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The ARES-P Today
In 1999, the Kudelski
Group fundamentally modified its structure; the mixed
company Kudelski S.A.
transferred its operating
activity to a new 100% subsidiary company Nagravision S.A. Kudelski S.A.
has now become purely a
holding company.

T

he newest addition to our product line, the ARES-P, has come of age! For this
little recorder to impose itself as an indispensable tool for a reporter,
whether beginner or experienced, we have bestowed upon it a multitude of
advantages that will make it different from the competition.

Within this new structure,
Nagra Audio forges ahead with
renewed vigor. The success of the
existing products coupled with the
launch and enthusiastic welcome of
new products bear witness to the
energy and innovative spirit at work
within the Nagra Audio division.
The Nagra ARES-P, launched in
February, completes the Ares family of
equipment developed for reporting
and radio broadcasting. The commercialization of this recorder, begun in
the spring, opens new opportunities
and promising markets are beginning
to appear.
The ARES-C enjoys further commercial
success. Europe1 has replaced almost
all of its analog recorders with ARES-C
as part of its program to set up a completely digital studio. Numerous clients
are also using this equipment successfully; report from IFBA explores new
applications and possibilities such as
satellite ISDN link.
The Nagra-D and its successor the
Nagra-DII continue to play a starring
role in major productions, such as the
latest Bernardo Bertolucci’s film with
Maurizio Angentieri, as sound mixer
for the location dialog. Jeffrey
Silberman suggests a way for Nagra-D
users to get 5 reproduction channels
out of 4 recorded channels.
Finally, the performance of the Nagra
High-End product line has garnered
significant praise from proud owners
and the international audiophile press.
An “Audio Art Best of the Year 2000”
prize for the Nagra PL-P and its companion the Nagra VPA was awarded by
the Taiwanese magazine “Audio Art”
in January 2000. “Best of the Best”
2000 accolades were received from
“The Robb Report”, magazine for luxury lifestyle, for the Nagra PL-P, ‘best
purist preamplifier’, and Nagra VPA,
‘best all-tube medium-power amplifier’.
Pleasant reading,
Aldona Mury
Marketing Manager
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▲ Friendly user interface and display

A user-friendly software
allows the user to navigate
easily around the different
configuration menus. The
comfortable graphic display
shows, among other things,
two or three bar-graphs. The
first, which appears on the
right-hand side, at the push
of a button, shows the
adjustment position of the
microphone input levels or
headphone level.

At the top of the display, two bar graphs are reserved for the modulometer readings
in either mono or stereo. Finally the portion of the PCMCIA card that has been
recorded appears at the bottom.
For recordings made in poor light or temperature conditions, three LEDs assist the
level bar-graphs. The green led indicates “under modulation”, the yellow led indicates “beware” and the red led flashes from –9 dB with respect to digital saturation,
to show “Over modulated”.
A multi purpose 12 pole DIN (Tuchel) connector allows a convenient connection to
the outside world (Left and Right inputs), input sensitivity setting, and powering for
electret microphones, +50V for powering NAGRASTATIC capsules.
▼ The Electret omni-directional capsule

Currently equipped with an electret omnidirectional capsule, the housing, which attaches
to the connector, is designed to accept different
capsules according to specific requirements
(Stereo, Dynamic, Cardioïd or NAGRA condenser capsules).
In the event that stereo reporting becomes fashionable, a microphone capsule and software
(remotely downloadable) will allow the ARES-P
to record M/S with both pre and post matrix
monitoring.
Carrying cases, seemingly of low importance,
have been carefully designed in two models. The
first is a “Cellular phone” type protective leather
case designed to help the operator keep the
machine securely in their hand and to assist the
easy operation of the unit.
▼ “Cellular phone” type leather case and clip

➛ The carrying
case with accessories

It is fitted with a special cable security to allow
the headphone cable to remain securely in
place.
Finally we have an AC power supply (available
in two versions Swiss and World) to allow the
ARES-P to be powered from the mains as well as
to charge the internal rechargeable batteries if fitted.

If we have forgotten anything... contact@nagra.com
is always willing to hear your comments!
At the same time it will protect the machine from
physical damage and climatic conditions as
much as possible. Fitted with a belt clip it allows
the ARES-P to be rapidly secured onto the belt
when not in use or when a cabled microphone is
attached. A special non-slip shoulder strap is also
supplied for those who do not wish to clip it to a
belt.

Happy reporting!
▼ The cable security

The second is a more “All-in-One” type case,
which is shoulder-slung and allows all the
machines accessories to be carried together. In the
front pocket a power supply, spare cables, cards,
and batteries can also be stored. Placed over this
frontal pocket, the HD-25 headphone sits with its
“ears” firmly located in the side pockets.
For those who prefer to work without a case, a
strap can be fitted directly to the ARES-P.
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Using Nagra ARES-C
with Satellite ISDN Link

A

fter more than one year
of successful operation
of the ARES-C using
ISDN landlines, IFBA identified
a need for a more flexible facility for live transmissions,
mainly for live newsbreaks.

Test transmissions began in
April this year using the Throne
& Throne Capstat Massager
satellite telephone system. A
link was established from one
ARES-C back to another ARESC via satellite ISDN line.
Then, a link was made from one ARES-C to the
satellite ISDN system which was, in turn,

connected to another ARES-C in the main
control-room via an ