useable indeed. I expect that it will  
very quickly become an increasingly familiar fixture 
on location. n

 info@gracedesign.com • www.gracedesign.com • 1.303.443.7454

For high fidelity stereo studio monitoring, we proudly offer the m904b. This full featured 
controller is designed to manage all your monitoring requirements while revealing even the 

most subtle, critical details in the music to empower you with total control over your work.

Our ultra-precision D/A converters ensure incoming digital signals are perfectly rendered to 
analog, while purist analog circuitry handles all signals with complete accuracy, resulting in a 

perfect translation of your mix to the monitors. 

The m904b’s full complement of I/O can be completely user calibrated, and simple, elegant ergonomics 
ensure an effortless work flow and seamless integration into any production environment.  Recording, 

mixing, mastering or post - the m904b puts you in control. 

 
Proudly introducing the new home of Grace Design in the UK:  Sound-Link Marketing  +44 (0) 1223 26 47 65  •  www.sound-link.co.uk  •  www.gracedesign.com

pROs Quick and easy ‘out of the box’ results; 
good wind suppression; great imaging; 
smooth tonal balance; lots of flexibility 
in postproduction; folds down well to 
stereo and mono.

Not at its best in a small interior 
acoustic; spaced arrays would be a 
better solution in some applications.

CONs

Contact
DpA, DeNmARK:
website: www.dpamicrophones.com
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F lux is a relatively new player in the higher 
end of the plug-in market. Formed in 
France in 2005 and going from strength 
to strength since then, variants of its plug-

ins are available not only for native VST and Apple 
but also for Pro Tools TDM and VS3 for Merging’s 
Pyramix. This review looks at the Full Bundle 
(€1275) in Native VST form for Windows XP SP2 
running Steinberg’s Nuendo 4.2.2 DAW.

Installation and authorisation is very 
straightforward for iLok users — we all know the 
drill now and the process was completely trouble 
free and painless. On launching Nuendo, I found that 
everything is located in a Flux subfolder and straight 
away saw that there are two different versions of each 
tool — a standard version and a dedicated 2-channel 
version. You might think that the standard version is 
mono but it’s actually multichannel aware, boasting 
up to 8 channels of processing. The flexibility of 
the surround handling varies from tool to tool, and 
is perhaps not as comprehensive as it should be. 
In Alchemist, for example, you can elect to link or 
unlink all channels, or disengage them from the 
sidechain feed, but you have no independent control 

over each channel  — the parameters are global and 
are not separated out which is a real shame given 
that the VST version used here (2.4) is more than 
capable of this kind of finesse. Essentially you are 
limited to the control of either one channel or any 
one grouping of channels alone. The only difference 
across the bundle is that Epure, the 5-band EQ, has 
a matrix that theoretically allows each channel to be 
routed to a group with independent parameter control 
but this did not perform as expected for me.

 The Full Bundle has every tool that Flux makes 
— multiband dynamics, wideband dynamics, EQ and 
a limiter. Alchemist is one of the most comprehensive 
multiband dynamics processors currently available and 
the range of control it imparts is simply astounding.  
The input is split into a maximum of 5 bands, all of 
which have independent envelope generators and 
parameter settings for all the usual things you would 
expect such as threshold, ratio, attack and release 
but also for some unexpected items, like a hysteresis 
setting complete with threshold controls. This is a 
wonderful function and allows you to control the 
dynamics based upon the dynamics of the input 
signal as opposed to the level of the input signal. This 

provides — with some fine tuning — a great way to 
get around the often unwanted pumping artefacts that 
can occur when compressing a particularly dynamic 
section. It’s a bit like having a means to prevent gate 
chatter but in a compressor.

Another unusual setting allows you to relax the 
compression ratio when a transient kicks in and thus 
prevents that sudden ‘kicking in’ of the compressor 
when the signal dynamic increases. This is great on a 
drum bus for compressing and almost gives a feeling 
that the bus is ‘opening up’ at the same time.

The final section is a global one and controls the 
transients — pre or post dynamics processing — of 
the overall sound. You also get an MS Width control 
with a 12dB range — minus values reduce the stereo 
width and positive values increase it with the caveat 
that the further to the plus side you go the greater 
the risk of artefacts. Naturally there are also more 
conventional MS operations as well, allowing you  
to process either Centre or Side components of 
the signal before they get recoded back to stereo  
again. This is a global control and is not independent 
on each processor in the plug-in. One further 
refinement is that parameters from any band can be 
copied to any other band with a simple right-click 
context menu — nice.

The next surprise is when you realise that each 
instance of Alchemist gives you a compressor, an 
expander, a de-compressor and a de-expander. With 
careful setting up it is quite possible to completely 
transform a dull recording that has been badly mixed 
into something exceptional. Match this with a clever 

Flux Full Pack
It’s a young dynamic company producing a range of dynamic plug-ins with an individual 

twist. NEIL WILKES takes a good look at the company’s portfolio in the Full Pack.
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morphing control that allows you to load two different 
setups and then create a third effect by dragging a 
morphing slider between the two until you get the 
balance you want. You can then save the result as a 
new setting.

A word of warning here — CPU use is quite 
intensive. A single instance here (admittedly across 
6 channels) with all options active was using 20% 
of my native CPU (a Q6700 Quad Core running at 
4x 2.66GHz) and 13% in stereo use. How often 
you would need to use all the processors at once is 
debatable but it is worth mentioning.

 Solera is a wideband unit again consisting of the 
same four components as Alchemist (compressor, 
expander, de-compressor and de-expander) with the 
same control and attention to detail as well. The 
metering is also very similar with input level (a 
VU meter referenced to -16dBFS), output level, the 
dynamics modules summing, the dynamic difference 
between In and Out and the level difference between 
In and Out levels. There is a Sidechain EQ section with 
three bands that can be adjusted from the GUI knobs 
or directly in the graphical interface (a nice touch). 
The useability of the sidechain itself depends greatly 
on your host and the plug-in format being used, with 
my VST I was limited to using the internal sidechain 
EQ as under VST2.4 sidechaining is complex. If you’re 
running in either AU or RTAS, you get a large EX 
button that activates the external sidechain.

I really liked this tool — it is a true Swiss army 
knife of dynamic processing and can be used almost 
anywhere in a mix with great results. I was extremely 
pleased when I realised that alongside this the installer 
had included all the component versions on their own 
with the Pure Compressor, De-Compressor, Expander 
and De-Expander to save CPU cycles.

For EQ there is Epure. This is a 5-band device with 
five different filter types per band, although I confess I 
found this a little more limited than I expected. Maybe 
I was spoilt by the thoroughness of the dynamics 
processors, but I was disappointed by the absence of 
dedicated HPF/LPF control as you need to use up one 
of the five filters for this at a fixed 12dB/octave with 
no option for anything steeper. There’s only a single 
filter type for the main peaking choice — Constant 
Q operation is all that is on offer here. But operation 
is very smooth and very musical sounding. There’s 
+/-24dB of boost and cut with increments as small 
as 0.01dB over a range from 5Hz to 22kHz. There is 
total overlap across the five bands so you can create 
identical settings in every band. This is actually very 
useful as I discovered when working on one of the 
muddiest bass sounds I have ever heard. The overlaps 
allowed me to be extremely surgical on specific 
frequencies with very tight Q settings.

 There is a fairly complex routing/grouping system 
available in the multichannel version of this plug and 

it is implied that you can have separate settings for 
each channel or group of channels in use for complete 
control over a surround mix. I was able to create 
groups of Left/Right, Centre only, LFE and Ls/Rs but 
when I tried to set up a group for each channel it did 
not work for me.

Rounding off the bundle is the ‘transient designer’-
type plug-in called Bitter/Sweet. You can reduce or 
increase transients in addition to having different 
ways of processing the signal — straight ‘normal’ 
stereo operation or MS settings allowing you to only 
process the Mid or the Side components before they 
are encoded back to stereo.

All preset handling is done via the custom 
interface to proprietary forms, and there is a range 
of factory starting points to get you going. In 
conclusion, this is a very strong bundle that punches 
well above its weight. n

pROs Dynamics processors are superb, 
offering a wide range of control over 
every component of the track; Alchemist 
in particular could easily save the day 
where a remix is not possible and 
the source is somewhat lacking; the 
separated pure components save on 
CpU power for more traditional dynamic 
control jobs; the price; very intuitive.

multichannel handling in general 
is inadequate; there are more 
comprehensive eQs available; individual 
plug-ins are expensive by comparison.

CONs

Contact
FLUX, FRANCe:
website: www.fluxhome.com
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After a period of apathy, surround sound 
is back in the broadcast news. Thanks to 
HD, a 5.1 soundtrack is becoming essential 
and as a result, a lot of problems are 

arising. What to do about archive stereo material, 
such as sports replays from previous events? These 
really jar when inserted into the middle of a surround 
broadcast. How do you deal with fast moving live 
broadcasts where surround mics are impractical? How 
do you give other stereo material a new lease of life? 
And what do you do to ensure that whatever you 
do to satisfy the surround audience it all folds down 
satisfactorily for the mono and stereo audience? Most 
sound supervisors will have formulated strategies to 
deal with these situations but the routes are often 
rather tortuous and with no guarantee of compatibility. 
A number of plug-ins and expensive hardware/
software combinations from the reverb camp offer 
reasonable solutions to the problem but these are 
not particularly suitable or convenient for live use. 
Wouldn’t it be good if there was a simple hardware 
box that accepted a stereo input and output a fair 
simulacrum of 5.1 surround while retaining stereo 
compatibility? This is the premise of the UK£2475 (+ 
VAT) Soundfield UPM-1 stereo to 5.1 convertor.

The UPM-1 is presented as a 1u box, the front panel 
is discrete black and all the knobs and buttons are 
alloy with an interesting, almost abrasive, finish. The 
knobs have neatly milled slots as position indicators; 
all very smart. Since the unit is aimed pretty squarely 
at broadcasting, all audio connections are AES3id. 
This means 75Ohm unbalanced with standard BNC 
connectors. Impedance matching transformers are 
readily available to convert AES3id to the more 
familiar AES3 110Ohm (also known by the catchy 
title of IEC 60958 Type I) with the usual XLR 3 
connectors. In my experience AES3id is an extremely 
robust and convenient interconnect and for outside 
broadcast especially it makes a great deal of sense. 
Back in 1992 we used this technology along with 
a conventional video router for the first all-digital 
dubbing theatre on the simple grounds of cost. The 
results were outstanding.

Around the back of the unit you will find a total 
of six BNC sockets, one for stereo audio in, three for 
LR, CLfe and LsRs out and two more for Word clock 
input and output. In the absence of external Word 
clock the UPM-1 uses its own internal generator. The 
front panel is divided into three logical sections, input, 
upmix and 5.1 output levels.

In the input section the largest knob on the device 
controls input level from infinity to +10dB. Since it 

is important to the process that anything meant to 
be central in the image should be evenly distributed 
between left and right, the other knob is a Balance 
control for correcting lop-sided inputs. A button with 
indicator LED swaps the left and right inputs and above 
this are a pair of 5-segment bargraph meters. On the 
left, three LEDs indicate the current synchronisation 
state — Locked, Internal or External. In the centre 
section, the most important adjustment controls are 
Front Direct Sound, Front Ambient Sound, and Rear 
ambient sound. Careful adjustment of these pots 
rewards with better intelligibility and crucially can 
improve the experience for the majority of the audience 
who will be listening to a stereo mixdown of the 5.1. 
Two further pots control width and centre divergence. 
Both have Active buttons and indicator LEDs. On the 
left, a button switches between normal Upmix mode 
and Matrix Decode. The latter can be used where there 
is reason to suppose that the stereo input material is 
actually matrix encoded surround, such as Dolby Pro-
Logic. In Upmix mode little or no direct sound is sent 
to the surrounds. In Matrix mode anything intended 
for the rear in previously encoded material is routed 
there. The final section offers level controls for the LR 
front, Centre, LR surround and LFE channel outputs. 
Each of the four knobs has an associated pair of LEDs 
to indicate signal present and clip. Finally a button with 
indicator LED bypasses the entire process.

The stated objective of the UPM-1 is ‘to produce 
a very stable and natural sounding 5.1 without 
destroying the original stereo image. Key to achieving 
this are: good extraction of mono sources to feed the 
centre channel, such as dialogue, commentary, etc.; 
maintaining the frontal stereo image by keeping the 
direct sound sources of the stereo mix at the front; and 
only the extracted natural ambience is fed to the rear 
surround sound channels.

I had two versions of the UPM-1 software during 
the review period. Listening to the individual outputs 
with the first version the effect was a little less 
impressive than I was hoping for. Even on material 
with a true phantom centre the centre sound was still 
clearly evident in left and right and Ls Rs outputs.  
However, this is not a real world test since the whole 
point is to listen in 5.1 and then to the folded down 
stereo from that. Notwithstanding, the second version, 
tweaked in the light of comments from a number of 
broadcasters, demonstrated markedly better separation 
and a much more convincing effect.

I experimented with a wide variety of material. 
Even on TV drama the effect is never less than an 
enhancement. Current pop music is interesting, but 

not so effective due to the way it is mixed. The unit is 
undoubtedly at its best with sports and events.

With minimal tweaking of the UPM-1 controls 
it is possible to produce a mix that is consistent for 
both the 5.1 audience and the majority still listening 
in stereo. With most, if not all, of the alternative 
methods of up-mixing the 5.1 results can be very 
good but folding down to stereo is a different matter. 
That said, I felt the unit tended towards a slightly 
harsh sound especially with original material already 
on the sibilant side of perfection. The other potential 
issue for sports coverage is the practice, in vogue with 
several broadcasters, of panning commentators a few 
dB left and right when there are two or more of them. 
Personally, I’ve never been keen on this style but in 
practice the unit rose to the challenge.

The UPM-1 is a perfect example of a broadcast 
device. It does one job and does it quickly and 
efficiently without fussy setting up. There are cheaper 
software alternatives (and more expensive hardware 
ones) but all the ones I’ve encountered are not really 
suitable for the high pressure world of live TV. If your 
workflow includes stereo material destined for 5.1 
broadcast then this device must be auditioned. n

Contact
sOUNDFieLD, UK:
website: www.soundfield.co.uk

pROs minimal tweaking for optimal results; 
few artefacts; excellent fold down.

price; coaxial Aes may not suit 
everybody.

the smp200 is a 4-channel mic preamp, 
designed to complement the sps200 

software-controlled microphone. the 
four-capsule sps200 is soundField’s 

most affordable product, and achieves 
this by offering software-based 
decoding and processing, rather than 
shipping with a hardware processor 

and control unit. For preamplification 
purposes, the sps200 can be used with 
any multichannel mic pre or digital 
interface with onboard preamps. 
However, the output of the sps200’s 
four capsules still needs to be gain-
matched, and the smp200 is designed 
as a one-box solution to address this 
need. the smp200 differs from other 
multichannel preamps by offering 
a ganged master gain control, 48v 
phantom power and a low-pass filter 
that can be applied simultaneously 
across all four channels.

CONs

eXtRAs

Soundfield UPM-1
The wider implementation of 5.1 in broadcast with HD brings with it the problem of how 

you integrate all that legacy stereo playback material. The answer, says ROB JAMES, is this 

stereo to 5.1 convertor.
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T he first microphone I ever owned was a 
dynamic omni supplied with a Stella (Philips) 
tape recorder. An omni has a lot going for it 
but to avoid extraneous sound pick the mic 

has to be close to the subject. This is fine for a reporter 
sticking a mic under somebody’s nose, but only rarely 
of any use when recording say, dialogue for film or 
video. Therefore in the real world we often need much 
more directional mics and that means compromise. 
The more directional a mic is, the bigger the inherent 
compromises.

Early attempts at making microphones more 
directional involved attaching several omni capsules to 
big baffles. Later designs used multiple tubes of varying 
lengths in front of a single capsule and this idea was 
developed into the shotgun mics we know today. One 
survivor of the early experiments is the omni at the 
centre of a parabolic reflector still used in natural history 
recording and for following the ball in noisy stadiums. 
In these applications the artefacts are a secondary 
consideration. However, since there are a wide variety 
of quieter situations where it is impossible to get close 
enough to the subject to use an omni or even a cardioid 
then we must give thanks to the developers of shotgun, 
rifle or gun mics as they are variously known.

Some people labour under a misapprehension 
about the way in which these mics work. They do 
not increase the forward sensitivity of the capsule per 
se, but rather attenuate response from other directions 
leaving a small lobe at the rear and sides. Over the last 
couple of years there has been something of a flurry 
of new models from various manufacturers and the 
most recent to come my way is a trio of models from 
Audio-Technica.

 The A-T numbering convention is a little confusing. 
The baby of the family is the UK£639 (+ VAT) BP4073 
followed by the UK£739 (+ VAT) BP4071, and the 
immense UK£826 (+ VAT) BP4071L. All three mics 
use the same capsule, only the interference tubes differ. 
All three arrived in smart cardboard boxes with foam 
lined plastic storage cases that feel a wee bit meagre 
for mics in this price bracket. Each mic comes with a 
stand clamp, a foam windshield and couple of O-rings. 
These are full condenser microphones and require 48V 
phantom power at around 5mA.

At 539mm long the BP4071L is a Mannlicher 

among gun microphones and is one of the longest 
available currently, although the long out of 
production Electro-Voice Model 643 Cardiline dwarfed 
it at 2184mm, a real ‘Big Bertha’(Or Huge Hamish. 
Ed). Rifle mics are generally only effective above a 
frequency determined by the length of the interference 
tube. However, by designing the mics to operate as 
a gradient at low frequency and as a line at higher 
frequencies, directivity for a given length can be 
improved or so I’m led to believe.

As might be expected, all three mics have a similar 
basic sound, since they all use the same capsule. 
However, as the tube gets longer the phasey artefacts 
from cancellation increase — you cannot get around the 
laws of physics. That said, these are good examples of 
the breed. Self-noise is commendably low and the signal 
remains clean at high levels. Each has a switchable 
80Hz low-frequency roll-off filter and a 10dB pad. As is 
usual, the switches are recessed into the body tube and 
require a small pointed device to operate them. From a 
practical point of view, this series of mics scores with 
surprisingly low weight. If you are holding a long mic 
pole for any length of time the last thing you need is a 
heavy mic on the end of it. For example, the longest 
of the three, the BP4071L is a mere 175g while the 
BP4071 weighs in at 136g and the BP4073 is a real 
featherweight at 99g making it eminently suitable for 
on-camera mounting on even compact cameras. Just for 
fun, compare this to the old EV 643 at 5543g.

I used my Sound Devices 442 mixer to audition the 
microphones on a blustery day by the sea. Once I’d 
remembered to switch the phantom power up to 48V 
(instead of 12V) the first impression was just how quiet 
these mics are. Since I didn’t have a suitable basket 
wind gag or ‘furry’ cover, all recording was done with 
just the foam gags supplied. I also used a couple of other 
gun mics for comparison purposes, also with just their 
foam gags to keep things fair.

The first big surprise was just how well these Audio 
Technica mics cope with blustery wind. In conditions 
that had the diaphragm hitting the end stops on my 
other mics, the BP4071L and to a slightly lesser extent 
the BP4071 acquitted themselves very well. Of course, 
if I was using the mics in anger in this weather, I 
wouldn’t contemplate attempting recording without a 
full basket gag, but these results were interesting and 

bode well for their wind resistance with the proper gags. 
Even the diminutive BP4073 did better than my mics, 
although this suffered noticeably more than its siblings.

The overall impression is one of smoothness with a 
distinct lift in response at the high end, more marked in 
the longer versions. This is no bad thing given that HF 
falls off more quickly over distance. Not unexpectedly, 
the longer mics were not very happy when pointed 
towards the sea; the phasey effect is quite unpleasant. 
On the other hand, it was possible to capture acceptable, 
quiet dialogue from 5m away with the BP4071L 
carefully positioned to minimise the sea wash. My 
only real reservation with these mics for location use 
is the technology employed. Even modest levels of 
humidity can cause conventional DC biased capacitor 
microphones to act up and the alternative of RF bias 
confers a useful degree of immunity to such problems. 
On a summer’s day I wasn’t about to give these mics a 
dunking so it remains to be seen if they are better than 
average in this regard.

Broadcasters will welcome this new range certainly 
since it covers a wide variety of situations and they 
can select the right mic for the job. Very importantly, 
when several of these mics of different lengths are used 
together they will match well when summed as their 
characters are similar. They will also be useful for sound 
reinforcement in the theatre for the same reasons. The 
overall character is consistent and desirable to my ear. 
Location recordists should check them out and compare 
them to with what they are currently using. n

pROs Lightweight; consistent sound across the 
models; good wind resistance.

DC polarising could mean little 
resistance to humidity; carrying cases 
feel a bit frugal.

A-t has introduced the At8022 X/Y 
stereo mic and the bp4025 X/Y stereo 
field mic. each offers a coincident 
capsule configuration that allows for 
a smaller housing while producing a 
wide stereo image field. both mics also 

feature a compact, lightweight design 
for camera-mount use. the At8022 is 
designed for consumer or professional 
gear while the bp4025 is suited for 
professional use.

the bp4025 features large-diaphragm 
capsules and operates on 11-52v DC 
phantom power only. it has an integral 
5-pin XLRm-type output and comes with 
a stereo cable and two 3-pin XLRm-type 
connectors. in addition to a high-pass 
filter, the bp4025 offers a switchable 
10db pad. 

CONs

eXtRAs

Contact
AUDiO-teCHNiCA, JApAN:
website: www.audio-technica.com

Audio-Technica BP4071, 
BP4071L & BP4073
There are more quality shotgun variants on the market today than there have ever been 

before. With no one size fitting all applications, ROB JAMES 

takes his pick from a collection of three.
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T he fourth in the Ebony Series is 
unsurprisingly dubbed the A4, although 
where As one to three are legended with 
their designation, the A4 is labelled 16:2, 

which, err, ‘sums’ up this box pretty well. It is a fairly 
straightforward 16 input summing mixer with stereo 
output. All TL Audio products traditionally have a 
valve or two lurking inside (Tony Lurking?) and the 
A4 is no exception. However, the introduction of 
valve processing into the circuitry is optional here and 
the important job of summing is delegated to Class A 
transistor electronics. The unit is smartly styled much 
like the other Ebonies, with a shiny black finish, white 
lettering, chrome buttons and vintage knobs.

The front panel presents a set of pan pots, one 
for each input, logically arranged into a row for 1-8 
along the top with 9-16 below. These knobs are 
centre-détented and although they work smoothly 
enough, the tops do seem a bit cheapo-retro rather 
than classic-retro; more like something from your 
dad’s old portable radio. And the pointers only feature 
on the caps and not down the barrels, so accurate 
recall is not easily possible. However, almost without 
exception I imagine that these will be hard panned 
or centred, so it’s unlikely to be an issue. Left of the 
knobs are a series of chrome pushbuttons to select 
+4dBu or -10dBv operation, with four separate 
buttons for channels 1-8, 9-16, outputs and inserts.

A Master knob controls output level, this has a 
possible extra 6dB of boost but is labelled simply 0 to 
10 — unfortunately with no calibration or détente for 
0dB, so some lining up and calibrating with a tone is 
required. Zero is around 7 on the scale. Unfortunately 
I discovered a left-right imbalance and I subsequently 
learned that there is an internal trim for this. There 
were also some tiny discrepancies of level among 
some of the channels (the variance was up to half 
a dB), and there are no individual trims, so the only 
thing for it was to delve behind the rack and (with 
some assistance from a meter watcher) recalibrate the 
output level trims on my interface using a tone. It was 
slightly inconvenient having to compensate this way, 
but once set everything was stable.

Below the Master gain knob is a Tube Warmth 
knob but this is only active if the Tube Stage button 
is On with its corresponding green LED illuminated. A 
further button is provided for Insert On (with LED), 
and another button adds 10dB to the VU meter 
calibration. The round VUs show output level and 

are typical of many TL Audio products — gently 
illuminated and clear enough to see that things are in 
the right ballpark. Accompanying them are red Peak 
overload LEDs. There’s a rocker switch for Power with 
an accompanying bright blue LED.

Internally, to accommodate the extensive Class A 
and valve circuitry, the main circuit board (mounted 
just above the base of the case) is accompanied by 
about 12 further smaller boards, many of which 
are mounted perpendicular to the main board. A 
torroidal transformer for the mains is sectioned off by 
shielding, which also doubles as a heatsink for some 
of the transistors.

Cramming the necessary connections onto 
the back panel has been cleverly achieved and 
even offers a choice of inputs. Two 25-pin D-Sub 
connectors provide input to channels 1-8 and 9-16 
and alongside these are rows of balanced jack inputs 
that override the D-Subs if both are connected. 
D-Sub wiring sensibly uses the near-universal 
Tascam standard, and balanced TRS jacks provide 
an excellent compromise where XLRs would take 
up too much space. The stereo insert point also uses 
fully balanced inputs and outputs so a further four 
jack sockets cover this. This is an excellent addition 
for the connection of analogue mix processing, such 
as the TL Audio A2 perhaps… The final main stereo 
output does use XLRs rather than jacks and the only 
other connection is the IEC mains.

So having spent the morning Larking about with a 
trim tool, I was able to set up a previously completed 
in-the-box mix with separate outputs, routing back 
into my mix bus processing chain. A/Bing without 
the tube stage engaged resulted in only a remarkably 
small discernable difference. In fact, the A4 sounded 
a little less glued-together than the in-the-box mix. 
Subtle changes to the vocal presence and clarity were 
evident, but there was no clear winner. However, 
this initial material was fairly unsubtle pop-rock, 
and testing with more spacious analogue elements, 
such as live jazz ensemble recordings, the A4 held 
a slight advantage in perceived space and ‘air’, a 
removal of clogged lower-mids and an enhanced 
and seemingly deeper bass. Apart from impeccably 
accurate alignment these were relatively unscientific 
comparisons, with audible differences certainly due 
partly to the qualities of the convertors used for the 
multiple outputs, stereo inputs and monitor outputs.

Boshing in the tube stage there was an instantly 

noticeable change, even with the knob at minimum. 
The Drive LEDs were already flashing with my 
healthy mix level, which averaged just over 0VU 
on the meters but was well below Peaking so a 
range of Tube Warmth extending lower down might 
have been useful. The subtle but noticeable crunch 
constricted the low mids, adding richness to the upper 
mids, and added a slightly ‘compressed’ character 
overall. The pop-rock track sounded even more 
exciting as the knob was increased up to 7, beyond 
8 it turned nasty (like a fluffy record player stylus, 
if you remember those), and the red Peak lights 
soon illuminated. You’d have to be fairly cloth-eared 
to let things go that far under most circumstances 
(Pardon? Ed.)

Unexpectedly, turning up the Warmth doesn’t 
increase output gain, in fact the level gradually 
decreases slightly as this is turned up, which perhaps 
means that the effect doesn’t sell itself as well as 
it might. It was surprisingly successful at adding 
extra glue to the aforementioned jazz ensemble, 
bringing back some warmth in a more desirable 
way than the closed-in digital-ness of in-the-box, 
and certainly sounding slightly less fatiguing. I 
would, however, qualify that by emphasising that 
differences were mostly fairly subtle, and generally 
less than one might notice between, say, WAV and 
MP3, or source and analogue tape, unless cranking 
the valve circuitry. But you certainly get a wholesome 
feeling, hearing impeccably designed Class A circuitry 
handling the summing.

I still prefer a console, but as a rather cheaper option, 
and certainly one of the lowest-priced summing boxes 
(UK£999 + VAT), the Ebony A4 is exceptionally well 
featured. The choice of connectors is sensible, and the 
insert option adds useful flexibility. It sounds as clean 
and classy as more expensive rivals and, apart from 
some level line-up niggles, performs impeccably. The 
valve warmth adds useful character to taste, and the 
comprehensive +4/-10dB settings enable it to slot into 
any setup with minimum hassle. n

Contact
tL AUDiO, UK:
website: www.tlaudio.co.uk

pROs pristine summing; optional variable 
crunchy valve warmth; balanced inserts.

Factory calibration not quite accurate 
and no obvious user adjustments; no 
individual signal present indicators.

there are three other units in tL Audio’s 
ebony series, all of which use discrete 
Class A circuitry and have a tube stage with 
variable drive putting you in control of how 
‘creamy’ or how ‘cool’ your unit sounds.

Hand assembled in england the units 
have chrome knobs and a high gloss 
black finish and balanced i-O, multi-input 
options, analogue vU metering and 
simple operation.

CONs

eXtRAs

TL Audio Ebony A4
Completing the portfolio of the UK manufacturer’s dark and shiny product range is the A4. 

Rain and wind don’t dampen GEORGE SHILLING’s resolve as he insists it’s a summer.





REVIEW

Alongside CD, DVD playback has become 
a mainstay of AV applications and from 
museums to film festivals, point of sale to 
conferences, the silver disc, in its many 

flavours, is now ubiquitous. Multiformat DVD players 
are now commodity items in the most literal sense and 
a quick trawl around Tesbury’s will reveal no-name 
players from around UK£15 upwards. However, there 
is a world of difference between the cheap domestic 
players and those with professional aspirations.

HHB has introduced an all-singing all-dancing 
DVD/CD/DVDA/SACD machine. The UK£675 (+ VAT) 
UDP-89 is the new kid on the block in the professional 
player market from a company that has an enviable 
reputation for designing professional versions of 
consumer devices.

Form factor is 1u rackmount but it’s a deep unit 
and weighs a not inconsiderable 4.3kg giving some 
immediate credibility to the ‘professional’ soubriquet. 
The HHB logo is the power button, which lights in 
a rather garish fashion when on. All the buttons 
feel suitably substantial and emit loud clicks when 
pressed; positive certainly.

Although HHB is at pains to stress the ‘industrial 
strength’ of the unit, the very slim disk tray feels 
fairly flimsy to me and a quick look under the hood 
reveals nothing in the way of dust-proofing. However, 
the same ‘look under the hood’ also reveals where 
one of the real strengths of this player may lie. The 
audio board is huge, occupying almost a third of the 
interior space. Among other components this contains 
Wolfson 24-bit/192kHz D-A convertors — audiophile 

stuff. The tangible external evidence of this is a 25-pin 
D-sub carrying balanced analogue audio outputs in 5.1 
and stereo formats, two XLR-3s duplicating the stereo 
out alongside the usual unbalanced phonos. Equally 
unusual are an AES-EBU stereo output alongside the 
familiar coaxial and Toslink optical SPDIF outputs 
carrying either stereo PCM or encoded streams.

Bass management, individual channel level trims 
and delay are available for the analogue 5.1 outputs 
making the UDP-89 eminently suitable for feeding 
directly into powered speakers with no preamp/
decoder/amplifier required. The audio hardware is 
amply matched by the software. Support for SACD, 
DVDA, MLP, DTS, Dolby Digital and MP3 (Oh, 
well…) are all present. There is even a pink noise 
source for setting up. For cueing, there is a front panel 
headphone socket and volume pot; output level is 
adequate rather than generous.

Things are almost as promising on the video front 
with six 14-bit 165MHz video D-ACs and support for 
all the standard recorded DVD formats except DVD-
RAM. Video CD and SuperVCDs are also catered for 
along with ISO9660 or UDF formatted discs containing 
MPEG1, MPEG2 and MPEG4 ASP coded video files 
with embedded MPEG, PCM or Dolby Digital audio. 

Zen is a thoroughly modern, yet classic analogue mixing console combining DAW I/O integration with moving 
fader automation, transport control and the sonically pure signal path you would expect from Audient.
Designed for today’s studio environments and in a compact frame, Zen features 2 inputs per channel, DAW 
record output on each channel, L/R mix bus, 2 stereo buses, 2 mono buses, 4 auxiliaries and 2 cue sends, plus a 
stereo compressor.
And that’s just the start.  To get the full picture hit www.audient.com/zen 
stereo compressor.

www.audient.com/zen
stereo compressor.
And that’s just the start.  To get the full picture hit www.audient.com/zen
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Audient analogue mixing technology
with DAW powered moving fader automation.
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HHB UDP-89
Professional picture and audio disc source playback has traditionally required different 

boxes. Things have changed with the arrival of this professional universal DVD/CD player, 

as ROB JAMES finds out.
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There is no mention of DiVX and I didn’t have a 
suitable disc on hand to check. However, the unit can 
also cope with JPEGs on CD or DVD-ROMs.

Most DVD players can cope with PAL and NTSC 
but many simply output the same format as the disc 
which means the screen must be capable of accepting 
whichever format is output. The UDP-89 converts in 
either direction outputting PAL from NTSC sources 
and vice-versa as required although if the display 
can cope the images will be better if output in their 
native format. The UDP-89 is region free, or at any 
rate it certainly plays the region 2 and region 1 (US) 
discs I tried. It also scales as required to 480p/576p 
SD, 720p or 1080i HD. As supplied, HDMI output 
was turned off so I had to use an alternative analogue 
connection to view the OSD and turn it on. Annoying 
and it had me fooled for a while into thinking the 
HDMI output wasn’t working. However, the default 
is listed in the manual as ‘on’, so I guess this was an 
oversight on my part.

The HDMI version isn’t specified but I tried an 
early display fitted with V1.0 and a much more recent 
one fitted with V1.3 without problems on either. 
Apart from HDMI you also get YPbPr component 
analogue on BNCs, menu selectable to RGB for 
SCART connections, etc., S-video on mini-DIN, and 
composite on BNC and phono. There is no DVI output, 
but you could always use the HDMI with a convertor 
assuming the destination is HDCP compliant for 
commercial discs. Also missing is a genlock input so 
a TBC will be necessary if mixing with other sources. 

The other major strength is control. Predictably, 
there is a comprehensive infra-red remote but that 
is just the tip of a rather large iceberg (That’s big 
for a remote. Ed). An RS-232 serial 9-pin D-Sub 
socket opens up the world of Crestron, AMX and 
custom control. This is accompanied by a user-

configurable GPI-O parallel remote 9-pin female 
socket providing Volt-free closure contact control of 
transport commands, etc. Five programmable inputs 
and three tally outputs for Play, Pause and No Disc 
are supported.

Unlike domestic players the UDP-89 doesn’t sulk 
and go into screensaver mode after a minute or two 
in pause. Freeze frame still image quality is excellent 
and I got bored after leaving it in pause for half an 
hour. On the other hand, when you need to use the 
screensaver, it would be nice to be able to change the 
wallpaper from the HHB logo to an image of your 
own choosing as some other players allow. Useful for 
branding, putting up a slate and so on. By default, 
the screensaver is off and all you get is a grey screen, 
black would be more useful in my applications.

Further ‘Pro’ features include Eject Lock, Cue 
Marks and Auto Pause. Ten Marker points may be 
stored and used to locate specific material. Programme 
and repeat play is also available.

Playing a couple of DTS surround audio discs, 
inaccessible previously, was a revelation. Similarly 
the player acquits itself very well on the picture front 
with excellent upscaling even on grainy old transfers. 
Since this player is most likely to be considered for 
installs, the precise application requirements will 
determine its suitability. However, it is clear that this 
machine majors on audio and I cannot think of a 
direct competitor if audio is the primary consideration, 
if SACD or DVD-A with balanced outputs are involved 
then this is pretty much the only game in town. At 
the price it will also, and rightly, come under scrutiny 
for home cinema systems. The UDP-89 joins a select 
band of professional CD/DVD players with sufficient 
distinguishing features to make it a ‘must consider’. 
I’m awaiting a Blu-ray version with bated breath. 
How about it HHB? n

pROs Audiophile audio D-A convertors; 
comprehensive control options; excellent 
upscaling.

No genlock; no dust sealing; disc tray a 
bit flimsy and fiddly.

the other new machine in the HHb range 
is the CDR-
882 Dualburn 
dual-drive CD 
recorder. A 
Discspan mode 
overcomes the 
80-minute limit 
of CD recording 

by extending the recording across 
multiple discs. Discspan allows the user 
to set overlap and fade in/out durations 
when switching between discs with 
track iDs automatically written to each 
disc to mark the transition. On playback 
the CDR-882 uses these track iDs to 
provide uninterrupted programme 
audio. in addition the track iDs provide 
precise reference markers when 
reconstructing the recording in a DAw.

the feature set includes Dualburn 
simultaneous recording to two drives, 
high speed disc duplication, a heavy-
duty 2u rackmounting chassis, quartz 
crystal derived internal clock, on-board 
sRC, balanced and unbalanced analogue 
and digital i-Os and parallel and Rs232 
remote control.

CONs

eXtRAs

Contact
HHb COmmUNiCAtiONs, UK:
website: www.hhb.co.uk
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Look, I know that at every turn we’re told that 
these are difficult days, but it has become 
apparent even to me, the eternal optimist, 
that there really is a new austerity in audio. 

I say this not just because this year, yet again, as 
a dubbing mixer I missed making the Sunday 
Times rich-list by a comfortable margin — I find 
it rather reassuring that in this respect neither I 
nor anyone else from postproduction appeared. 
Nor do I suggest this just because Brown’s 
Britain has been finally exposed as one of 
fraudulent financiers, bloated bankers and 
plundering politicians; and a land where 
hand-wringing executives of terrestrial 
TV networks plead poverty and slash 
jobs, seek to divest themselves of public-
service commitments while demanding 
public bail-outs and subsequently 
award themselves seven-digit salaries 
for a job well done. There’s nothing 
new there. No, my evidence is based 
on this one fundamental fact: one 
of my favourite bits of UK kit is 
now delivered in a brown paper 
package, tied up with string. 

That’s so quintessentially 
British and it’s indicative to 
the rest of the world of how 
in this country, we develop in spite of 
depressions. Furnish an Englishman with a shed, 
some tin-snips and a gallon of paraffin and he’ll give 
you the jet engine; clothe him in a cardigan and he’ll 
deliver Carbon Fibre too. We’re at our best in times of 
crisis — global, financial, or otherwise.

I actually have no way of knowing whether CEDAR 
started life in a shed. Obviously, I’d like to think that 
it did, but I suspect a science park in Cambridge is 
a more likely late-1980s birthplace; a location more 
commensurate with what was then the new frontier 
of Computer Enhanced Digital Audio Restoration.

Back in 1989, thanks to our still fresh love 
affair with digital audio, we’d become increasingly 
intolerant of noise and distortion, and CEDAR entered 
the sound restoration market with de-crackle and 
de-hiss units that, for the most part, made significant 
improvements to the pops, clicks, hums and buzzes 
of real-world analogue actuality recordings. But it was 
in 2000, by responding to the need for a single low-
level, broad-band noise reduction unit, that CEDAR 
introduced its Dialogue Noise Suppressor product; 
and it became so successful, within five years it was 
awarded an Oscar. Now DNS1000s, DNS1500s and 
DNS2000s are present in almost every film mixing 
and TV dubbing studio around the world; and I can 
hand-on-heart say that our DNS1000 gets used 
almost every single working day.

This new version, the CEDAR DNS3000 remains 
true to its original objective of reducing or eliminating 
background noise such as air conditioning, wind, rain 
and traffic, with minimal effect on the wanted signal; 
and with its near-zero latency (just 10 samples) it 
means that audio need not be slipped to maintain 
lip-sync. What fundamentally changed between the 

DNS1000/1500 and the DNS2000 
models was compatibility with Pro Tools; the 
DNS2000 came as a 1u rackmount device, accessed 
through CEDAR Remote Control Software (RCS) and 
dedicated itself to Pro Tools LE and HD users. The 
enhancements between the DNS2000 and DNS3000 
models maintains this integration, but sees a return to 
the desk-mounted chassis. 

The DNS3000’s new features are directly developed 
from customer feedback: automated-to-timecode noise 
suppression, on-board scene capture, memories with 
a simple recall system, moving faders, sample rates up 
to 96kHz and yet more complete Pro Tools integration 
for Windows XP and Mac OSX. 

But some care is still needed in how you use the 
CEDAR in a Pro Tools set-up, if you’re not to actually 
experience a 1-frame or more processing off-set. A 
poll among Pro Tools colleagues shows a general 
consensus: don’t have the RTAS controller plug-in 
inserted on a channel that carries dialogue, choose 
any another channel; insert the CEDAR Remote 
Control Software (RCS) into the first insert on the 
DNS3000 unit, eliminating any RCS latency, then 
follow with EQ and other hardware inserts; set the 
hardware insert delay in the I-O set-up to 0.07ms for 
the CEDAR inserts; switch Delay Compensation on 
when mixing.

The DNS3000 itself does not become a plug-in 
through the RCS though, the RCS only tells the CEDAR 
hardware how to process the audio and routes it in 
and out of Pro Tools; therefore the snapshot function 

is used to save and recall settings on the unit. So, if 
interior A always has this particular setting, exterior B 
that setting, actor C the other, as the programme rolls 
through, the automation will take care of replaying 
your carefully arrived at settings. 

The DNS3000 has EQ choices similarly spread to 
any conventional mixing desk: Low (20Hz–400Hz), 

Mid (200Hz-6kHz), High (4kHz-
18kHz); Low and Mid, Mid and High 
or Full; and although the mechanical 
process of cleaning the signal is 
idiosyncratic to the CEDAR, it is 
a strangely satisfying process to 
go through. First, the frequency 
range to work within needs to be 
identified — this is arrived at either 
by virtue of decades of critical 

listening, or by simply testing 
each band in turn, as a broadband 

background such as wind or traffic 
could be happily sitting between 2 or 

even 3 of the CEDAR’s Low, Mid or 
High bands.

Once the range is chosen, the six Gain 
faders and the master Level fader are pulled 

fully down, then the master Level is slowly 
lifted until a clean signal is heard: at this point, 

the six gain faders are reintroduced back up 
to unity gain (0 on the fader scale) — then 

reduced or boosted so that the minimum of 
attenuation artefacts are present on the signal. 

These six gain faders represent six low-to-high 
bands within the chosen range, with the lowest 

frequency to the left, the highest to the right, and 
activity LEDs above each Gain fader show whether 

that fader is attenuating or boosting the signal within 
its band.

Now you can save a snapshot of those settings or, 
and to be honest it’s what I do in our Fairlight studios, 
simply record the clip clean into your project and be 
done with it, and then move on to the next clip to be 
cleaned. It takes no longer, really, and the new clip 
becomes consolidated into the project with the net 
result that you have the freedom to move studios 
without relying on the presence of a DNS unit.

Notwithstanding the increased level of automation 
now offered by the CEDAR DNS3000, I do suspect 
that a lot of mixers will choose to operate this 
excellent unit in this more manual way; and given 
the times we find ourselves in, we might think of this 
rerecording method as a form of audio quantitative 
easing: the creation of something clean and new out 
of something dirty and flawed. Get it right and it could 
be a license to print money. n

CEDAR DNS3000
The principle of the Dialogue Noise Suppressor is now firmly lodged in the minds of post 

professionals everywhere and the dynasty 

continues with the 3000. NEIL HILLMAN 

reports on audio quantitative easing.

pROs when it works, it works: the cleaning 
can be remarkably transparent, and 
incredibly quick to arrive at; the settings 
you arrive at within the first 2 minutes 
are the ones you’ll probably end up 
with; i find our unit still indispensable, 
9 years on; it can be moved easily 
between studios, unlike a plug-in.

it’s expensive and some might consider 
it a disadvantage that it’s not a plug-in; 
it can almost be considered a binary 
device: it either works or it doesn’t – 
there’s no real middle ground; the good 
news is you’ll know quickly whether or 
not the CeDAR will help or hinder.

CONs

Contact
CeDAR, UK:
website: www.cedaraudio.com
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T he PSI Audio A21-M is a two-way, active 
speaker comprising a 217mm woofer 
and a 25mm 
dome tweeter 

that radiates through a 
shallow horn. The drivers 
are aligned vertically 
above a wide (and deep) 
slotted port and the 
electronics are housed in 
a recess at the rear of the 
cabinet. On the rear panel 
are the usual IEC mains 
socket and switch along 
with controls for level 
and LF roll-off and an 
XLR balanced line input 
socket. The cabinet has 
external dimensions of 
400mm high x 300mm 
deep x 250mm wide, 
weighs 12.8kg and is 
finished in a distinctive 
purple paint that has a 
subtle metallic sheen. 
PSI specifies a crossover 
frequency of 2.4kHz 
and states that the circuitry 
contains what it terms a ‘compensated 
phase response system’ as well as limiters and 
high- and low-pass filters for driver protection. The 

integrated power amplifiers are rated at 100W and 
50W, which endow a single A21-M with a claimed 

maximum continuous 
SPL of 108dB at 1m 
distance, and a pair 
with 119dB maximum 
at 1m on programme 
material.

Figure 1 shows 
the on-axis frequency 
response and harmonic 
distortion for the A21-
M; the distortion is 
measured while the 
speaker is generating 
90dB SPL at 1m. The 
response lies within 
respectable ±3dB limits 
from 40Hz to 18kHz 
with a rapid 6th-order 
low-frequency roll-
off, due to the reflex 
port and high-pass 
protection filter, and a 
-10dB point of around 
35Hz. Harmonic 
distortion performance 
is commendable with 

all levels below -40dB (1%) 
at all frequencies above 50Hz. However, there 

is a sharp rise to about -25dB (5.6%) 2nd harmonic 

at 40Hz. Figure 2 shows the frequency responses 
at four off-axis angles in the horizontal plane. The 
directivity is seen to narrow steadily with rising 
frequency except for a broadening at 3.5kHz. The 
vertical off-axis responses are shown in Figure 3. 
Here, a notch at the crossover frequency, due to 
interference between the sound radiated from the 
spaced drivers, is clearly evident at 30 degrees in 
both the up and down directions.

The time domain performance for the A21-M is 
demonstrated in Figures 4 to 7, which show the step 
response, acoustic source position, power cepstrum 
and waterfall respectively. The step response is 
excellent, with perfect time alignment, a rapid rise 
and smooth fall. This is one of only a few speakers 
that I have tested with this good a step response. 
The low-frequency time domain performance is less 
good however. The acoustic source position is seen 
to shift to 4m behind the speaker at low frequencies, 

Fig. 1. On-axis frequency response and harmonic 
distortion.

PSI Audio A21-M
KEITH HOLLAND
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Fig. 2. Horizontal off-axis response. Fig. 4. step response. Fig. 6. power cepstrum.

Fig. 3. vertical off-axis response. Fig. 5. Acoustic source position. Fig. 7. waterfall plot.

which is an almost inevitable consequence of a rapid 
low-frequency roll-off, and the waterfall plot shows 
that the decay of low-frequency energy is slow. 
The low-frequency components of transient signals 
will therefore start later and decay slower than the 
higher-frequency components. The power cepstrum 
plot shows some activity after about 150 and 350 
microseconds that maybe responsible for the slight 
irregularities in the on-axis frequency response at mid 
and high frequencies.

To sum up, the PSI Audio A21-M is a very good 
loudspeaker. The on-axis frequency response is 
extended and falls within ±3dB limits for most of 
the audible frequency range. Nonlinear distortion 
performance and off-axis response are also very 
good. Of particular note though is the remarkable 
step response, which is presumably helped by PSI 
Audio’s ‘compensated phase response system’.  This 
accurate a time response is very rare in this type 
of speaker but here, PSI Audio has proved that it 

is possible. On the other hand, low frequency time 
response accuracy can only, it seems, be achieved at 
the expense of low frequency extension and power 
handling; had PSI Audio chosen the time-accurate 
route the transient performance of this speaker could 
have been second to none. n

Contact
psi AUDiO, switZeRLAND:
website: www.psiaudio.com
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Chris Lord-Alge
The top mixer shows NIGEL JOPSON how he cooks his hits, 

and explains why he heeds a dinner bell.



37September 2009 resolution

CRAFT

C hris is one of the most successful, in-demand mixers in the business, a 
triple Grammy-winning brand name whom labels rely on to mix big-
budget productions. He started as a $50-a-week assistant at H & L studios 
in Englewood New Jersey, mentored by owner Steve Jerome, then went 

on to work at Unique Recording Studios NYC. Prince’s Batman Sound Track, Joe 
Cocker’s Unchain My Heart, Chaka Kahn’s Destiny album, Carly Simon’s Coming 
Around Again, Tina Turner’s Foreign Affair album and Stevie Nicks’ Timespace all 
benefitted from Lord-Alge’s engineering, production and playing.

In 1988 he moved to Los Angeles, and for many years most of his hit mixes were 
done from a room at Resonate Studios in Burbank. His knack of fitting stadium-
sized music into a hard-hitting, radio-ready package has label execs beating a path 
to his mix room. He has mixed all of Green Day’s hit records, and albums for My 
Chemical Romance, Sum 41, Manic Street Preachers, Faith Hill, Fleetwood Mac, 
Melissa Etheridge, the Futureheads, Alanis Morissette, Bon Jovi, Pink, Foo Fighters, 
Courtney Love, Placebo, The Kooks, Miley Cyrus, U2 and Santana.

Recently Chris has become a studio owner himself, taking over the old Can-Am 
Recorders studio in Tarzana, California. Unusually, Chris prefers to mix on an SSL 
E (G computer) series console with VCAs, rather than one of the more modern 
Ultimation-equipped desks. His fast production-line approach has frequently 
attracted commentary from other industry pros, his discography in the allmusic 
guide runs to over ten pages, and many aspirant American engineers nurture the 
wistful hope that if only they knew Lord-Alge’s ‘secret methods’, the music industry 
could be their oyster. When Resolution spoke to Chris he had just completed mixing 
the new Paramour album, and was on a visit to Oxford to consult with SSL about 
some of their newer products. (photos www.recordproduction.com)

What made you decide to become a mix specialist?
The mix was like the crowning jewel if you were working on a project. All the fame 
and glory was being the mixer. Getting the gig was because the rough mix you 
made was so good they were happy. You’d come in and do vocal overdubs, give 
them a really killer rough mix, they’d maybe take the cassette and say: ‘Wow, that 
guy’s great, we got to get him again for some more overdubs’. Then before you 
knew it, you’d have done a few sessions with the band and they’d be offering you 
a stab at mixing a song. It would really piss off other engineers sometimes ... ‘Hey, 
you shouldn’t be doing that with the roughs, making it sound so good’ — isn’t that 
kinda the point? — ‘You should just give them a flat, plain rough so they just know 
what they have.’ But nobody wants to hear a simple, plain, flat mix — nobody 
cares! You’re only as good as what you can deliver. 

Who inspired you, when you were starting to mix?
Steve Jerome trained me, but when it came to wanting to mix, it was Bob 
Clearmountain. Once I heard a couple of Bob mixes, I said: ‘That’s it, right 
there, that’s the guy to get.’ It kind of started out with the Chic song, Good 
Times — which no one really knew was Bob — they associated Bob with Bruce 
Springsteen. I thought: ‘I can make it sound like that’ — that was my start point, 
when it got to Let’s Dance it was like — ‘Now the gloves come off, let’s see what 
I can do!’ That was the point, around 1983, when I went from an MCI console 
with no automation to an SSL. Once it moved to an SSL, that’s when my mixing 
really took off.

Which was the first SSL you worked on?
The one that kind of became ‘mine’ was the SSL they hoisted through the window 
at Unique Studio B. The next day I did a session with Ronnie Spector, the console 
had only just been put in but we plugged DL to XLR cables in and ran them through 
the door to the studio. It wasn’t really ready yet but that’s how I learnt, I just put 
everything in, I could compress the whole bus, EQ everything and create something 
way more fun — then pop in the automation and top it off. 

In your own mix room now, you have assistants transfer the  
Pro Tools sessions you receive to an old Sony 3348 DASH multitrack 
before you mix.
I think it’s a good process, the person who wins from the process is the artist. Rather 
than me wearing myself down by figuring out every little intricacy of the song, 
my assistants pave the way so I can just put up 48 faders and go. I get my first 
impression with most of the bugs worked out.

Do you have another room in your studio with a Pro Tools system 
where your assistant works?
No, we’re sitting face to face. If I’m sitting at the desk, he’s on the other side with 
mirror-image monitors and a whole Pro Tools rig. They’re sitting just below me, 
I can look right at them. We even have a sort of dinner bell on top of the remote 
on the meter bridge. I’ll say: ‘Can you tune that vocal line, verse 2 the last bit 
sounds sharp?’ I might be doing something else or talking to someone and he’ll 
go ‘ding’ on the bell, then I know I can punch it in on the Sony tape. I’ve been 
using the [DASH] format for a while, even though it’s in its final era and is just 
about extinct at this point, it still gives me a really good work method and puts 
the masters together.
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So once the session has been prepared, how do you start?
I always try and keep the instruments on basically the same faders. If you don’t have 
to think about where your car is parked, you can find it when you need it! I know 
that I can just put my hand over there and push up the kick and snare ... I basically 
put the whole song up first, I’ll just start EQing whatever seems wrong right away.

Do you use any sample trigger plug-ins like Drumagog or Slate Drums 
to augment the recorded sound of the kit?
Steven Slate is a friend of mine and I’ve helped him to engineer some good samples 
that are useable and realistic underneath the drum kit.

Do you use them?
I always augment the drums. I always have some samples in there to help. But 
they’re all samples of rooms to help the ambience, because the big problem you run 
into if you want the ambience to be a certain size, you’re going to get some artefacts 
like too much cymbal, too much hi-hat and so on. In order to get that controlled, 
you need to use samples. 

We were just listening to Green Day’s East Jesus Nowhere, would that 
be a good example of this?
They recorded it so well — they gave me three separate sets of rooms and two 
snare mics — so when I put any extra samples in they were sampled rooms, I made 
samples of their own room tracks without any crashes in.

Do you have your assistant go through the song and edit each  
sample in?
I have them use Sound Replacer and replace exactly with the original drums, if I use 
the samples it’s completely in phase and dynamically locked. It’s not like an AMS 
where it’s at the same [volume] level all the time, that’s always a problem. It’s the 
same dynamics as the drummer is hitting, which is real important. I don’t want to 
‘hear’ the sample, I just want the good side of it, what it does for the reverb and 
what it does with the rooms. It’s not about the compression, it’s about the balancing 
of it. People think: ‘Oh, he’s using 20dB of compression on the snare’ — no — 
there’s like a couple of dB. But everything is getting a little bit, and on the SSL you 
can have the compressor in on every channel, you can top everything off a little bit. 
Like a little bit of salt and pepper, it’s almost like the perfect kitchen.

Do you use plug-in EQs in Pro Tools, to give the instruments a bit 
extra on the way in to the Sony?
I use a lot of Waves plug-ins, I use the Waves SSL just to help if something is not 
bright enough. Sometimes if I want something like a telephone vocal, I’ll use plug-ins 
for that as well. Certain delays you want ‘built in’ to a solo, you just can’t get it off the 
return [by hand]. But what you’re noticing the most, if you want to ask the real simple 
question, is that you’re hearing the console. The console is bending ... if you plug your 
guitar into a Marshall, it’s loud and full at every level ... because it’s ‘bending’: you’re 
letting it overdrive a bit, you’re letting it musically mush the signal together.

Plus you’re using all your 
famous outboard equipment ...
My rack equipment is patched in all 
the time. The thing about the outboard 
gear is it adds colour and texture, 
especially to the vocals. The outboard 
is always patched into literally every 
insert on the console. Then I’ll punch 
it in and see if it’s helping that song 
or not, on the snare, kick, vocal or 
whatever. I’ll check what’s better — the 
SSL or the outboard — or both.

So what do you have on the 
snare insert?
Generally I have an old Neve 2264X 
on limit, moving maybe one or two dB. 
Nothing beats the console compressor 
for the kick drum. On the snare I’ll have 
both, you can’t beat the SSL for attack. 

What about bass?
I always use four 1176s, with Mike 
[Dirnt of Green Day] he actually used 
four tracks for bass. I use the line amps 
on the console to control how much 
the outboard is set.

I’ve heard you keep all your outboard controls in exactly the same 
positions all the time, you never touch them. Is that true?
It’s true. I kind of have them all set at the optimum levels for that gear at zero in 
zero out. Occasionally, if I really want to overdrive something I might turn it up, but 
most of the time I’ll just move to another set [of outboard] that’s adjusted different. 

When mixing for US radio, is there a trade-off to be made at the 
bottom end? Is it better to make the kick and bass a little leaner than 
you might like on a big hi-fi because of radio processing, do you mix 
with that in mind?
You know what? I don’t care about all that, I just mix to where it sounds right to me, 
and what I like is what seems to work. Sometimes if people want things to be overly 
dynamic, I might say: ‘You may want to control this or it may not be good on radio.’ 
I’m not so much concerned with radio as with overall presentation for everybody. 

Do you mix all the time on NS10s?
I have the oldest pair of NS10s in the world, with the covers (grille cloths) on. I 
don’t want to see the cones, after all these years. 

What amp is powering them? Do you use a sub with the NS10s?
A Yamaha P-2002M, I think, I never had luck with other amps on the NS10s. I 
have an Infinity BU-2 sub — actually I have two of them, one for my assistant 
because he has exactly the same setup. When I walk around the console I want to 
hear it the same. 

Do you check mixes on the big monitors every so often?
I always have the ‘client impressers’. I have a full set of M&Ks that actually sound 
really good. But most of the stuff I mix through my boom box, which is mounted 
in my rack. I have a Sony ZS-M1 which is what I’m mixing through at really low 
level. 

Is the music quiet enough to easily talk over when you’re mixing?
I can hear my assistant typing over it ... don’t text so loud, you’re killing me over 
here!

Which outboard compressor is on the guitar insert?
I have eight LA-3s that are just for guitars.

The Teletronix?
I have a pair from each revision [of LA-3]. Either that or I’ll use an Inward 
Connections Vac Rac, I have 14 channels of them. Most of the people I work with, 
like Green Day, send me really good guitar recordings. When I crank the EQ on that, 
the console bends, I can crank the top end full ...

Blue or Green knob?
The Red! I could take a ruler across the Red half the time.

CRAFT
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With the Bell in?
No, the bell is more for the drums, I always go shelving for guitars. Only if it’s a 
really fuzzy guitar will I go bell. 

How do you help the vocal shine in a full mix?
I tailor a whole package of delays to make it more exciting, because between 
the vocals and the groove, that’s the whole song. But to get the vocal sounding 
exciting at a low listening level ... that’s most important. The way kids are these 
days, it’s like the five minute blast: ‘here’s the song I like’ — loud — then it’s 
back to quite low. Most people are listening through their laptops or something 
small, it’s hardly like they’re going to put the vinyl on and go for 25 minutes on 
one side.

Have you got a compressor and EQs inserted on the stereo bus?
I use the Focusrite Red 3 or the Shadow Hills mastering compressor, I leave them 
in all the time, if I’m not getting it with one I’ll just try the other. I use a pair of 
Pultec EQP1S3s after the compressor, the whole mix is Pulteced. They are just 
boosting a bit of low end, if you just go through Pultecs [without adding any EQ] it 
changes the sound right away. Then when I give a client a mix, it’s a copy off the 
desk, there’s no L1-ing or other trickery. We may normalise the level, so the peaks 
are right. Whatever master I printed, I want to live or die by the sword! If it’s not 
exciting for them, we’ll fix it.

When you put a mix into the SSL computer, how do you approach it? 
Do you write individual channels in Absolute, or do you put a basic 
mix in and then Trim?
I do it more like an Italian race car driver, I just rip the mirror off and don’t look 
behind me! I just try and build all the moves in and sculpt it in one pass. 

Mixing until you get to a major change in the song, like the  
chorus, then punching-in on the mix in Absolute, hitting the  
Revise key?
It’s all timing, sometimes you’ll get all the faders to a spot, then Join it to change 
the scene. The mix should ‘sit’ with no [cumulative] moves, and feel like 
something in sections, it shouldn’t have really big (Trim) moves all over. If you sit 
there and the fader bargraphs are all wiggly, you have to do something to make 
it ‘sit’ without automation first.

Do you make offline Trims or Joins?
Sometimes I make offline Trims because I’ve maxed out my bus, I just bring it 
down to see if it’s better. If it’s not moving me, I’ll just hit Cancel and go back. 
That’s just a mood thing, if it doesn’t excite me, I’m not going to do it.

Do you ever reference CDs when you’re mixing?
Never, I never ref’ anything. The CD has been mastered, so you’re kind of screwed 
already. Whatever couple of dB of volume the mastering engineer added, even if 
it’s on your own mix, it’s still going to seem brighter than your multitrack. The only 
thing I ever reference is their roughs, just to make sure all the parts are in. 

Still you’re mixing hit after hit for big-ticket acts ...
A lot of times it’s not just mixing, it’s convincing them that it’s done, and that it’s 
good. Any engineer can mix a record, but convincing the band that what they have 
there is good and that it sounds complete, those are different things. Being confident 
in what you’re playing them, and confident in all the moves, is really important. 
None of it has to do with the gear — it’s the ear! n
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K evan Gallagher hails from Perth on the east coast of Scotland. He 
taught himself the guitar in his teens and that led onto an interest in 
recording. So after school, in the early 1990s, he did a BTEC course 
in Manchester that combined playing and recording. Following that 

he worked at Carlton Studios in Glasgow with a mixture of clients, such as local 
bands and traditional Scottish ceilidh bands, fiddles and accordions. Realising that 
the path to greater success meant being in London he headed south 12 years ago, 
managing to find employment as a freelance assistant for a number of studios 
including Battery, Marcus and Jacobs. He then landed a permanent position at 
Westside and worked with owners Clive Langer and Alan Winstanley; another 

regular user of the studio was Gary Langan. He was then employed at Mark 
Angelo where the big room meant acoustic recording, regular string sessions, 
and a number of jazz records thanks to a great piano. Gallagher assisted Tony 
Platt, and started engineering jazz records himself. He impressed Alan Branch and 
Calum MacColl on a Ronan Keating session and this led to him engineering a live 
recording with Keating for DVD — ‘Pop with a live band, which is my favourite 
thing to do.’

Mark Angelo was also where he found himself working regularly with Philip 
Pope and subsequently Kevan has worked at Pope’s home studio, mostly on 
music for comedy TV shows. Now freelance, a notable recently-released project 
was Earl Thomas with Paddy Milner & The Big Sounds’ album recorded live 
at Fish Factory in Willesden in two days and mixed at The Dairy in two days. 
Another recent success was the Annie Lennox single, Shining Light, which 
Gallagher recorded. Kevan still plays guitar and is currently writing material with 
Terry Neale and Mark Evans. He recorded an album with singer Lindsey Cleary 
financed by her ingenious ‘Pick An Orange’ scheme, and was due to mix it in July 
at The Dairy, which was where Resolution met up with him for a chat. (photos 
www.recordproduction.com)

Kevan Gallagher
A live band specialist with lots of ideas for drum recording and 

vocal mixing talks to GEORGE SHILLING
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I understand you recorded Earl Thomas all live in one room, how did 
that work?
Spill’s not an issue really, if you’ve got amps cranked up, all your mic gains are 
low so you aren’t getting much spill into them. The only thing that had a bit of 
spill was the vocal and even then it was negligible. Plus then, nobody has to have 
headphones, so everyone’s happy and you’re not spending an hour and a half 
trying to get the headphones fixed.

What did you learn from Alan Winstanley?
Alan was an engineer who was invisible; suddenly a mix was there, how the 
hell did that happen? I like that, I think the engineering side should be invisible, 
you should be having a laugh, making everyone feel happy, and the engineering 
stuff, it just happens as you go along. If it’s a live thing I’m doing with a whole 
band all at once, I try to spend a little bit longer than usual setting up, so that 
when the band starts, I don’t have to go in there and interfere at all; it’s all ready. 
That is really annoying, as a person who occasionally plays on sessions, I hate 
having to stop — I’m going to move that mic — I like to have all that in place 
then say Ok, go, play.

Even to the detriment of perfect sonics, you make do with where the 
mic is?
Yeah, I guess it’s a time issue. If you know that it has to be over by three o’clock, 
let’s just do it. But if you do it often enough, I guess there isn’t a lot left to chance. 
All the interesting things I’ve learned have been when I’ve worked at a place that 
hasn’t got all the mics I know. You think, what’s that, I’ve never heard of it? Try it 
on a bass drum — Wow, I’m going to use that all the time now! Limitations are a 
pretty good way of learning.

Do you mind other people mixing your recordings?
I think there’s a good argument for it because there’s only so many times you can 
hear a song and remain objective, but budgets are often a limitation. You’ve got to 
approach it in chunks and come back to it.

When you are recording guitar, do you use Amp Farm or suchlike?
No, amps. I’ve got a couple, a little all-valve Laney which looks rubbish but sounds 
fantastic. And a Jazz Chorus which is good for sparkly stuff. And Fenders are good, 
like the Hot Rod Deluxe.

Do you mic with a 57?
I’m using 58s a lot actually, I prefer them a bit, and I’ve been using quite a lot of 
room mics as well, not always, but just enough to blend a bit in.

And you put the room mic on a separate track?
I do, and I quite often line the waveforms up to get them sounding fat in Pro Tools, 
a bit of cheating never hurt anybody. I tend to use more ambient mics on kits 
now, and often extremely low as well, I find if they’re high it tends to accentuate 
all the harshness of cymbals, so have them a foot off the floor or lower, and 
you’ve got all that fatness off the bass drum. And I quite often do that in stereo, 
so I’ve got a big, wide ambient image of the kit. Another thing I’ve been doing is 
to front-mic the bass drum on the beater, which is really good. You tend to get an 
awful lot of snare into that mic, which is a problem, but you can use automation 
to duck it or put a compressor on and key it, so when the snare hits it ducks the 
level on the bass drum. I do like really good instruments, I think that’s important, 
be it a guitar or a drum kit. If you start off with that, it’s not hard. I’ll quite often 
bring an acoustic [guitar] to a session, because people quite often have more 
electrics than acoustics, so if you bring another acoustic it gives you a certain 
amount of choice.

How do you mic and record acoustic guitars?
I normally use two mics, one to get the fullness of the body, and one which I’ll have 
almost where the chords are being held on the neck, and ease that in and you get all 
the sparkle back, without having to EQ it into the fat mic. I’ve used that on double 
basses too — one near the F-holes, and one where the notes are being held, ease 
it in and wow, the air’s come back into the sound.

How do you approach vocal recording?
You’ve got to let them do the thing when they want to, maybe that isn’t feasible 
because budgets are less, but I think you can still make things happen as good as 
they always have done, but maybe in a studio which isn’t a thousand pounds a 
day. If you’re recording a vocal you don’t need this. They’ve got a little studio here 
next door with a booth and a little desk, and they’ve got the Brent Averill mic amp 
there which is fantastic, and these Soundelux 251 mics, one of these in a studio 
which isn’t that expensive is a very economical way of doing stuff. On Lindsey’s 
album I used a postproduction place in town; there’s Pro Tools, a very controlled 
sounding live room optimised for speech, it was great.
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How do you cope with mixing in unfamiliar rooms?
I’ve got a pair of monitors I’ll bring with me, Dynaudio BM6 active ones, which are 
transportable. Things transfer pretty well. And whatever else is there, I like to hear 
things on three or four monitors, and some good headphones as well, just to make 
sure it works on everything.

The only time you really know is in your front room though…
That’s it, then you go, Oh my God! Objectivity is such a hard thing, it’s really 
difficult. If you can mix over a day and a half, it’s really worth it. Even if you do 
that, it’s only about eight hours’ work, you’ve got to mix, have a break, mix, have 
a break.

If you’re working in expensive studios, do you feel guilty having a break?
You’ve got to make a decision and have a break, because if you don’t have a break 
the money isn’t going to be spent as well as it could have been. You’ve got to be 
brave sometimes, and hopefully the end result is one that justifies you having an 
hour off in the afternoon.

Do you generally use a mix bus compressor?
Yeah, I’ll use an SSL quite often, I’ll get into the mix first. And another thing that I’ll 
do — and this is the advantage of having a setup at home –- is that I will ride the 
whole vocal manually before I go in and mix it. And it’s a tedious job, but it gives 
you a sound that is unattainable by anything else.

The M-48 offers performers flexible control over exactly what they want to listen to, providing 
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Rather than compressing a lot…
I’ll ride it all, because it’s a compressor that’s invisible. You can get instantaneous 
level changes with no ramp that’s going to encroach…

You get quite intricate?
Very. I’ll de-ess it all manually as well. Pro Tools automation for that kind of stuff is 
phenomenal, I love it. Of all the amazing things you can do in the box, that is my 
favourite, I can make a vocal like that without using a compressor, that’s fantastic.

Do you then use a compressor?
I will afterwards, but not as heavily as I’d have to. I don’t think a compressor 
works well having to do a little bit of work, and then lots of work, I don’t think it 
can do piles of jobs at once. If it’s doing a little bit of work all the time, it’s good. 
Or if it’s doing loads all the time it’s good, but if you’re asking it to do both, you’ll 
end up with a bit of trouble. I’ve shown people vocals I’ve done which have been 
automated, and they go, ‘It must take ages,’ and yeah, it does. But it means you 
can put a vocal up and it’s ridden to a good monitor mix of the backing track. So 
any vocal rides are going to be, up a bit in the chorus, then a bit down.

Have you ever done that, and then the vocalist says, I’ll just sing that 
again?
Yeah, I’ve done things where I’ve edited stuff, and they’ve gone, Actually, I’ll do 
that again. Quite often I’ve said I think we should do it again, even if I’ve done all 
the work on it. I don’t think you can be precious about work. If you can make it 
better by doing another half hour of guitar, then fire an amp up, put a mic on it and 
do [it]. Tedious work is what makes a mix amazing, rather than very, very good.

What’s your approach when placing things in the stereo field?
I’ll quite often mix things quite narrow, just because it’s fat. Mono sounds huge, 
stereo’s a bit weaker, surround is weaker still, so if I want things fat I won’t have 
them wide. But I do like to double mic things, two mics on the guitar, percussion 
in stereo, because it gives it a depth. An echo is not as expansive as two mics you 
can move around to create depth.

So you’ll pan the ambient guitar mic differently from the main mic?
Yeah, absolutely, then the guitar becomes wide, but in quite a subtle way, because 
the ambience isn’t in your face. I like depth, which is the reason that when I get 
the chance I’ll use Radar as a recording medium, as opposed to Pro Tools. It’s one 
of the few things which has got depth, as opposed to left-to-right in the image, and 
I love that. They sound huge and fat in an artistic way. If you want a convertor 
that’s pristine, use a Prism or whatever; Radar’s have a sound which is very artistic.

What was the process with Annie Lennox’s Shining Light?
A friend of mine who is a bass player, Jerry Meehan, has a studio called Wendyhouse 
in Shepherds Bush. There was a MIDI backing track which had lead vocals on it, the 
band used that to learn the song, all set up live, a traditional old school recording. 
Kit and bass in one room, an upright piano in the lounge, and acoustic guitar in the 
booth. Chose a take, overdubbed Hammond and a guitar solo. It was really easy, she 
knew exactly how she wanted things. She actually recorded a couple of adlibs at the 
end. It was easy and happened quickly. Bring it on, more of the same! n
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As a 13-year-old heavy metal fan, Eringa chanced upon producer Jeff 
Glixman [Black Sabbath, Kansas, Yngwie Malmsteen, etc.] on an 
aeroplane. After bending Glixman’s ear for the entire flight, Dave’s 
mind was made up, and from that time onwards his heart was set on 

becoming a record producer. His first job was at Robin Millar’s Powerplant studios, 
and it was there he met and assisted the Manic Street Preachers, who roped him 
in to play a simple keyboard part. Eringa moved on to Konk, on the first day with 
The Kinks he accidentally shut Ray Davies’ hand in the door, so he was moved to 

Studio 2 mainly engineering dance music remixes. But the Manics later invited him 
on tour to play keyboards, which Eringa enjoyed, but the experience confirmed his 
desire to be in the studio. He landed the job of producing their second album (‘It 
seems ridiculous in retrospect, but I was just too stupid to be daunted by it!’) and 
went to Hook End Manor to record it (‘the record company charmingly said they 
were saving so much money on me, we could afford a posh studio!’) He has to 
date worked with the Manics on an astonishing eight albums, the latest of which, 
Journal For Plague Lovers, includes several songs tracked by Eringa; he also mixed 
12 of the 13 tracks.

Dave is also known for his long relationship with Idlewild — he has worked on 
five albums with them and divulged that three bands he produced last year formed 
after hearing Idlewild’s classic first album 100 Broken Windows. Other notable artists 
on the CV include Ash, Tom Jones, Toploader, Gyroscope, South and Kylie Minogue. 
Much of Eringa’s work has been recorded at Rockfield (including the two Manics’ 
number ones and the recent Manics material) and he says of the place ‘I think of it 
as home, Kingsley deserves an MBE!’ However, Resolution travelled many miles to 
another favourite Welsh studio of Dave’s, Bryn Derwen, where he was working with 
Stars and Sons from Brighton. (photos www.recordproduction.com)

Dave Eringa
A producer from the ‘second school’ of production, Dave Eringa 

tells GEORGE SHILLING that the musicians are more important 

than the technology.
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How would you define your production style?
I believe there are two schools of record production — there’s the old school guys 
who have a sound all of their own and tell the band how it’s going to be, and then 
there’s the fifth member school; the guy who tries to think like the band, knows 
all their reference points as well as they do, and tries to make the sound that the 
band have in their heads come out onto record. I come from the second school — I 
don’t want to dictate how it should be, I want to capture what’s special about the 
band. I’m still old fashioned enough to believe there’s a bit of magic when a great 
band play all together and I want to get that feeling onto record by whatever means 
necessary. If I can capture that live energy of human interaction as the core of the 
song, I believe I can put whatever I want on top and that energy will still always 
come through; you can put the London Symphony Orchestra on and it will still 
sound that way, if you’ve got that as a basis.

I was totally drawn in by Beat Detective when it first appeared, but I quickly 
realised that music doesn’t want to be perfect — in fact it sounds weird if it is. I think 
if you chop everything up into ribbons you lose sight of the fact that music is about 
human interaction and conveying a feeling or an emotion — I’m sure Keith Moon 
speeds up on all of his drum fills on early Who records and doesn’t quite land on 
the one, but no-one thinks its wrong when they hear 
those records, they just connect with the huge energy 
pouring out of the speakers! I also think that Beat 
Detective style rock production is a uniquely joyless 
process, and sometimes that joylessness makes it 
onto the record!

I think 90% of the job of the producer is psychological 
— put the band or performer in the right frame of 
mind to give their best and don’t stand in the way 
of the performance. I take loads of fairy lights with 
me everywhere I go and make the studio look like a 
grotto. Sometimes good lighting and a great sounding 
headphone mix can have a more profound impact on 
the vocal sound than a £5000 microphone because if 
the singer is relaxed and feels that you’re really trying 
to help them be the best they can be they’re going to 
perform better and sound better as a result!

How do you pitch to a band in the first 
instance?
If you’ve got the demos, a lot of producers feel they 
have to criticise in some way, but just telling a band 
that you think their songs are brilliant and that you 
like the band — that goes a long way. I did Gyroscope, 
[Breed Obsession, Australian number 1 album] a 
brilliant band, and they’d done their previous album 
in LA, I just told them they were really brilliant and 
got the gig — sometimes that enthusiasm just comes 
across. I talk about capturing the moment and playing 
live together. And I love the idea of an album being 
a snapshot in time, a photograph of the band at that 
particular moment in time, which is why I love coming 
to places like this, where you can create your own vibe 
around a session, with all its little in-jokes.

How did you record the terrific-sounding 
acoustic guitar on the Manics’ acoustic 
version of Umbrella?
I’ve got two methods; one way is a crossed pair of 
old Gefell MV691 mics, or a Chinese valve mic, an 
Apex 460 — 180 quid! Thinking about it, it was 
the Apex. We did it in the Manics studio in Cardiff. 
It’s a wonderful sounding room with an old Trident 
TSM — what’s not to like? The acoustic would have 
used the desk preamps and probably had a tickle of 
1176 or Tube Tech LCA2B and that would have been 
it. To be honest it’s very hard to record James and it 
not turn out sounding amazing; he’s a ridiculously 
talented bloke and his sound is all in his fingers. I 
guess that’s the thing about engineering — when you 
start out you think that if you’ve got the right tools 
you can make anyone sound as good as Hendrix, but 
as you go on you realise that the right tools aren’t 
mics or preamps, they are the musicians themselves. 
Realising that and not standing in the way of the 
performance is sometimes the best engineering.  

Do you use the Apex for vocals too?
The Apex is a really brilliant microphone, on the last Manics album we recorded all 
the vocals with it and had it mixed by Chris Lord-Alge [p38] in LA, and he was 
like, I love the vocal sound, is that an Elam 251? James is very particular about 
his vocal sound, very aware that that is the front of the record. He’s very particular 
about vocal levels, I’ve had the lecture, he has a vision of how he wants the record 
to sound.

Tell us about Widgy Studios…
It’s been a bit on hold recently, because all these studios have sprung up that can 
fit the budget point. But when £500 a day seemed like a lot, I had this idea to 
record in spaces that weren’t studios. I got an MCI 12-channel broadcast console, 
it sounds absolutely brilliant. Some old Siemens and Telefunken mic preamps, 
some mics like the Apex and Gefells, not ridiculously expensive, but good. The first 
one I did was Ocean Colour Scene in a barn in Scotland. I was putting up acoustic 
foam, not having a clue what I was doing. I’d always mix in a proper studio. We 
found this manor house near Carmarthen called Blaenpant Mansion, and it was 
like faded Georgian glory, and it had phenomenal rooms. The living room was 
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wooden floor, wooden panelled walls, high ceiling, just a perfect drum room. Then 
there was a three-storey hallway, pure Led Zeppelin with the stairs going round 
and round, you could have a mic on each landing. There was a pure stone cellar. 
We set up the control room in the dining room, and that was a challenge to treat, 
duvets everywhere. I did three or four albums there. Then I recorded Idlewild in 
their rehearsal room, a 50s or 60s church in the shipbuilding district of Fyfe. The 
roof was shaped like the inside of a boat.

How do you record guitar amps?
I got a bit bored of doing one album and a band would have a brilliant amp, then 
the next band would have crappy amps. I was working with Sean Genockey 
[Resolution V8.3 p42] who is a bit of a guitar nerd, I found a Selmer Treble ‘n’ Bass 
for a hundred quid and phoned Sean, and he said, Ooh, fruity! So that started my 
collection of all these old amps. We got into this subculture of amps, and I bought 
a proper Super Lead Marshall, a Hiwatt, and a Diezel, which is a total workhorse.

CRAFT
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How do you mic these?
On a 4 x 12 it would be three mics, my favourite dynamic is an 
SM7, it’s the 5-iron of mics. Sometimes you need the sound of the 
centre of the cone, for that I use the dynamic, sometimes you want 
the warmth of the edge, so it would be a ribbon like a Royer for that, 
and sometimes you want the bigger picture of the mic, back off the 
cab, using an LDC like a 414. I always used to stick white noise 
through the speaker and position them so that they were in phase. 
But then I realised that all the mics were on the centre of the cone, 
and all a similar distance. You could still use the tone of the different 
mics, but I started wanting the different tones. So I’ve started putting 
pulses through the amps and getting the distances between the 
microphones in sample-accurate terms, then I record them through 
auxiliaries in Pro Tools with Time Adjuster to bring the mics into time 
with each other so that you can blend the tones. In this way I tend 
to be able to use the blend of the mics to create the sound and use 
less EQ. You do have to be extremely careful when lining up the mics 
though, if they are even one sample out it can have a really profound 
effect on the top end!

And you record onto one track?
Yeah, each amp. Most of my guitar sounds are three amps at a time, 
so it would be ostentatious to devote nine tracks to each guitar sound!

How do you split the guitar?
Little Labs PCP, which is the best thing to hit a studio in history. It 
completely changed my whole working method. With re-amping I 
can track the band live, use all the mics in the studio on the drums, 
take high quality DIs of the bass and the two guitars, get them great 
guide sounds, and then re-amp everything afterwards, and use ten 
amps on every guitar if I want — which I sometimes do! PCP stands 
for professional to cheesy pedal, Little Labs are amazing!

Do you use summing amps?
If I have to one day, then I will, but there’s no pleasure in that. When 
I fantasised about being a producer when I was 13, I had a big desk 
in front of me. And if I want to turn up the bass drum, I just want 
to do that, I don’t want to think about pressing this or that. There is 
still an art and a feel to it, there should be a flow, and a desk does 
that in a way that a summing amp doesn’t.

We did the last Manics album on tape and it’s heartbreaking, you 
feel like a proper engineer again, rather than a bloody IT expert. That was good, 
and the sound was so nice. I was monitoring it through Pro Tools, and getting the 
right levels for tape, Pro Tools was in the red on the snare, and you’d play it back 
off tape and it would hit minus eight! If you put 8dB of limiting on a snare on your 
1176 — Wahah! In mixing I’m a big fan of parallel compression for drums and also 
love to use controlled distortion — I have a collection of old knackered PAs from 
the 60s and 70s like the Binson and the WEM and love to crunch drums through 
them and add that into the sound. I love the way distortion brings out all the tone 

in the tail of the snare and gives you so much sizzle.
I have an ongoing love affair with compressors in general — you don’t have to 

squash the life out of everything, I love the way you can subtly affect the tone of 
something just by running it through different compressors without the meter even 
moving. I have three racks of compressors and not one EQ. I also love the sound of 
old broadcast limiters — I read an interview with Dave Fridmann where he talked 
about them and since he’s one of the few producers who can regularly make my 
jaw hit the floor, I got a couple of those. n
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1924: PARIS — Radio 
reports were transmitted 
for the first time from 
the Paris Games and 
exclusive film rights were 
awarded to a French 

company. This led to an American threat to withdraw 
from the games when the US team was told they 
could not make their own film of a rugby semi-final 
against Romania. (Only France, Romania and the US 
entered teams for the event, in which the Americans 
took the gold.) After negotiations, the Americans were 
allowed to film the match for educational and archive 
purposes. The event is notable for two contributions 
it made subsequently to the media. Three swimming 
gold medals were won by Johnny Weissmuller, who 
went on to star in Hollywood movies as Tarzan. The 
story of the British athletes who competed and won 
gold in the 100m and 400m races was told in the 1981 
Oscar-winning film Chariots of Fire. These games were 
the first where the athletes were accommodated in an 
Olympic Village — a group of wood cabins.

1936: BERLIN — The 1936 
Olympics are best remembered 
for Adolf Hitler’s failed attempt 
to use them to prove his theories 
of Aryan racial superiority. As 

it turned out, the most popular hero of the Games 
was the African-American sprinter and long jumper 
Jesse Owens, who won four gold medals. On the 
media front, the 1936 Games were the first to 
be broadcast on television. Twenty-five television 
viewing rooms were set up in the Greater Berlin 
area, allowing the locals to follow the Games free 
of charge. Television broadcasts from the games 
were made by the Deutsche Reichspost (German 
Post Office) using two different television systems 
that were run in parallel 375-line all electronic 
(including a telecine chain) and 180-line electronic 
and intermediate film. Equipment included Telefunken 
iconoscope cameras from RCA and Fernseh electronic 
cameras incorporating Farnsworth technology.

1948: LoNdoN — After a 
12-year absence caused by the 
Second World War, the Olympics 
came back to London in 1948. 
Although there had been limited 
television coverage in Berlin, the 
first true television coverage came 
at Wembley in 1948. The BBC 

reportedly paid 1,000 guineas for the television 
rights. There were only a limited number of receivers 
within range of Wembley stadium, but this was the 
start. For radio, the Palace of Arts, built for the 1924 
British Empire Exhibition, was used as a broadcasting 
centre with eight radio studios. The parabolic reflector 
microphone was first used, with a range up to 300 
yards. In 1960, the Rome Games were broadcast 
live in 18 European countries. For US transmissions, 
videotapes were flown each day from Rome to New 
York, where the programming was produced. 

1964: TokYo — The 1964 Tokyo 
Games were the first to be held in 
Asia. The Japanese expressed their 
successful reconstruction after World 
War II by choosing as the final 
torchbearer Yoshinori Sakai, who 
was born in Hiroshima the day that 

city was destroyed by an atomic bomb. Television 
coverage was provided by Japan’s state broadcaster 
NHK. These were the first Games to be televised in 
colour. Satellite coverage was also provided globally 
for the first time, known as Mondovision and 
made possible by the American Syncom 3, the first 
geostationary satellite, launched by Hughes. One 
significant innovation was the use of a helicopter to 
relay signals from mobile cameras to a base unit. This 
technique was used to provide coverage of the entire 
marathon. The 1964 Olympic Games debuted the first 
use of computers to keep results.
 

1968: mExICo CITY — 
Television had now become 
the biggest source of the IOC‘s 
income from the Games, mainly 
due to the intense rivalry of the 
American TV networks. In 1960, 
CBS paid out US$394,000 for the 
privilege of showing the Games. 

NBC are paying in excess of $1.1 billion for United 
States exclusivity at the 2012 Games in London. An 
Ampex HS-100 video disc recorder with slow motion 
and stop-action facilities was used for the first time 
by ABC during the Games where Vera Caslavska won 
four gold and two silver medals. Her victories were 
dramatic, defeating Soviet gymnasts shortly after 
Soviet tanks invaded her homeland.
 

1996:  ATLANTA 
— Boxing legend 
Muhammad Ali, 
who had begun 

his amazing career with a gold medal at the Rome 
Games of 1960, returned to the Olympic arena to light 
the flame at the opening ceremony. Perhaps the most 
groundbreaking development for the Atlanta Games, 
which marked the 100th anniversary of the Olympics’ 
modern inception, was the advent of the Internet. For 
the first time, the Olympics would have a dedicated 
web page, complete with ‘a treasure trove of news, 
photos and near-instantaneous results of sporting 
events’. Before the games, the website would be used 
primarily for ticket sales. IBM, which produced the 
official website, used a touchscreen-based, no-mouse, 
no-keyboard system, altered to look like an onscreen 
notebook, to put up-to-the-minute stats in the hands 
of television announcers and web engineers. Robotic 
television cameras were installed alongside track and 
field events, to keep pace with the athlete’s run-up 
and jump. Overhead cameras suspended on wires 
(sky-cams) were used at indoor locations to replace 
crane cameras. Atlanta was also the first summer 
games for which Resolution columnist Dennis Baxter 
was sound designer.

2000: SYdNEY — 
Every event was 
recorded on video, 
resulting in more 
than 3,000 hours of 

television, of which 1,700 hours were broadcast 
live by the host broadcaster, Seven Network, which 
also produced two subscription channels. Finland 
used the games as a target for starting digital 
terrestrial television broadcasts. In the UK, the BBC 
duplicated all its coverage free to internet users 
(provided they had sufficient bandwidth). NBC also 
ran an NBCOlympics.com website that included some 
video clips. Japanese television carried 846 hours of 
coverage. In collaboration with Seven, Nokia arranged 
live digital coverage via Nokia Mediamaster terminals 
to 34 corporate hospitality centres.

2004: AThENS 
— In 2004 the 
Olympic Games 
returned to 
Greece, home of 

the ancient Olympics and the first modern Olympics. A 
record 201 National Olympic Committees participated. 
The overall tally for events on the programme was 
301 (one more than in Sydney 2000). Popularity in 
the Games soared to new highs as 3.9 billion people 
had access to the television coverage compared to 3.6 
billion for Sydney 2000. Asked what he learned from 
these games, Dennis Baxter says: ‘Patience! There are 
different standards and practices around the world -– 
it is my job to elevate the quality and standards.’ And 
on technology for the Games in general: ‘Everything 
in the food chain is critical, but basically it all begins 
at the source; the microphone. If it’s a bad sounding 
microphone a million dollar console won’t help much.’

2008: BEIjING — The 
Beijing Olympics saw a 
few world records broken 
outside of the Olympic 
arena, a notable one being 
the largest quantity of media 

servers ever used for a single live event; the opening 
ceremony. High End Systems (a new member of 
the Belgium-based Barco Group) fielded a total of 
110 Axon media servers for the opening ceremony, 
helping to create the largest ever HD projection: in 
this instance, one clip covered a screen encircling the 
stadium, measuring 592m long by 14m high. China’s 
state broadcaster paid $17.5m for the television rights 
but is reported to have earned as much as $400m 
from advertising. These were the first games covered 
entirely in high definition television. However, much of 
the emphasis was on delivery, rather than production. 
All events were streamed online by broadcasters 
within their respective territories. The International 
Olympic Committee (IOC) set up an online channel on 
YouTube, screening highlights for the benefit of the 77 
countries where rights had not been sold.

2012: LoNdoN 
— The ‘big build’ 
of the International 
Broadcast Centre 
(IBC) and Main 
Press Centre (MPC) 

for the 2012 Games is on track as plans have been 
approved by the Olympic Park Planning Committee. 
The IBC/MPC will support 20,000 broadcasters, 
photographers and journalists communicating the 
Games to an audience of approximately four billion 
people worldwide. n

Olympic broadcast milestones
The Olympic Games have long been used to introduce and showcase new technologies 
and production techniques. For the US networks in particular, televising the Olympics 
is also seen as a means of attracting and keeping audiences for other programming. As 
London gears up for the 2012 Games and construction of the International Broadcast 
Centre gets the green light, JIM EVANS selects some Olympic milestones.
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Ask any audio design engineer which is better – floating or fixed point 
— and you will probably get the same answer; neither. Each has its 
own advantages and disadvantages, making it not the choice of DSP 
technology but how that technology is programmed and implemented 

that determines overall performance. This article looks at some of the arguments 
and considers the point of it all.

DSP is used everywhere from military radar and image processing to wireless 

communications and consumer digital TV. Several decades ago, however, audio 
processing remained firmly in the analogue domain. In our analogue systems, 
DSP was often used for control. As off-the-shelf DSP became more powerful 
and affordable design teams started to process audio within the digital domain. 
In the early 1990s Analog Devices, along with other DSP chip manufacturers 
(Motorola and Texas Instruments), quickly spotted the potential of the digital audio 
market, consumer and professional. Analog Devices pioneered the SHARC floating 

point DSP, Motorola the 5600 fixed point 
processor; many digital audio systems use 
derivatives of these devices today. 

DSP can refer either to the digital signal 
processing of an entire system, or to an 
individual semiconductor device (chip). 
Within pro audio systems, the processing 
‘engine’ of a product can be designed from 
a series of linked DSP chips running in 
parallel. Unlike the microprocessor in your 
laptop, which runs large blocks of software 
and works slowly, a DSP chip is dedicated 
to a single group of tasks. This makes 
it ideal for real-time applications where 
processing speeds need to be fast. The DSP 
is essentially a processor that does really 
fast maths. It performs operations like add 
and multiply, and it is these calculations 
that provide features such as gain, pan, EQ, 
dynamics and effects.

DSP chips are divided into two major 
categories: fixed point and floating point. 
These terms describe the way in which 
numbers are represented and manipulated 
internally within the chip, and the 
differences between them are significant 
enough that they require very different 
internal implementation and programming. 
Unfortunately these differences stem from 
the maths.

Here comes the maths bit. The terms 
‘fixed point’ and ‘floating point’ describe 

Floating point vs fixed point
As an end-user, how much you do you really know about what happens inside a digital system? Once your audio has been converted 

into digits, how is it processed, controlled, transmitted and stored? In a new series, SUE MCDONALD explores some of the different 

approaches used in today’s digital audio technology; why different techniques are used, how they work, the pros and cons, and what the 

future might hold. Our first topic looks at digital signal processing and floating point and fixed point.

Dsp within a simple digital audio system. in this simple system, a continuous analogue audio signal is converted into a 
series of discrete numbers where each number (a fixed point binary number) represents the signal value at a given point 
in time. this digital audio signal is passed onto the Dsp for manipulation; internally the Dsp may be using either fixed 
point or floating point numbers to perform its calculations. Regardless of the type of Dsp, the results are output in fixed 
point format for conversion back to analogue, or digital transmission. Notice how Dsp is also used for control — fader 
and rotary encoder positions require processing to interpolate their ‘stepped’ values and create smooth changes that 
feel and sound like an analogue console. the resultant control signal is applied to the audio Dsp.

A
nyone who has been working in a 

computer based recording environment 

knows that when you want to achieve a 

certain result, you need just ‘the’ special tool for 

that task. And when it comes to your everyday 

session work, you need reliable tools that suit 

your workflow and quality standards. 

How many plug-ins are you using in your 

session work today, including recording, editing, 

mixing, remixing and mastering? 

Most engineers would probably have a hard 

time answering this question straight up, even if 

there of course always are a couple of favourite 

plug-ins that always turn up in every project 

more or less, the so called ‘go-to’ tools. 

Initially we bought this ad-space with the 

intention to tell you how great our products 

are, but in the end there’s not only one set of 

plug-ins or one sound quality concept that will 

make it all the way for all working situations, 

it’s all about having the right variety of tools in 

your toolbox. 

Now if you actually feel that there’s a need for 

some more tools in your toolbox, go download 

our demos and try them too!

www.fluxhome.com 
www.twitter.com/FluxPlugins
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professional music and
audio production
How many audio plug-ins do
we need in professional audio
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two different methods of representing numbers. Digital audio uses binary numbers 
(1s and 0s) to represent values. However, for simplicity, we’re going to use decimal 
maths to demonstrate the two systems.

The maths we know from school uses a fixed point decimal number system 
(Figure 1a). Figures to the left of the decimal point represent units, tens, hundreds, 
and so on, while figures to the right of the decimal point represent tenths, 
hundredths, thousandths, etc. Because the decimal point always remains in the 
same position, this is called a fixed point number system. 

In a floating point number system, the decimal point ‘floats’ and can be placed 
anywhere within the number (Figure 1b). To represent an original value, two 
pieces of information must be stored; the number information (called the mantissa) 
and a scaling factor (called the exponent). Going back to school maths, you could 
compare this to having one number for the value, and another to define how many 
noughts are added to the end of it. Here are a few simple examples:

So, a 4-digit fixed point number (e.g. 1000) can be written in floating point using 
only two digits: the number information 1 plus a scaling factor of 3. This means that 
using only two digits, floating point can represent a much wider range of values.

Within DSP chips, fixed point processors represent and manipulate whole 
numbers only. Floating point processors primarily use floating point, although they 
can also support fixed point numbers and their calculations. It is important to realise 
that floating point is used internally within DSP. Other digital signals (from an A-D 
convertor, AES, MADI, etc.) are represented by fixed point numbers (see diagram).

To look any closer at the maths behind fixed point and floating point processing is 
beyond the scope of this article, however, our simple maths demonstrates one of the 
fundamental differences between fixed and floating point DSP chips: dynamic range. 

In fixed point, the number of binary digits (bits) used to represent signals 
dictates the dynamic range of the system; 144dB for 24-bits. While this is perfectly 
adequate for converting, transmitting and storing digital audio, once we start 
to make calculations, like multiplying a channel signal by an amount of gain 
or summing signals together on a mix bus, the results will be longer than the 
original numbers. If the DSP performing the calculations is limited to the original 
number length (e.g. 24-bits), then the results will either overflow (digital clipping), 
or underflow (lose low level information). If bits drop off the end of the number 
(truncation), then each time we perform a calculation, we could be losing low level 
detail. Imagine this across all the multipliers and adders that are needed in a mix: 
gain, EQ, panning, dynamics, etc. across multiple channels and it’s easy to see that 
using a fixed point DSP of limited resolution simply isn’t adequate.

By comparison, a typical floating point DSP chip uses 32-bit processing with 
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24-bits for the number information (mantissa), and 8-bits for the scaling factor 
(exponent). The 8-bit exponent provides a huge dynamic range — approximately 
1500dB. So, if same calculations are performed in floating point we no longer need 
to worry about overflow or truncation errors simply because the range is so huge. 

So, a floating point processor provides a better dynamic range than fixed point.
Of course, when we take the digital signal processing path as a whole the 

solution within a fixed point DSP system is to use more bits where needed. 
Techniques such as double precision maths can effectively double the number of 
bits, turning 24 into 48 (with a dynamic range of 288dB). In addition, potential 
bottlenecks, such as busing, can be given extra bits -– for example, using a 56-bit 
accumulator to provide more headroom and footroom where necessary.

Talk to designers working with fixed point DSP and they often talk about the 
greater precision of fixed point processing. To illustrate this argument you need to 
compare, say, a 32-bit fixed point number with 32-bit floating point. The 32-bit 
floating point processor uses 24-bits for the mantissa and 8-bits for the exponent. 
Because of this, there is less space for the number information than in the fixed 
point device. 

So, when stored in the same space, floating point processors achieve their greater 
dynamic range at the expense of slightly less precision.

In practice, a skilled floating point designer knows how to design around this. 
Most floating point DSPs today offer 32/40-bit floating processing, so where extra 
precision is required, for example, in a high-Q, low frequency filter, 40-bits may be 
implemented to meet the challenge.

Dynamic range and precision are just two examples of how floating point and 
fixed point processors differ. In practice, the DSP engine of a digital audio device 
will consist of multiple DSP chips and other co-processors. Therefore, it is not the 
choice of fixed versus floating point that determines overall performance but the 
skill of the programmer.

There are other factors that influence the choice of fixed versus floating point 
DSP, such as processing power.

If you were designing a digital audio product from scratch today, then the main 
criteria would be the amount of processing required for the application. Off-the-
shelf floating point DSP chips are generally faster and therefore can perform more 
operations than their fixed point counterparts. This means that in products like 
spectral analysers or digital mixing consoles, where lots of audio processing is 
required, you would need less floating point DSP to do the job (assuming you know 
how to design them of course). However, for a portable digital audio recorder, where 
processing power is not an issue, a fixed point chip might keep costs and power 

supply requirements to a minimum.
There are also historical factors to consider that pertain to cost and ease of use. 

Most manufacturers in our industry made decisions about their DSP along time 
ago. Having invested time and money in developing a processing engine around a 
particular DSP they are not about to start again from scratch. The result is that today 
we have equipment for similar applications designed using both fixed and floating 
point DSP. So, what were the reasons for these early choices?

In the early 1990s, when the first floating point DSP chips became available, off-
the-shelf DSP options consisted of 16-bit fixed or 32-bit floating point. The former 
were cheap and proven; the latter cutting-edge and expensive. As a result fixed 
point chips favoured high-volume applications where manufacturing costs had 
to be kept low; while faster, more powerful floating point chips were adopted for 
low-volume applications. An advantage of the early floating point devices was that 
they could be programmed using high level computer languages. Compared to fixed 
point chips, which had to be programmed in low level assembly code, development 
time could be cut significantly. This was a major influence where time and cost of 
software development were of greater concern than the cost of the final product.

Today, differences in cost and ease of use are virtually irrelevant. More and 
more floating point devices are used and sold into consumer digital audio products; 
the result being that their cost has fallen significantly. Similarly, developments in 
software and modelling tools now make fixed point DSPs much easier to program. 
Overall, fixed point DSPs are still cheaper and floating point easier to use, but the 
differential is almost negligible. 

As off-the-shelf floating point DSP chips become more widely used in consumer 
products, then the cost of these chips will come down further. However, the chances 
of fixed point DSPs becoming obsolete are highly unlikely. You only have to visit 
the Analog Devices website and view the latest Tiger SHARC floating point, and 
Blackfin fixed point DSPs to see that both have a future. 

Perhaps more relevant is the question of whether digital signal processing 
engines will continue to be implemented using DSP chips at all? Are there other 
technologies that could provide an alternative? I’ll be back in the next issue to 
discuss this hot topic.

Hopefully, I’ve given you a small understanding of what fixed and floating point 
DSPs are, what they are good at and how systems can be designed around them. 
Remember that DSP is only one building block within the digital audio system. At 
the end of day, resolution and dynamic range can never exceed what comes out of 
the A-D convertor. A poor convertor design feeding into the best DSP processing is 
never going to win a prize. n
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One thing that can be said 
for Lord Carter’s UK report, 
published on 16 June, is that the 
question of milking the BBC’s 

TV Licence funding is now in the open. 
In Digital Britain, broadcasting’s difficult 
issues have a simple solution: the BBC. 
How to bridge Channel 4’s funding gap? 
Let’s see what the Beeb’s commercial side 
can do. Need to establish an abundance 
of regional news provision? Dip into 
BBC cash. Want to make sure there’s 
plenty of children’s programming? The 
BBC can provide. The surplus from the 
BBC’s Digital Switchover Help Scheme 
may have been earmarked for universal 
broadband access and three regional 
news pilots — but no one even knows 
the size of that surplus. There are several 
‘contestability’ fans lurking in the corridors of Westminster and Ofcom 
— including Stephen Carter and Ofcom CEO Ed Richards — who 
believe the BBC’s monopoly on licence fee pounds must be terminated.

The BBC is the world’s largest broadcaster. As in many other 
European countries, it is mainly funded by an annual TV licence fee, 
UK households currently pay £142.50. The BBC World Service is 
primarily funded by the Foreign and Commonwealth Office (around 
£260m). In 2008, licence fees brought in a total of £3,369m, with 
commercial businesses of the Beeb contributing an extra £720m. TV 
channels soak up 78.8% of the licence fee, with BBC One commanding 
41%. Radio gets 17.3% and online 5.24%. On a typical British TV 
viewing evening, the two BBC TV channels have a 30% audience 
share, compared to around 19% for ITV, 8% for Channel 4, versus 37% 
for multichannel.

The ‘contained contestable element’ (CCE) has emerged as one of 
the most noteworthy and divisive proposals in Digital Britain, mainly 
because it presages an end to the direct link between licence cash 
and the Corporation. Some commentators are concerned this spells 
an end to the BBC’s independence. Carter’s management style has 
been lauded for tackling current problems by setting deadlines and, 
having dropped Channel 4 as a worthy recipient of public money, the 
government is now promoting the idea of top-slicing for local news as 
an easy solution to an obvious problem. The function of CCE would 
be to immediately address difficulties the Channel 3 licensees have 
in funding the provision of news and current affairs. To preserve 
plurality in local and regional news provision, Digital Britain proposes 
to ring-fence 3.5% of licence fee income to partially fund regional news 

programmes on Channel 3/ITV. As Carter made clear when asked by journalists, 
the principle of top-slicing could be applied more widely and the contestable fund 
could expand to cover other purposes. It’s a convenient way to get money without 
additional taxation. How much will new arrangements for local news actually cost? 
We don’t know. Ofcom has estimated between £40m and £100m, but the basis of 
the calculations were not published.

Digital Britain maintains that piloting 
the idea will answer questions. But 
top-slicing is scheduled for legislation 
this autumn ... before the pilots even 
start. When interviewed on The Media 
Show on Radio 4, BBC director general 
Mark Thompson said there were ‘no 
circumstances’ that justified top-slicing 
the BBC’s income. ‘When Ofcom was 
interested in a public service publisher, 
it was going to take about £100m and 
the licence fee looked like a good source 

for that. Then it was Channel 4 that was going 
to need perhaps £100m and the licence fee was 
a good source for it. Now, we are told regional 
news might need £100m,’ he said. ‘There is 
a suspicion,’ he claimed, ‘that for some years 

now there has been a small 
group of people who have been 
ideologically focused more on 
the principle of getting a wedge 
into the licence fee and trying 
to prove a point about the 
principle of top-slicing, rather 
than having a particular urgent 
need.’

Sir Michael Lyons, Chairman 
of the BBC Trust (responsible 
for assessing the performance 
of the BBC executive and 
setting the strategic direction 
for the corporation) has also 
been vocal in his opposition 
to top-slicing. ‘This is not a 
matter of the BBC defending 
its own narrow interests. It’s 
about fulfilling the Trust’s 
duty to be guardians of the 
public interest in the BBC. 
In my book, “guardianship 
of the public interest in the 
BBC”, includes seeing off 
opportunistic attempts to spend 
the licence fee on things that 
have nothing to do with the 
BBC’s public purposes,’ he 
said. ‘Let’s not forget whose 
money we are talking about 
here. Not the Government’s, 

Quaecunque ... *
The Digital Britain report (Resolution V8.2) was less than dynamic, 

but may have started an endgame for the BBC’s right to licence  

fee cash. NIGEL JOPSON
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not political parties’, not 
other regulators’ and 
ultimately not the BBC’s. 
It’s the public’s money. 
It’s licence fee-payers’ 
money.’ The BBC Trust’s 
agreement to discuss using 
any digital switchover 
surplus to fund universal 
broadband roll-out was a 
valid use of licence fees 
because ensuring universal 
access is already one of the 
Trust’s responsibilities. Sir 
Michael is also on record 
as saying any additional 
surplus should be returned 
to TV licence holders. ‘The 
sheer longevity of the BBC 
brings with it all the dangers of familiarity. Not many people alive in Britain today 
can remember a time when the BBC didn’t exist. It’s fatally easy to take its existence 
for granted,’ he warned. ‘To think: oh, take a little chip off here, a little slice off 
there, it doesn’t really matter, the BBC will just carry on as it’s always done ... the 
danger is that a succession of apparently small measures will step-by-step damage 
the BBC’s ability to deliver its mission and risk its independence.’

Robust words, but a succession of recent events have placed the BBC squarely in 
the firing line. Culture Minister (and former BBC Berlin correspondent) Ben Bradshaw 
accused Mark Thompson and Sir Michael of retreating to their ‘bunker’ in opposing 
top-slicing. ‘Plenty of people within the BBC do not feel it is a well-led organisation 

and that is almost for me the most worrying thing,’ he said in an interview with 
the FT. Labour MPs Frank Field and David Rees recently penned a report entitled 
Auntie’s Dying: Long Live Public Service Broadcasting. They recommend selling 
BBC TV channels 1 plus 3 together with Radios 1 and 2. The licence fee would be 
put in the hands of a new independent commissioning body. Broadcasters including 

the smaller BBC would 
then pitch ideas for public 
service programmes to the 
body, which would award 
funding accordingly. 
‘The BBC would then 
return to a more focussed 
and enhanced Reithian 
conception,’ they claim.

When the Conservative 
political opposition set out 
its PSB vision in March, its 
new policy document also 
proposed replacing the BBC 
Trust with a Public Service 

Broadcasting Commission. This new body would have responsibility for regulating 
PSB issues and for distributing the TV licence fee. While the BBC would receive a 
large share, other broadcasters would be able to bid to fund daytime children’s TV and 
current affairs. Confusingly, the shadow culture minister Jeremy Hunt more recently 
said: ‘I don’t have a problem with part of the licence fee being used to fund Britain’s 
digital infrastructure, but I am not sure that giving it to other broadcasters creates the 
right diversity and plurality of broadcasting.’ The Conservatives will ‘put more flesh 
on the bones’ of their manifesto for media at the Conservative Party Conference in 
the autumn. Hunt has sweeping ambitions: if the 1980’s UK government deregulated 
the telecoms sector and the 1990’s government opened up cable and satellite, Hunt 
hopes to make ‘the equivalent decisions that will mean every significant player in the 
digital economy has to make Britain one of its main bases’.

Practically everyone who still works on a newspaper wants to get at the BBC, 
and no other institution has taken quite so much flak over the last 12 months. For a 
top media organisation, the BBC was slow to respond to the Russell Brand-Jonathan 
Ross scandal. A catalogue of errors allowed the broadcast on Radio 2 of a series 
of obscene messages that Brand and the BBC’s £6m-a-year iconic star Ross had 

Putting Sound in the Picture

calrec.com

There are no second chances in live broadcast. That’s why Calrec desks have been delivering the 
world’s most memorable entertainment events – from Hollywood award ceremonies to the world’s
biggest music festivals – since 1970.

Whatever the show, you can rely on us to produce an outstanding performance. All our consoles give you the 
flexibility to set up and handle multiple sources instinctively, access pre-sets, network your i/o and control the whole 
mix without missing a beat. And our Hydra network system enhances creativity for operators and studio managers.

With automatic redundancy and incredibly intuitive control surfaces – Calrec has everything you need to get on the 
air fast, and stay on the air.

Many broadcasters won’t entertain the idea of a live broadcast on any other console. Find out why at calrec.com

WHEN THE CURTAIN GOES UP 
TRUST CALREC AUDIO TO PERFORM

Calrec Resolution Ads  28/8/08  12:29  Page 3



56 resolution  September 2009

BUSINESS

left on the actor Andrew 
Sachs’s answerphone. 
The BBC received 
38,000 complaints. 
‘An arrogant institution 
with questionable 
taste,’ said the Daily 
Telegraph newspaper, 
‘Fury after obscene call 
to TV Manuel,’ The 
Sun fumed. This came 
on top of revelations 
concerning rigged 
phone-in competitions, 
and was followed by a 
row about homophobic 
comments from top 
Radio 1 DJ Chris Moyles. 
There swiftly segued a 
brouhaha over the 
BBC’s refusal to air a 
TV charity 
a p p e a l 
for Gaza 
v i c t i m s 
from the 
D i s a s t e r s 
Emergency 
Committee, 
a reticence 
which may 
p o s s i b l y 
have been 
p r omp t ed 
by January 
2008 complaints (upheld) 
of anti-Israeli bias by 
veteran BBC Middle East 
correspondent Jeremy 
Bowen.

In June music got the 
Corporation into hot water 
as it was revealed that 
‘covering’ Glastonbury 
involved sending seven 
TV presenters, 139 TV 
technical staff, 20 radio 
presenters, 16 editorial 
staff from Radio 1, five 
from Radio 5 Live and 
17 from 6 Music, 30 radio technical staff, four staff 
from the BBC Introducing stage and 18 from BBC 
Interactive ... in addition to 130 short-term technical 
contractors being employed. This junket, which 
cost a rumoured £1.5m, came on top of disclosure 
of salaries for 50 top BBC managers — revealing 
27 were paid more than Prime Minister Gordon 
Brown (£195,000) — and was followed by figures 
revealing the BBC executive had claimed more than 
£350,000 in expenses over the last five years.

A handicap for the BBC is that there’s no media 
organisation that sticks up for it. It can’t stick up 
for itself due to its remit of impartiality, and the 
rest of the media is in competition with it. The 
BBC can usually rely on civil servants to protect 
it, but Carter’s personal support for top-slicing 
the licence has changed the equation. Practically 
all commentary proposes a down-sized BBC. Neil 
Midgley, group TV and radio editor for The Daily 
Telegraph, proposes re-tuning the BBC by selling 
BBC Two. ‘The BBC is too big, and its commercial 
competitors too small,’ he maintains. ‘Two years 
ago, the BBC’s licence fee income was roughly 
the same as the UK’s total television advertising 

Golden Age Music 1660
PURE TUBE GAIN CONTROL AMPLIFIER 

 
 

The 1660 is the first product in the Golden Age high-end 
line. It is a fantastic sounding, all tube compressor contain-
ing 16 tubes and 8 Lundahl transformers. The 1660 has that 
very special and rare ability to add magic to any audio signal 
and to enhance and glue together signals. It is equally well 

suited for recording, mixing and mastering.

Golden Age Project PRE-73

 
“Given the very affordable price of the Pre 73, its performance 

is astonishingly good, as is its build quality.”  
“ ... the aim of presenting a warm, vintage sound that´s musi-

cally attractive has been met extremely well indeed.” 
Sound on Sound March 2009

Vintagedesign
                ProPack - Old School Channelstrip 

A great sounding and versatile vintage style channelstrip.

Berlin 47 AU Cremona 251 AUHAMBURG II AU

PRESENTS:

TK ProAudio DP1 - Dual preamp 

The DP1 is the second product from TK ProAudio with a col-
oring Germanium gain stage, two switchable output stages, 

transformer or transformerless, and a great sound!

TK ProAudio BC1 - Stereo Buss Compressor 

The BC1 has evolved from the most famous buss compres-
sors from the mid 80´s. It has a very versatile blend control 

and sounds terrific! It is already a huge success.  

“Absolutely fantastic!!!! Really punchy!!” Jonas Quant

Welcome to:

www.goldenagemusic.se

From the Custom Shop Series



57September 2009 resolution

BUSINESS

market. This year, there will be a billion-
pound gap between those two figures in 
the BBC’s favour.’

I suggest that people who buy this sort 
of argument are stuck in analogue-land 
with a parochial outlook. ITV (which 
is 17.9% owned by BSkyB) posted a 
whopping pre-tax loss of £2.73bn last 
year, and is on the ropes. The free-
to-air advertising-funded commercial 
TV model is totally broken, not only 
by ITV cocking-up its early chance 
to dominate the digital space, and by 
the global financial crisis, but also by 
Ofcom’s outdated hobble of Contract 
Renewal Rights (CRR), conceived to 
‘protect’ advertisers in the heady days 
of the Carlton-Granada merger. If there 
were any doubt that ITV is no longer a benchmark, it 
should have been dispelled with the February leak of 
ITV plans for a desperate ITV-C4-Five merger, or the 
more recent revelation of talks with Sky about moving 
all ITV digital channels to subscription. Long-gone are 
the days when it was a commercial TV monopoly, 
so why does government still believe public service 
plurality can be invoiced to ITV shareholders? And 
why do commentators persist in comparing the BBC 
to this shadow from the past?

The BBC is not a ‘free-to-air’ broadcaster, it is a 
subscription service .... just like the other mighty 
UK subscription service, British Sky Broadcasting. 
Sky had operating costs of around £4.23bn in 
FY08, a little more than the BBC’s 2008 expenditure 
of £3.51bn. Furthermore, the 80% Disney-owned 
ESPN’s successful bid for 46 Premier League football 
games next season heralds the entrance of another 
global multichannel player into the UK. News 
Corporation, the majority Sky shareholder, has annual 
revenues of $33bn, and Disney, for whom ESPN 
represents roughly a 40% value-slice, has annual 
revenues of $38bn. Multichannel currently has a 
typical 46% share of the UK’s daytime viewing — 
these are the global corporations that are filling our 
kids’ minds with ideas and shaping ordinary people’s 
view of the world — these are the entities the BBC 
should be compared with.

When the BBC’s original 1922 charter was renewed, 
its six public services were defined as:  Sustaining 
citizenship and civil society; Promoting education 
and learning; Stimulating creativity and cultural 
excellence; Representing the UK, its nations, regions 
and communities; Bringing the UK to the world and 
the world to the UK; Delivering to the public the 
benefit of emerging communications technologies 
and services. The motto beneath the BBC crest reads: 
‘Nation Shall Speak Peace Unto Nation’, a sentiment 
I’ve not seen writ large in shareholder documents 
from the two global corporations mentioned above.

There is waste at the BBC. There is excessive pay. 
The last licence fee settlement, which was negotiated 
with an emphasis on efficiency, has presaged a 
painful job cull. There’s still the mismanaged pay for 
talent, and a Corporation which has failed to deal with 
the ‘too-many-managers’ syndrome. It is possible to 
imagine a smaller BBC that is truly uncommercial. 
It will make worthy, tedious, low cost programming 
for tiny audiences. It’s a BBC that rivals like BSkyB 
would love to see, because then they’d have won all 
the eyeballs. We need ring-fenced funding for quality 
broadcasting to ensure the BBC doesn’t go the way of 
ITV — down to the bottom. If the BBC wants to grow 
its services, it should do so by spending that money 
more efficiently. In an age when global players are 
bolting-on as much content as possible, I don’t think 

we should shrink the BBC. Any raiding of the jar will put the 
BBC on the defensive, and will mean punishing the people 
who make the programming we love. The BBC was a great 
20th Century social project, and it’s a surprise it worked as 
well as it did. But the real surprise is that we’ve still got it. 
Auntie is still a major-league player, and is doing a pretty 
good job of addressing the challenges of becoming a great 
21st Century project. n

* FooTNoTE: The BBC motto was changed during the 
period 1934-1948 to ‘Quaecunque’, meaning Whatsoever. 
This probably refers to St. Paul’s Epistle to the Philippians, 
Chap. 4, v.8: ‘Finally, brethren, whatsoever things are true, 
whatsoever things are honest, whatsoever things are just, 
whatsoever things are pure, whatsoever things are lovely, 
whatsoever things are of good report; if there be any virtue, 
and if there be any praise, think on these things.’

All-in-One 16:4:2 Digital Mixing and 16-Track Multitrack Recording

LR16
Live Recording Mixer

The new Fostex LR16 is a clever all-in-one solution integrating a flexible, 
feature-rich live digital mixer with a full-specification 16-track Multitrack 
Hard Disc Recorder and CAT-5 Digital Multicore.

A totally new concept, this easy-to-use audio tool can serve as a FOH or 
on-stage mixer and is ideal for schools, houses of worship, clubs, coffee 
houses, project studios, mobile recording and rental sound/recording, etc.
- In fact any application where flexibility of use is important.

Also Available: LM16 - Live Mixer Model - see online for more information

CAT-5
DIGITA

L 

MULTC
ORE

www.fostex.jp
Fostex Company, 3-2-35 Musashino, 

Akishima, Tokyo, Japan 196-0021
Email: info_sales@fostex.jp



58 resolution  September 2009

Opening AES50  
to the industry
Klark Teknik wants to make its SuperMAC and HyperMAC technology available to the 

wider audio industry. AL WALKER, Klark Teknik product manager, describes the initiatives 

introduced to encourage their adoption.

TEChNoLoGY

two midas XL8s at the 2008 Nobel peace prize ceremony in Oslo, networked using supermAC  
and HypermAC to a further three midas pro6 consoles.

I n the October 2008 issue of Resolution (V7.7), 
Simon Harrison, R&D director for Midas 
and Klark Teknik, described the history and 
technical aspects of AES50, an Ethernet-based 

audio network standard defined by the AES, and 
in particular the AES50-compliant implementation 
called SuperMAC and its companion Gigabit Ethernet 
HyperMAC interface. Both SuperMAC and HyperMAC 
were originally designed by Sony Pro-Audio Lab in 
Oxford and are now owned by Klark Teknik.  

The SuperMAC and HyperMAC interfaces have 
been road-proven on many high profile tours, 
including Metallica, AC/DC, Oasis, REM, The Verve, 
Depeche Mode, OMD, Arctic Monkeys, and the one-
off reformation of Led Zeppelin, along with many 
outdoor festivals such as Glastonbury, T in the Park, 
Francofolies and the New York Metropolitan Opera in 
Central Park. Installations include Westover Church in 
Greensboro, North Carolina; the cultural arts centres in 
Suzhou and Shenzhen in China; the Malai Theatre in 
Moscow; and the Shibuya-AX concert venue in Tokyo. 

Klark Teknik is making SuperMAC and HyperMAC 
available to the wider audio industry and this article 
introduces three initiatives to encourage their adoption. 

There’s now a dedicated Klark Teknik website to 
provide a central resource to support SuperMAC 
and HyperMAC and a third-party developer scheme 
provides off-the-shelf modules and design services to 
allow other manufacturers to integrate SuperMAC and 
HyperMAC interfaces into their products on a royalty-
free basis. An AES50 Trade Association has also been 
formed to encourage the adoption of AES50 on an 
open standards basis (see sidebar).

To recap, AES50 (including our SuperMAC 
implementation) and HyperMAC take a 
complementary approach to other IP-based audio 
transmission network systems, and instead employ a 
frame-based method using the IEEE 802.3 Ethernet 
Physical Layer. All methods of transmitting audio 
over Ethernet are subject to the physical and electrical 
constraints that the Ethernet standard imposes,  
and AES50 and HyperMAC make a different set 
of trade-offs compared with systems that use an 
IP-based approach.

IP-based Ethernet audio systems collect the audio 
samples to be transmitted into data packets and 
then recover and reassemble the packets back into 
continuous audio streams at the receiving end. These 
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systems have an advantage in that conventional 
IT hardware such as Ethernet routers and switches 
can be used to build networks and that the Ethernet 
ports on computers can be used as audio interfaces 
without additional hardware. However, a penalty is 
paid in the number of channels that can be carried 
due to the overhead of creating the packets with 
their associated header data, and the extra latencies 
incurred in buffering the received data packets and 
converting them back into continuous audio streams.   
Some IP-based audio systems allow a trade-off to be 
made between the number of channels and the delay 
incurred in reassembling the data packets, so that low 
latencies can be achieved but at the expense of only 
having a comparatively small number of channels. 
IP-based audio systems find particular application 
in building installations where Ethernet network 
infrastructure has often already been installed and 

transmission latency is not a key consideration, such 
as multi-zoned buildings where the dividing walls 
prevent sound being transmitted acoustically between 
rooms.

SuperMAC and HyperMAC were originally adopted 
for the Midas XL8 digital console development project 
in 2003 because instead of adopting an IP-based 
approach, the frame-based method using the Ethernet 
Physical Layer allows audio samples to be streamed 
continuously to achieve far more efficient use of the 
available bandwidth that Ethernet can offer, although 
at the expense of requiring dedicated router hardware 
(which can be designed to withstand the rigours of 
touring, unlike most IT equipment). SuperMAC and 
HyperMAC simultaneously achieve much lower and 
deterministic latencies and higher channel counts than 
can be achieved with IP-based systems. 

These are key considerations for the live concert 

TEChNoLoGY

An Aes50 trade Association is being established 
to encourage the adoption of Aes50 on an open 
standards basis. initial members include Klark teknik, 
midas, development partners Auvitran and Zp 
engineering, and Lynx studio technology in the Us. 

Lynx studio technology is an early adopter 
of Aes50 and in mid-2009 began offering the 
Aes16e-50 pCi express interface. this sound 
card offers 16 channels of 192kHz Aes-ebU i-O 
alongside 32 channels of Aes50 i-O. the Lynx 
Aes16e-50 allows pCs and macs to input and output 
Aes50 audio and convert it to Aes-ebU.  the very 
low and deterministic latency that Aes50 offers 
is advantageous in studio recording applications, 
particularly when overdubbing.

membership of the Aes50 trade Association is 
open to all interested parties, regardless of whether 
they use supermAC or other Aes50 implementations. 
members who are manufacturers will be invited to 
have their Aes50-compatible products featured on 
the Aes50 trade Association website.

the Aes50 trade Association will act as an open 
forum to represent its members’ interests and 
to provide a focus to propose amendments and 
updates to the Aes50 standard for consideration 
by the Aes standards Committee. 

the Aes50 trade Association does not include 
HypermAC as it is currently technology proprietary 
to Klark teknik, although our intention is to submit 
HypermAC for consideration by the Aes as an open 
standard.
www.aes50ta.org

Aes50 trade Association

AAA_142x194_Hochformatversion_01.indd   1 07.08.2009   09:27:07



60 resolution  September 2009

TEChNoLoGY

performance environment that is the core business for 
Midas and Klark Teknik. SuperMAC and HyperMAC 
require minimal set-up, so reliable and resilient systems 
can be built up quickly, which is essential in concert 
touring where Ethernet audio networks are rebuilt on 
a daily basis and need to be able to cope with being 
reconfigured to suit the requirements at each venue, 
frequently under considerable time pressure.

 While the AES50-2005 standard specifies base 
sampling frequencies of 44.1kHz and 48kHz and 
multiples thereof, Midas and Klark Teknik have 
internally standardised on 96kHz operation, where a 
single SuperMAC connection can carry 24 bidirectional 
channels and a single HyperMAC connection can 
carry 192 bidirectional channels. These channel 
counts double for 44.1kHz and 48kHz sampling 
frequency operation.

Per Annex D of the AES50-2005 standard, the 
latency per link of SuperMAC is fixed at six samples at 
twice the base sampling frequency, which for 96kHz 
is 6 x 10.42µs (one sample at 96kHz) or 62.50µs. 
Additionally, depending on the implementation of 
the interface to the SuperMAC core at both ends of 
the transmission link, a further delay of up to one 
base sampling frequency sample and one sampling 
frequency sample will be incurred converting to and 
from an internal data format such as I2S.

Likewise, HyperMAC has a fixed latency per link 
of four samples at twice the base sampling frequency, 
which for 96kHz is 4 x 10.42µs or 41.66µs. An 
additional delay, similar to that of SuperMAC, will be 
incurred interfacing to the HyperMAC core at the two 
ends of the transmission link.  

Note that the link latencies do not change at 
the base sampling frequency and are fixed at three 
samples and two samples respectively for SuperMAC 
and HyperMAC. So for SuperMAC, the latency is 3 
x 1Fs = 6 x 2Fs = 62.50µs, and for HyperMAC the 
latency is 2 x 1Fs = 4 x 2Fs = 41.66µs.

Keeping transmission latency to a minimum 
is critical with the increased adoption of in-ear 
monitoring, the delay, for example, that a vocalist 
experiences between singing a note and hearing it in 
their earpieces cannot be perceptibly greater than the 
time it takes for the sound to be physically transmitted 
from their mouth to their ears. Even for latencies 
below which a time delay cannot be consciously 
identified, the effect on artists can be very disturbing 
and their performance can be impaired. They will be 
aware that something is wrong even if they cannot 
identify the cause. The importance of having a 
completely deterministic transmission latency is that 

precise phase alignment between many different 
channels can be guaranteed, so that when a large 
number of microphones are being used on stage in 
close proximity to each other, such as on a drum kit 
where a certain amount of spill is inevitable, a clear 
and coherent stereo image is presented in the Front Of 
House mix that the audience hears.

The high channel counts that HyperMAC in 
particular supports allows expensive, heavy and high-
maintenance analogue copper multicore snakes to be 
replaced with conventional Ethernet copper cables 
and optical fibre connections.

SuperMAC and HyperMAC also have the in-built 
capability to relay control data, including TCP/IP and 
similar IP-based data packets, at data rates of 5Mbit/s 
and 200Mbit/s respectively. In both cases, part of the 
transmission system is specifically allocated to carry 
control data, but is transparent in operation at the 
external Ethernet interfaces. As a fixed capacity is 
allocated to the control data, there is no risk of the audio 
streams being swamped by control data messages. 
The control data packet contents are irrelevant to the 
operation of the SuperMAC and HyperMAC audio 
streams, so any format of control message received 
can be relayed.

Klark Teknik has created a dedicated website 
(www.supermac-hypermac.com) to provide a central 
resource for SuperMAC and HyperMAC. This is because 
SuperMAC can only be identified as being AES50-
compliant and a clear distinction has to be made 
between the operation of the AES50 Trade Association 
(see sidebar) and its promotion of AES50 on an open 
standards basis, and Klark Teknik’s promotion of its 
proprietary SuperMAC implementation. HyperMAC is 
currently out of scope of the AES50 Trade Association 
as it is not an open standard.

The website has technical documentation, FAQs 
and white papers to include: recommendations for 
design implementations of SuperMAC and HyperMAC 
in third party products; technical considerations and 
best practices when using SuperMAC and HyperMAC, 
e.g. network topologies, clock synchronisation, cable 
types and distances; SuperMAC and HyperMAC 
applications in networked audio systems; and  
Architects’ and Engineers’ specifications.

Klark Teknik is making SuperMAC and HyperMAC 
available to the audio industry through third-party 
developer companies, in the form of Software 
Development Kits (SDKs) for use with Xilinx Spartan-
3E and -3S series FPGAs. The first two developers are 
AuviTran SARL in France and ZP Engineering srl in 
Italy. Both have been selected for their experience in 
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producing third-party interfaces for a number of different audio protocols, and will 
be known to professional audio manufacturers.

AuviTran is a provider of EtherSound OEM cards to professional audio 
manufacturers. AuviTran acts also as a software provider and as a manufacturer of 
EtherSound products through a worldwide distribution network. It is also focusing 
now on implementing SuperMAC technology to provide OEM AES50 solutions.  
AuviTran expects AES50 to be part of its business over the coming years and will 
be providing dual-boot capability (AES50 and ES100 EtherSound) to its AVDM, 
AVD and CM-2 format OEM modules.

ZP Engineering’s design capabilities include DSP development, FPGA design, 
complete embedded systems and high-performance conversion stages. Its current 
focus is on fixed-point and floating-point audio processing, high-quality digital 
audio transmission over Cat5 and coax, connectivity to computers (USB, IEEE-
1394, Ethernet), embedded Linux development and A-D and D-A conversion. The 
company is involved with several working groups within the AES. 

The SuperMAC and HyperMAC core designs remain the intellectual property 
of Klark Teknik and will be supplied in the SDKs as encrypted ‘black boxes’ 
with supporting unencrypted interfacing logic designs as part of the SDKs. 
The SuperMAC SDK has already been released to 
developers and the HyperMAC SDK is expected to be 
released in Q4 2009.  

Audio manufacturers looking to adopt SuperMAC 
and HyperMAC should contact the developers, 
who can offer modules for easy integration as 
well as custom design solutions. In conjunction 
with signing a contract with the chosen developer, 
the manufacturer will also be required to sign a 
one-off sub-licence agreement with Klark Teknik 
parent company Telex Communications (UK) Ltd to 
incorporate SuperMAC and/or HyperMAC in their 
products, for which a £500 charge will be made as a 
contribution to administration costs. No further fees 
are payable to Klark Teknik including royalties on 
either a per-connection or per-channel basis. We have 
our own manufacturing business with Midas and 
Klark Teknik and to encourage the adoption of our 
SuperMAC and HyperMAC implementations we have 
decided not to operate a business model based on 
licensing intellectual property via royalty payments. 
Any contractual agreements between the developers 
and their clients remain confidential to both parties 
and are of no business interest to Klark Teknik.

We welcome the fact that our developers’ clients 
may be direct competition for Midas and Klark 
Teknik and we recognise that operational separation 
must exist between us and our developers to ensure 
developer-client confidentiality. To provide a clear 
basis for this separation, it is expressly written into 
the contracts we have set up with our developers 
that Klark Teknik and Telex Communications (UK) 
Ltd are specifically excluded as a third party from 
any confidentiality agreements set up between our 
developers and their clients.  Apart from the identity 
of the clients, we are not entitled to know anything 
about the work carried out between developers 
and clients until the clients choose to make the 
development project public.  

We believe that AES50 and HyperMAC have 
specific advantages where ease of deployment and 
use, low and deterministic latency, and high channel 
count over Ethernet cables are key considerations, 
particularly in live performance. However, there are 
many applications where an IP-based approach too 
has its advantages. We see AES50 and HyperMAC as 
being complementary to IP-based audio systems and in 
fact we do have licences for the major IP-based audio 
systems to allow us to create interfacing products. The 
absence of royalty payments per connection or channel 
on each product sold means that manufacturers do not 
have to choose between implementing AES50 and 
HyperMAC or other multichannel audio interfaces, as 
we are not competing for fund allocations in product 
cost budgets for such royalty payments.

Klark Teknik is committed to an open standards 

approach to audio technology and is keen to adopt a co-operative approach with 
other audio manufacturers, as demonstrated by the formation of the AES50 Trade 
Association as well as working closely with the AES on the future development 
of audio networking. We believe that this benefits the whole audio industry as it 
creates a situation where products from different manufacturers can be networked 
together far more easily than at present. At the same time, we are advocates of free 
and fair competition between companies, and the contractual safeguards that we 
have incorporated into our licensing agreements guarantee confidentiality between 
developers and clients, which we regard as essential for the success of our third 
party developer initiative. n

Contact
website: www.supermac-hypermac.com

tHiRD pARtY DeveLOpeRs
AuviTran     ZP Engineering
Contact: Yves Ansade   Contact: Umberto Zanghieri
Phone: +33 476 04 70 69  Phone: +39 06 41230392
Website: www.auvitran.com  Website: www.zpeng.com
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T he OB vehicle has never 
been a stronger force in the 
broadcasting and live event 
production arena. There is 

a hardwire connection between the 
worldwide delivery of large sporting 
and cultural events and the car park 
full of trucks that accompanies them. 
Historically, much of this blossoming 
of OBVs harks back to the selling off, 
in some regions, of broadcasters’ own 
OB operations as the financial pinch 
drew them away from the on-going 
expense of maintaining, updating and 
staffing trucks particularly in light of 
impending technological changes that 
would require even more investment. 
This outsourcing of OB activities was 
seen by some as an opportunity; and 
run right, equipped right and without 
the need to constantly justify your 
existence, as is the case within broadcast 
structures, there’s good money to be 
made. It’s why the OB business has never been so vibrant and it’s why we have seen 
the formation of powerful OB groups that not only have the numbers but also have  
the technology to create a strong hold on their markets. Mediatec Broadcast is 
a major player in Northern Europe and a look inside reveals that it sees a much 
deeper and even more integrated role for itself in the future.

Mediatec Broadcast in Sweden was created in April this year and is the new name 
of Prisma Outside Broadcast AB with subsidiaries DigiTV Mobiletelevision GmbH, 
Digital Vision AS, Digital Vision ApS, Dream Team AB, HoF AB, Power Media AB 
and Mobile Links AB. The subsidiaries, too, have changed their names to reflect 
the fact that they are part of a larger group. Mediatec Broadcast has business in the 
four areas of outside broadcast, production, mobile links, and wireless and camera 
solutions. It has an annual turnover of €45m, a fleet of 27 OB trucks, flight-pack 
facilities, studios, special cameras, 30-camera link systems, uplink trucks and 
fibre MCRs. It has been involved in coverage of the Olympic Games in Sarajevo, 
Albertville, Lillehammer, Athens and Beijing, The Wimbledon Championships, The 
Nobel Prize Awards and Tour de France and been supplier to the host broadcaster 

for the Eurovision Song Contest, UEFA 
Cup Final, Champions League and IIHF 
World Championships. It is also the 
supplier of productions for clients such 
as Swedish National Television (SVT), 
TV4, Viasat, Canal +, Swedish Football, 
Swedish Hockey League, Norwegian 
Trotting, Norwegian Hockey, Danish 
SAS League, European Biathlon and 
Skijumping. 

Production is run by Mediatec 
Dream Team, which provides host 
broadcaster services and ENG crews 
together with graphics and statistics 
for televised events. Mediatec Mobile 
runs the largest fleet of SNG mobile 
up-links in Scandinavia and provides 
satellite capacity. The headquarters is 
in Stockholm where a large bay hosts 
the returning trucks for turnarounds. 
The fleet has SD and HD trucks and an 
audio only vehicle called SST1.

‘We’ve tried to standardise on 
equipment because that makes it easier for people to work in the different trucks 
and there’s also the option to take spare parts if we need to for such things as mic 
preamps,’ says Per Sorlin, senior audio engineer. For consoles this standardisation 
means Lawo, with the mc266 much in evidence, and for monitoring it’s Genelec 
(some with DSP).

The adoption of Lawo has as much to do with the routing backbone of the 
systems as the worksurfaces — routing is king in OB as signal distribution is the 
task that has to be addressed before anything else can happen. ‘Three years ago 
we decided on it because it seemed to be a platform we could develop out of,’ says 
Anders Muhr, head of engineering. ‘If you talk audio and HD the big thing is the 
fantastic number of channels we use because of all the playbacks and the recording. 
In Hong Kong [Olympics] we did the cross country horse race and that had 42 
cameras and with every camera we had eight associated audio channels, which 
were recorded onto twelve 48-track machines for video. We worked out that if we 
were to layout the channel count on a traditional console it would be 25m long 
— we had over 500 faders. The Lawo technology can do that. 

Mediatec Broadcast
This major outside broadcast player in Northern Europe continues to grow in size and ambition. 

ZENON SCHOEPE visits Stockholm and is told that the future is all about storage and fibre. 
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‘We did the ice hockey World Championships in 
Switzerland where we did two productions in the 
same truck in 5.1 with iso records, playbacks and 
everything. We had twelve feeds coming out and you 
need a lot of infrastructure to deal with those sorts of 
jobs. For everything we now do we use embedded 
audio throughout because we can control delay times 
and every video signal we send is complete with 
audio, as it should be. That means we can work with 
discrete surround. In our biggest truck there are 80 
embedder/de-embedder cards in the Lawo and that’s 8 
in/8 out on each card. We have 4000 labelled inputs 
and outputs on the system.’

The company has enjoyed a long and happy 
relationship with Genelec monitoring and it continues 
to specify them in its new truck builds. The move to 
HD has raised the bar for audio contribution and their 
flagship truck HD1 has a ‘proper’ audio control room 
as Per calls it ‘with the monitors correctly spaced. 
For the smaller trucks, well, we just put the speakers 
where there’s room! That’s all you can do but you can 
delay them as well.’

Mediatec’s story is one of amalgamation and 
expansion — the Mediatec Group also has divisions 
that handle events and large scale display technology. 
Growth at Mediatec Broadcast has been assisted by 
being able to spot customer technological requirements 
in advance and responding to them -– there’s a 
fibre distribution centre in Stockholm where they 
connect to arenas and distribute to Rights holders, 
like TV stations. It has become a much broader-based 
operation than one that simply rolls up in a truck and 
puts out some microphones. They’re not just about 
hiring services and facilities, they see their role as 
providing solutions and helping their customers to 
make money and to realise their ideas.

As an example, Mediatec is involved with 
transmissions from the State Opera in Stockholm 
that are sent via satellite to cinemas around Sweden 
in a move to open opera up to the nation. ‘We act as 
the single point of failure!’ laughs Anders. ‘Normally 
we transmit into a TV organisation and they have 
the channel up on the satellite and take care of that. 
Now we do all of that and that means we have to 
send it in Dolby Digital straight out of the truck to the 
receivers and that’s also a challenge; normally we’ve 
used Dolby E. The opera is also seeing opportunities 
to own the production and then they can sell it to 
TV channels.’

This 12-camera shoot is not so much a broadcast 
as a narrowcast and Anders explains that one of the 
downsides, which is also a benefit, of the relatively 
small size of Mediatec’s ‘local’ market is that they have 
to be very diverse in their skillsets -– they have to 
cover ‘more of everything’. Sport is big but, as Anders 
points out, each sport also wants more of everything 
— they also want a website with video, for example. 

Sport, in one form or another, accounts for some 85% 
of Mediatec Broadcast’s work yet it is media handling 
and tapeless working that holds exciting prospects for 
the team, as CEO Paul Henriksen explains.

‘We added the contribution on the fibre network, 
then we added the communication with voice over 
IP, and on top of that we put internet access for all 
the people working in the truck,’ he says. ‘For the 
last six month we’ve been testing the copying of clips 
directly from our network down to central storage, 
which we have in Norway at the moment, and we’ve 
made a low-res browser so our customers can look in 
their archive. This is all on a test level at the moment 
but all our customers from the different leagues want 
a full resolution archive. Until now it has been quite 
expensive to do and the communication between 
the network, which has all the tagging on it, and the 
storage has been complicated.

‘We call it the Media Bank and our customers 
can put their content into the bank and we take 
responsibility for the storage,’ he continues. ‘All our 
customers want TV production in high quality, often 
in HD, but they also have demands for distribution 
on the internet, to cell phone, so we need some 
kind of storage — whether for clips or for complete 
programmes. When you own the fibre between the 
truck and your storage then it all gets easier.’

‘And everything is on IP,’ adds Anders, ‘so that 
means it’s not only the production that we can send 
over that you saw on TV, it’s also all the clips you 
didn’t see — all the tight shots. Everything else 
that’s on the servers can be sent over and logged by 
someone who tells you that this was a star shooting 
a goal, for example. Then you can search for all his 
goals in the season.’

‘The logging is everything -– to search it you need 
the metadata,’ says Paul. ‘The system we use has 
a user interface that is based on banks and you can 
allocate a bank to, say, a football player and you 
generate a lot of metadata because you get a timecode 
whenever you push a clip into that bank.’

They believe the repurposing of content will become 
a crucial aspect of the revenue streams of the future. 
Mediatec owns a 12-edit suite postproduction facility 
in Norway that does the editing for its customers while 
their company in Germany has three expanding trailer 
mobile edit units that are hired for coverage of the 
Tour de France. Programme creation requires access to 
historical content and all new programmes need to be 
stored — everything is about storage now and fibre.

‘We do Wimbledon for NHK every year,’ says 
Anders. ‘For all these tournaments there’s a big 
demand to have access to archives. There are also 
different types of Rights holders -– those that have 
full access and can do the big game and all the others 
where people sit and analyse the game and can maybe 
only use clips. The Rights holder can sell special clips 
and have another product to sell out of it — all this is 
about expanding their product.’

Paul believes that within a couple of years all their 
workflow will be file based. ‘Our customers are the TV 
channels or the Rights holders and they don’t buy an 
8-camera TV production from us; they buy a League 
and they ask us if we can do that league for the next 
three years at a stated quality level,’ he says. ‘They 
don’t care about what kind of OB vans we have, 
they want to see the content coming out from the 
distributors and they’re more into that than how many 
cameras and how many lenses we have. They buy a 
product from us; they don’t just rent a truck.’ n

(l-r) sorlin, muhr, Henriksen
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Only weeks after it was officially presented to the broadcast, pro-audio 
and event markets at NAB, Riedel’s MediorNet was used at the Emmy 
awarded Red Bull Air Race Championship. The Air Race is not only a 
live event for hundreds of thousands of spectators but it is also a high 

profile broadcast production that is aired in more than 60 countries. The National 
Academy of Television Arts and Science has recognised the production of the Red 
Bull Air Race Championship with an Emmy in the Outstanding Technical Team 
Remote category.

The demands on the technical infrastructure of a production like the Red Bull 
Air Race are enormous and they include the set-up of a mobile airport complete 
with a control tower. The signal distribution and infrastructure for video, audio, 

communications and data of such a production play a key role, since it directly 
affects all other areas of the production and the event itself. The whole production 
would be at stake if it failed. Since the start of the new season in April in Abu 
Dhabi the infrastructure backbone of the event is based on Riedel MediorNet — a 
real-time fibre signal transport solution that includes routing signal distribution 
and signal processing. Riedel Communications’ rental division, being one of the 
largest technical suppliers of the Red Bull Air Race, had already switched the 
fibre backbone of the Air Race production onto MediorNet prior to the product’s 
launch in April. 

MediorNet is a fibre-based network that pushes fibre signal transport beyond 
simple point-to-point links by offering a real network solution. In addition to 
regular signal transport the system allows routing of any incoming signal to any 
output or even to multiple outputs. This can be achieved by a mouse-click in the 

configuration software or by a router 
control system. MediorNet 
also provides onboard 
software-based signal 
processing and conversion. 
This processing includes 

signal conversion like up/
down-scaling, interlacing/

de-interlacing, frame synchronisation or 
aspect ratio conversion (ARC). Furthermore the software allows text and graphic 
insertion, enables multiviewer functions and audio/data embedding/de-embedding 
like camera signals into the data stream of the network. To make this suitable for 
broadcast or pro audio applications, all processing is done in real-time. 

The communications and video signal infrastructure of the Air Race production 
usually covers large areas. Video signals are needed at several locations for various 
applications, such as broadcast production, race control or video wall presentation. 
Therefore MediorNet’s network approach, which is capable of point-to-point 
and multipoint routing, is a good backbone solution for such applications. To 
configure, control and monitor complex installations such as this, MediorNet uses 
MediorWorks configuration software and the software version of each installation 
can be downloaded from any connected MediorNet mainframe. This has the 
advantage that users always use the correct version of a specific installation, which 
is a big advantage especially in rental or outside broadcast operations because the 
installation and the setup are always kept compatible with each other -– even with 
changing equipment.

MediorWorks is a Java-based application that works with Windows, Mac OS X 
or Linux and is used to control and configure the whole MediorNet installation. The 
software auto-senses the configuration and status of any MediorNet network that 
it is connected to. It offers any available information within a single window view 
-– separate dedicated views are additionally possible. This way even very complex 
setups like the Red Bull Air Race can be configured, controlled and monitored very 
easily making the setup significantly easier and the operation more transparent. 
In addition, MediorNet adds a lot of flexibility to any installation as routings and 
setups can be changed on the fly.

MediorNet offers enhancements for network operation but it also has direct 
advantages in terms of cost and effort. Time, in particular, is a crucial factor for set-

MediorNet explained
At NAB in April, Riedel Communications generated a lot of interest 

with the release of its MediorNet fibre technology, which it claims is 

the next generation for fibre-based signal distribution. It offers a real-

time fibre network to route and distribute different signals, including 

HD video, audio, intercom and data, while software-based signal 

processing and conversion reduces the need for additional hardware 

at installations. Riedel’s ANDREAS HILMER explains.
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up of an event installation and has a direct effect on production costs. MediorNet’s 
integration of various cabling infrastructures, such as video, audio and data, into 
one network significantly reduces time and effort in installation. Several different 
breakout boxes and media cards offer connections for any type of signal that 
needs to be integrated into the infrastructure of the installation, including HD/
SD/HDMI video, digital and analogue audio and integration of the Calrec Hydra2 
audio network.

MediorNet mainframes can be modularly equipped with any combination of 
input and output cards, making the installation flexible. Aside from time, weight is 
another issue for the Red Bull Air Race. With races in ten countries around the world 
the reduction in weight through the use of fibre instead of copper cables translates 
directly into lower transportation costs. MediorNet’s on-board signal processing 
and conversion also results in lower transportation costs since it eliminates the 
need for external devices such as up- and down-scalers or multiviewers. All these 
features are software-based, so they can easily be expanded in the future without 
any changes to the hardware. 

MediorNet provides an innovative combination of electrical TDM multiplexing 
and optical CWDM multiplexing. MediorNet mainframes are connected via link 
cards, which go directly into the mainframe. They’re available with and without 
integrated CWDM multiplexing providing a bandwidth of up to 76.5Gbit/s on a 
single fibre link. MediorNet‘s standard fibre transceivers have an optical budget 
of 18dB minimum, allowing for distances of up to 40km. The link cards can 
also include external optical signals and transport them transparently through 
the system. Intelligent bandwidth optimisation gets the most out of the fibre 
connections.

Each MediorNet frame contains a processing card, which handles 16 4.25Gbit/s 
high-speed ports so each carrier frame within MediorNet has a bandwidth of 
4.25Gbit/s. To optimise the bandwidth use of the carrier frame, MediorNet 
divides the carrier into subframes with 6.4Mbit/s bandwidth, which correspond 
to the smallest signal to transport: AES3 audio. These subframes can be filled 
with any type of data such as HD-SDI or SD-SDI video, MADI or AES audio, 
intercom or control data. Each native signal is sliced into 6.4Mbit/s segments. 
MediorNet transports these slices to one or multiple destinations in real-time. At the 
destination, MediorNet recreates the native signal and provides additional software-
based signal processing and conversion at the outputs. The processing card allows 
the individual routing of all native signals within the 16 4.25Gbit/s ports, resulting 
in a router for 32 x 32 720p/1080i signals, 160 x 160 SD-SDI signals, 27,000 x 
27,000 AES signals or any combination of these.

At mission critical events like the Red Bull Air Race it is important to provide 
a secure solution as single points of failure could bring the whole event to a halt. 
MediorNet offers a full redundancy concept and, in addition, any module, card or 
power supply is hot-swappable. MediorNet also allows for operation in any kind 
of topology including ring, star or daisy-chain. For adaptation to any application, 
MediorNet provides several different solutions for setting up the mainframes. 
All mainframes can be rackmounted in various positions, which means that an 
operation with all connectors on the front or the rear is as possible as a recessed 
setup of the mainframe within the rack. In this way no cables or connectors exceed 
the rack dimension. The IEC connectors can be located on the front or the rear and 
independently of the other cabling. 

The Red Bull Air Race is not the only occasion where MediorNet has already been 
used successfully. The L.A. Live broadcast, sports and event production complex in 
Los Angeles has bought a MediorNet installation that consists of eight MediorNet 
mainframes. They integrate the broadcast production of L.A. Live, the Staples Center 
and the Nokia Theatre, providing the possibility to distribute the various video, audio 
and data signals through the complex. One of the first productions at the Staples 
Center was the Michael Jackson Memorial, which was broadcast live worldwide.

In Europe, MediorNet had its first field operation in broadcast production at this 
year’s presidential elections in Germany, where it distributed video and audio signals 
for the German TV network ZDF. MediorNet not only integrated various signals from 
different places within the Reichstag, but it also provided the video and audio streams 
for the event stage that was situated in front of the Brandenburg Gate.

In addition, Belgian broadcast production company VideoHouse recently 
ordered a MediorNet installation for two of its new HD OB trucks. The flexibility of 
MediorNet offers great advantages in field operation compared to established point-
to-point-solutions. n

How mediorNet works.
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E lectrochemistry is fundamental and it 
encompasses phenomena such as corrosion, 
combustion, explosion and electroplating as 
well as breathalysers, fuel cells and batteries. 

Given that these phenomena all stem from the same 
source, it would not be surprising if batteries had side 
effects. Well, so it is. Batteries (and not just exhausted 
ones) can cause corrosion inside portable equipment. 
They can overheat and do damage, and even explode, 
with a probability that you can increase or reduce. There 
are thousands of battery explosions per year worldwide, 
which often result in injuries. 

The term battery was taken from the collective 
pronoun for guns. I can’t see any reason to justify 
the choice of this term for electrochemical devices 
or chickens for that matter. It is not used in other 
languages, where pile is used instead. The singular is 
a cell. Thus an AA battery is a misnomer; it’s an AA 
cell. If the only one you have is discharged, then some 
more creative nomenclature may be found. Typically a 
number of cells are connected in series, or sometimes 
in series parallel, to produce a battery having a higher 
output voltage or current capacity. The common PP9 
battery with the two press-stud contacts contains six 
series-connected 1.5 Volt cells or seven 1.2 Volt cells. A 
typical car battery has six series connected 2 Volt cells.

All cells work using two chemical reactions, one 
of which loses electrons and one of which requires 
them. The path from the electron surplus to the deficit 
is the current through the load. When the reaction is 
unidirectional, we have a primary cell, which becomes 
toxic waste after one discharge. When the reaction 
can be reversed by reversing the current, we have a 
secondary cell which can be recharged a number of 
times. Fuel cells are like a primary cell in which the 
chemicals can be replenished continually from an 
external source. 

Audio signals depend to a greater or lesser amount 
on battery-powered equipment as a function of what 
we are doing and beyond that our infrastructure 
depends on batteries in cellular telephones, organisers 
laptops and UPS. In certain circumstances, battery 
failure or exhaustion means we are going to look stupid 

or lose money. Exhausted batteries contain chemicals 
that are detrimental to the environment and they 
should never ever be thrown in the trash or burned. 
They should be disposed of at proper recycling centres. 
In some countries legislation requires battery sellers to 
accept dead batteries.

The environmental cost of powering something with 
a battery is orders of magnitude greater than powering 
it from the AC supply, so the general rule about electrical 
or electronic equipment is that if it doesn’t actually need 
to be battery powered, then it shouldn’t be.

Clearly powering things that are inefficient with 
batteries is lunacy. A torch using an incandescent 
bulb powered by primary batteries is one of the 
most expensive sources of light known and an 
environmental catastrophe. Modern torches using LEDs 
are spectacularly better. However, if we consider a car 
parked with lights on, the bulbs are 5% efficient, the 
battery 75%, the alternator that charged it 50% and the 
engine that drove the alternator 30%. Overall efficiency 
is just over half a percent.

Battery powered devices need to be designed for the 
job to consume the least power. For professional use, 
the ideal device is one that has the required features and 
performance and no more. A lot of consumer equipment 
is awash with unnecessary features and battery life is 
a real issue.  

The capacity of a cell is measured in milliamp-Hours 
(mA-H) and ideally any combination of current and 
time whose product matches that figure can be supplied. 
In practice this doesn’t happen because the capacity 
goes down for high currents, according to Peukert’s 
Law. The extent to which this happens is one of the 
ways that battery technology is compared. The capacity 
of a cell should be qualified by the discharge rate at 
which it applies. The rated capacity will not be obtained 
in applications using powerful lights or electric motors. 
In the case of secondary cells, the charge that comes out 
will always be less than that which went in.

If the capacity is multiplied by the cell voltage, the 
result is the number of Watt-Hours the cell can hold. 
The number of Watt-Hours per Kilogram is the energy 
density. Lead acid batteries have a figure of about 
25W-H/Kg and about 75% of the input charge comes 
out. NiMH batteries manage about 60W-H/Kg whereas 
Lithium-Ion batteries can manage about 110W-H/Kg. 

While that sounds impressive, when compared to the 
12,000W-H/Kg of gasoline it’s not. People who think 
that electric cars are going to become commonplace 
any time soon are detached from reality. And if electric 
cars are recharged from fossil-fuel power stations, the 
overall efficiency will be worse than burning the fossil 
fuel nearer to the road wheels. 

The problem with batteries is that as their power 
density goes up, they become increasingly fussy about 
how they are charged and discharged, and increasingly 
violent if something goes wrong. 

Lead acid batteries are very easy going. You just 
put 14.4 Volts across six series cells and when they 
are charged the current drops off automatically. Nickel–
Cadmium and Nickel-Metal Hydride cells are also fairly 
friendly. When they are fully charged, they convert 
the charging current to heat. Small cells on a low 
charge current can survive this. Bigger cells with bigger 
charging current could overheat. The common battery 

pack for cordless drills contains a thermal switch to stop 
the charging when the temperature goes up. 

In contrast, Lithium cells are extremely picky about 
the maximum voltage to which they are charged 
as well as to the minimum voltage they can be 
discharged to. Typically Lithium batteries contain a 
printed circuit board carrying the battery management 
logic. If it goes wrong and one cell overheats, it can 
trigger adjacent cells and the whole battery pack can 
go up. Again, until an utterly reliable solution to this 
phenomenon is found electric cars are not going to be 
suitable for Mr & Mrs Average.

Rule number one of batteries is not to leave them 
in unused equipment. This reduces the probability of 
corrosion in the equipment, typically of the battery 
contacts, or damage due to leakage. Don’t leave 
batteries or cells lying around or put them in your 
pocket unprotected. Battery + car keys + pocket = 
trousers on fire. It’s been done. Another reason to 
remove batteries is that some equipment doesn’t have 
a conventional on-off switch and continues to drain 
current even when apparently switched off.

In an ideal cell the chemical reaction would stop if 
there is no load, and the cell would last indefinitely. 
Unfortunately this is the real world, in which cells 
suffer from self-discharge even when disconnected. 
Secondary cells suffer much greater self-discharge than 
primary cells and so it is pointless to use a rechargeable 
cell in a quartz clock where the load drawn is so 
small. A primary cell may last over a year whereas a 
rechargeable might last a few months. Nevertheless I 
remain of the view that clocks should be powered by 
springs or falling weights.

As the degradation of cells is chemical, then it 
can be slowed down by lowering the temperature. 
Keeping unused cells in the refrigerator, in suitable 
airtight containers, will prolong their life. Don’t use the 
freezer. Remember the cells have to warm up again 
before they work normally. Using battery powered 
equipment in extremely low temperatures can be 
problematic. In extreme cases the battery has to be 
inside the operator’s clothing with a wire going to the 
equipment. The wire needs to have PTFE insulation 
because regular insulation will go brittle and crack. 
Snowmobile riders who camp out may share their 
sleeping bag with the battery.

The common use of series connection brings us 
to another of the rules of batteries. Clearly the same 
current must flow through every cell in a series battery. 
If every cell has the same capacity they will all become 
exhausted at once. However, if due to age or tolerances 
one cell has less capacity, it will become exhausted 
first and if operation is continued it will effectively be 
reverse charged by the current from the remaining cells. 
In a battery of dry cells, this is no big deal, whereas in 
a battery of rechargeable cells, the life of the reverse 
charged cell will be shortened. Typically a rechargeable 
battery pack reaches the end of its life when the 
weakest cell fails through repeated reverse charging.

A lot of equipment is designed to prevent over 
discharging the battery and will shut down when the 
voltage falls below a safe limit. Unfortunately a pack 
with a dead cell will usually fall below that limit so the 
equipment won’t work. Thus one dead cell renders the 
rest useless, making it important to look after the cells.

In some equipment the battery compartment is 
intended for either primary or rechargeable cells, which 
are fitted individually. For best results always replace 
all of the cells at once and with cells of the same 
precise type preferably from the same batch. If the cells 
have to be removed to recharge them, then keep them 
together in a set and put them all back again. This 
approach minimises the chances of one cell degrading 
faster than the rest. n

For a small charge
The audio industry depends heavily on batteries. Knowing something about them can 

make the difference between success and failure. JOHN WATKINSON argues that battery 

awareness is another facet of professionalism.
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T his started out 
as a criminal 
invest igat ion. 
That is, I was 

researching the link 
between record producers 
and crime. Not that 
there was any shortage 
of material to work with. 
After dispensing with the 
obvious low-hanging fruit 
— Phil Spector’s recent 
murder conviction — 
there’s a surprising surfeit 
of criminal minds that have 
sat on the business end of a 
fader. There’s Steven Jolley, 
who wrote and produced 
several 1980s chart hits 

and worked with bands including Spandau Ballet and 
Bananarama, whose notoriety for child sex abuse 
charges made him as well-known as the records he 
produced. Then there was Michael Morales, who 
won a producer Grammy in 2002 for Freddy Fender’s 
album La Musica de Baldemar Huerta, followed by 
a two-year prison sentence in 2003 after he was 
convicted of trying to extort US$280,000 from a 
candidate in the Texas gubernatorial election, as part 
of a bid to help his brother — a former Texas attorney 
general, no less — who was also running for the 
nomination.

Rap and hip-hop producers who have seen the 
inside of a penitentiary would be little more than a 
sometimes-gruesome, sometimes-laughable laundry 
list. The whole Death Row Records saga reads like 
an Elmore Leonard novel, with label founder and 
producer Marion ‘Suge’ Knight at the wheel of the car 
that his artist, Tupac Shakur, was famously shot to 
death in back in 1996. This soap opera, which started 
in the early 1990s, continues today, with some 
interesting producer-on-producer violence: earlier this 
year Suge Knight was implicated in the robbery of 
Detail, the producer of rap star Akon. According to 
a police report, on the morning of 25 March 2009, 
five armed men broke into Detail’s house, stating 
that they were collecting a debt on behalf of Knight, 
and $170,000 worth of jewellery was stolen, along 
with a locked safe, stereo equipment and the key to 
a Mercedes. Then there’s one-time Fugees producer 
John Forté, whose reign as the only Grammy-
winning convict at Pennsylvania’s Lorreto Federal 
Penitentiary, after being found guilty in 2002 of 
possession of 31 pounds of liquid cocaine with intent 
to distribute ended last November when outgoing 
President George Bush commuted his sentence.

Forté was behind bars when his second album, I, 
John, was released, and he did interviews and other 
promotion via letters from his cell. In that sense, 
he presaged my personal all-time favourite criminal 
mastermind/record producer. Lou Pearlman truly had 
it all. He was the boy-band Svengali who guided 
Backstreet Boys and NSYNC, a record producer cut 

from the same mould as Spector: he didn’t so much 
produce records as he did invent and create recording 
sensations. In fact, he was a throwback to that era 
in another, very businesslike manner, with revenues 
from managing, producing and in some cases acting 
as an agent for his artists, under the umbrella of 
his TransContinental suite of companies in Orlando, 
Florida. It was so old-school that it was literally a 
crime: the states of New York and California had 
outlawed the same person acting as both a manager 
and an agent of an entertainment property or entity 
back in the 1950s. (It was the basis upon which 
the members of Backstreet Boys became the first 
of every single one of his artists, save one, to file a 
lawsuit against him because they felt their contract, 
under which Pearlman collected as both manager 
and producer — and as a paid sixth member of the 
Backstreet Boys! — was unfair. Yes, they won that 
one, as did everyone else who sued him.) But the 
astounding kind of money he was pulling in from 
these enterprises could also be looked at as his own 
self-imagined precursor to the 360 deal of today. 
Perhaps Lou Pearlman didn’t so much have it all as 
he simply took it all.

Which makes what Pearlman did as a side career 
all the more puzzling. For over 20 years, since 
1986, Pearlman had been running a massive Ponzi 
scheme. He enticed individual investors and banks 
to invest in TransContinental Airlines Travel Services 
Inc. and TransContinental Airlines Inc. Unfortunately, 
neither actually existed except on paper. On top of 
that, Pearlman used false documentation to win 
investors’ confidence in an equally fictitious employee 
investment programme, and he used fake financial 
statements created by a fictitious accounting firm to 
secure bank loans. In classic Ponzi fashion, some of 
each new investor’s funds were used to pay older 
investors, giving them a false sense of security.

Criminality and the producer
When record producers get behind the beat they can get behind bars. DAN DALEY draws 

some analogies and tells some tales.
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BRoAdCAST ASIdE

This all came to a crashing halt in 2006 when 
regulators discovered the frauds, estimated to total 
over US$300 million, and put out a warrant for 
Pearlman’s arrest. Most of the money was gone, as 
was Pearlman — he was finally caught later that year 
in Bali, Indonesia. He was convicted of bank fraud 
and sentenced to 25 years in Federal prison in 2008. 
(In a surprising move, the sentencing judge gave 
Pearlman the chance to cut his prison time, offering 
to reduce his sentence by one month for every million 
dollars he helps a bankruptcy trustee recover.)

But the story doesn’t end there, and in the 
coda to his tale Pearlman once again becomes the 
quintessential entrepreneurial record man. From his 
Federal prison cell 50 miles outside of Orlando, the 
city where he once owned a house with 11-and-
a-half baths and an 8-car garage, Pearlman is 
promoting a Southern rock band called Biteboy. The 
band is managed by an acquaintance of Pearlman, 
who had been pestering the tycoon to give his now-
21-year-old son and currently Biteboy’s lead singer a 
break in the music business. Pearlman had ignored 
them for the better part of a decade, but now, facing 
another 24 years with little to do but work in the 
prison laundry, the mogul decided to give them a shot.

He didn’t have much to work with, but what was 
there was very much Pearlman’s cup of tea. The band’s 
biggest publicity break had come when, in the wake 
of a high-profile murder of a young child in South 
Florida in 2008, the band pulled up to the victim’s 
home on a flatbed lorry and belted out a song about 
the child. Within days, a crew of FM-radio shock jocks 
did a broadcast ridiculing Biteboy for trying to milk a 
murder for publicity. Pearlman’s strategy then turned 
on something that had worked for him before: reality 
TV. As with his hit show Making The Band, which 
chronicled the assembly of yet another boy band, 
O-Town, Pearlman put the band’s manager in touch 
with Jonathan Murray, the producer behind MTV’s 
Real World show. In what will have to be one of the 
best lines of the century when it comes to this sort 
of thing, according to a recent profile on the prison 
producer, he told the manager to ‘say he was calling 
“from the office of Lou Pearlman.”’

Pearlman is operating at a logistical disadvantage: 
his direct interface with the band’s manager is limited 
to the occasional visit and phone call, and while he 
can have a radio, he’s not allowed to have a CD player 
in prison. The manager got around that last one by 
installing a half-watt transmitter, the kind used by real 
estate brokers to broadcast information about homes 
for sale to listeners in the immediate area, in his car. 
He then transmitted Biteboy tunes over the airwaves 
while driving by the Orange County Jail.

One other little issue: Federal prison rules prohibit 
inmates from running a business from within the 
prison. But the way around that is to have the 
reality show declared a documentary project, which 
the rules do allow prisoners to participate in, so 
long as any money they earn is used as restitution 
for their victims. If the show ever makes it to the 
air, Pearlman’s voice will be allowed to be part of 
it, played through a speaker from a recording. And 
thanks to that special provision by the sentencing 
judge, Pearlman’s profits, if any, could edge him closer 
to an early release.

You have to wonder if Phil Spector is going to be 
anywhere nearly that entrepreneurial during his stint 
in the clink. The producer is 69 years old and won’t be 
eligible for parole until he’s served 19 of his 19-years-
to-life sentence. And there’s no get-out-of-jail-early 
card like the one Pearlman is cunningly constructing. 
For some producers, the last take is the one they 
simply can’t fix in the mix. n

F rom the carnival to the cinema, from 
radio to television and now computers, 
the human race has had a love affair with 
entertainment. In fact, this obsession has 

never faded. Even in times of economic recession, 
people still spend to escape to the excitement and 
enchantment of entertainment.

It’s interesting that much of the sound/picture 
evolution — if not all — has been driven by the 
audience’s love affair with entertainment. A good 
example is the history of the ‘talkies’. Up until the late 
1920s, motion pictures were silent — with theatres 
providing live orchestras to accompany the picture. 
All that changed in 1926 when Warner Brothers, in 
conjunction with Western Electric, introduced a new 
sound-on-disc system in which sound effects and 
music were recorded on a wax record that would 
later be synchronised with the film projector. Live 
orchestras were suddenly obsolete. Prerecorded audio, 
sound effects and music were suddenly in.

Audiences were amazed with this sound 
technology which premiered with the landmark 
film The Jazz Singer in New York City in October 
1927. Box office sales sky-rocketed as audiences 
fell in love with the talkies. As a result, the rush 
to produce sound pictures revolutionised the film 
industry around the world — illustrating the impact 
the audience factor has on innovation.

And innovation continued at a rapid pace through 
the 1930s and 1940s: television was invented and 
brought to market, directional microphones were 
invented which increased the frequency range of film 
recording, reduced ground noise and extended the 
volume range, technological advances that opened up 
creative possibilities for increasing the quality of sound 
recording. In the 50s and 60s we saw the migration 
from black and white television to colour and mono 
sound to stereo sound. Video brought instantaneous 
capture and playback — not possible with film. The 
invention of the personal computer in the 80s and 
90s brought another medium to audiences and entire 
industries were (and are) born to fill the audience 
demand for content — software, electronic gaming, web 

conferencing, telephony, social networking. So much 
has changed over the decades  and yet so much hasn’t. 

From a sound man’s perspective, the transition 
over the last 20 years from analogue to digital allows 
higher level of broadcast quality in both sound and 
picture, although this too is subject to debate because 
of compression schemes. But the technology was 
designed to enhance the viewing — and listening 
— experience. 

Looking at the today’s broadcast sound/picture 
landscape, I see another innovation: high definition 
television. Once again, it was designed to bring a 
higher level of quality to the audience — and it is 
bringing an evolutionary visual improvement to 
audiences — but unbelievably, high definition is 
broadcasted in stereo sound, even though we already 
have the technological advance of surround sound to 
match the high definition picture.

So why the disconnect? Tight budgets, low 
production values, pissy producers, and a complete 
disregard for the love affair.

So what does high definition television mean to the 
audience? Well, there are a couple of different video 
scan rates, although all the pictures have a 16 x 9 
aspect ratio so you get wide screen, while standard 
definition has the boxier 4 x 3 aspect ratio. A wider 
screen expands the viewing real estate — so now 
you get to have crawling graphics and split screens to 
distract us from the content. I’ve even seen sporting 
events split the screen with the commercial. 

The case for high definition is that it ‘enhances 
the viewing experience’. An enhanced viewing 
experience should be as much about the sound as 
the scene. And I don’t mean yappy commentators 
telling us what we just saw I’m talking about the 
visceral excitement of an event that we love to 
experience — and nothing captures it better than 
sound. By definition, high definition television has 
5.1 sound minimum. So why aren’t we broadcasting 
high definition in surround sound? 

There are a couple of things that drive the answer: 
commercials, archives, production value, television 
management and audience expectations. Commercials 
often lead the curve in production value and most 
commercials are produced in surround. Multichannel 
sound is here to stay and future value will be 
enhanced with surround.

Interestingly enough, producers are not even 
considering that older home satellite and cable 
systems deliver two-channel analogue stereo audio, 
which, if you run your TV sound through your home 
stereo with Pro Logic II or DTS will give you surround. 
Your sound is already being upmixed, downmixed 
and crossmixed with unpredictable results.

Notably, that even with all of the technological 
innovations that have taken place since film first 
began enchanting audiences with its beauty, creativity 
and clarity, the filmmaking industry has survived. 
Why? They have never forgotten the audience love 
affair factor. Filmmakers use their celluloid creativity 
to push their art form to higher levels and take pride in 
doing so. Sound producers for film look for new ways 
to enchant, to excite, to entertain.

There’s a lesson for broadcasters here: if producers 
allow the sound/picture quality and entertainment 
value of their broadcasts to be diminished, audiences 
will go elsewhere. The love affair will be over. n

Never forget the love affair
Throughout the history of entertainment, there has been a love affair between the 

production and the audience, says DENNIS BAXTER.
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No audio?
Was there anything at all in Mr Watkinson’s April 2009 
Slaying Dragons rant that had anything directly to do with 
audio? If there was, I certainly missed it amongst all of the 
political bloviating...

At least when Mr Watkinson was pontificating about how 
44.1/24 PCM is all of the recording resolution one would 
ever need, it had something to do with audio, unlike his most 
recent political diatribe.

If he is wanting for subject, I know there are plenty of 
windmills in the audio industry for Mr Watkinson to go 
jousting with and he should saddle up his ass, collect up his 
sidekick, head out of the door and check his political views 
on the way out of town…

I read Resolution because it’s an audio magazine not an 
organ for the political bent of its writers.

Mike Pappas, chief engineer, KUVO Jazz 89, USA

My article was written with Zenon’s full agreement because the 
present economic and environmental circumstances affect all of 
us whatever our job title. When Mr Pappas employs words like 
rant, diatribe and bloviating to an honest appraisal of how we 
got into the present mess, I detect an element of denial.

Bloviating is not a colloquialism that is in use outside America. 
It means ‘to speak pompously and excessively’. Frankly I couldn’t 
see where I had done that. Pomposity gets in the way of clarity.

If there is one area in which I agree with Mr Pappas, it is that 
the audio industry has no shortage of targets for the quixotically 
inclined. Perhaps one of these is the audio engineer who shuts 
himself up in a control room and pretends that rising sea levels, 
pollution, wars and economic catastrophe will either go away or 
are someone else’s problem.

I have little time for politics. All political parties have let us 
down roughly equally. I find it amusing that the correct title for 
a British MP is the Right Honourable Gentleman, when they are 
seldom any of the three.

John Watkinson

improving tv sound
In Dennis Baxter’s recent articles he has been making 
much of ‘improving the sound experience’ in sport OBs. 
Without going into any great detail, I would like to make 
some comments regarding two issues he has mentioned.

Dennis seems to think that so-called Surround Sound is 
important. By that he is, I assume, only talking about 5.1. 
Now 5.1 is NOT surround sound! It is a manipulation of audio 
designed for large spaces, originally only for cinemas. That 
is, to get sound effects to apparently surround the audience, 

various panning tricks, phase and level changes, etc. are 
introduced at the mixing stage to improve the perception 
of off-screen noises, and to centre the dialogue. Such 
manipulation can only be done in the mix as it will only give 
the desired affect by artificial means; the desired effect being 
to give all of the audience a fairly common experience no 
matter where they are sitting in relationship to the screen.

To get 5.1 to work at all in the ordinary TV watching 
situation, the original mix has to be redone to suit that much 
smaller environment. In other words, dumbed down from 
the original intention of the designers of 5.1. That VERY 
seldom happens!

Even that is not the worst! I remember reading some 
statistics from a survey of TV buyers. Of the number that 
bought their new TV with the necessary 5.1 ‘home theatre’ 
equipment, about 80% either never took that gear from the 
box, or made no attempt to install it correctly! 

So why bother? Spend the money on improving stereo, 
which at least works reasonably well anywhere. In my 
home (part of the great majority) we find that the dreadful 
effect of 5.1 when listened to in stereo, simply means that 
a lot of the centre sound is lost in the unmodified mix which 
in turn means continual adjustment of the volume control to 
be able to hear it at all, and to avoid being deafened by the 
rest of the sound.

Dennis has also made much of what he considers to be 
adding to the experience when watching sport. Well Dennis, 
sorry to upset you, but for all the various sporting events we 
watch, we normally have the sound OFF. It is the vision part 
of TV that is important. We don’t need, or want, to hear 
screaming commentators, grunting tennis players, screeching 
brakes/engines, noisy steel bands in the stadiums, swearing 
footballers and all the rest. And as for replays, who are you 
kidding!

Tony Batchelor, Vormark, Denmark

One sure thing: there seems to be this love/hate relationship 
with television sound that is difficult to explain. People become 
very agitated and annoyed at excessive dynamic range, lip sync, 
and certainly, overly talkative commentators. You are not alone.

The home consumer can set up their television sound and 
manipulate it as they wish, and after all, it isn’t that difficult. 
It is telling, though, that while most home units are not set 
up properly, there still seems to be some improvement in the 
viewing audience’s enjoyment of the technology. 

But how will you know when broadcast sound is improving if 
your telly’s sound is turned off? Let me make a couple of points 
about what the soundman is up against to get a decent mix 
into your home:
•	 5.1	Surround	is	in	its	infancy	and	we	are	still	trying	to	figure	it	

out. It took awhile for video, too.
•	 Commentators	are	the	‘Stars’	—	just	ask	one.	I	thought	that	

with 5.1 Surround, the centre channel would be given to the 
commentator and the viewer could turn it off if they choose. 
I thought Surround gave us control over the commentators 
— until they found out they could be turned off — and 
convinced either the producer or management that the voice 
should be in the left, centre and right channels. 

•	 It	is	rare	that	a	television	audio	mixer	is	just	responsible	for	
one mix –- often it is three: a 5.1 Surround, stereo and mono 
off one set of faders and speakers. It requires much skill and 
patience. Proper imaging and level balance for a proper 
Surround and stereo is very difficult off a single mixing desk 
and ultimately requires compromises in the mixes.  

•	 Let’s	not	even	bring	up	a	proper	monitoring	environment	for	
the OB soundmixer.

•	 Downmixing	is	another	 issue	that	comes	with	a	 lot	of	
problems as well as solutions. You have to understand your 
signal flow and downmix scheme and make considerations 
and compromises with the mix. If your broadcaster is 
delivering Surround, your stereo is likely a matrix surround 
encoded mix from a Pro Logic II or DTS Surround encoder or 
a ‘set-top-box’ downmix from the AC3 (Dolby Digital) mix.

At times I am a viewer — just like you — and am disappointed 
with the variations in loudness between programmes and other 
programmes and programmes and commercials. But, ask 
yourself: how do you deal with loudness without proper channel 
adherence and consistent mixing practices for the medium?

There will be unhappy viewers and listeners with all of these 
issues still to be resolved, but turning the sound off is a cop-out. 
Think about it: when your cell phone reception breaks up, do 
you toss the phone in the trash? Television is finding its place 
in the mix of entertainment options and sport is perfect for the 
home entertainment environment. 

So turn it up — I assure you we are working hard to get it right. 
Dennis Baxter
     

small room supplement
The small room supplement was a real pleasure to read. 
Good idea. I hope the majority of the readership found it 
informative, useful and inspiring.

Are you considering a follow-up?
Sooch san Souci, Paris, France

Very possibly, we’ll see how the demand for the knowledge 
develops. What is certain is that we will continue to give 
acoustics and monitoring the high profile that Resolution has 
become respected for.
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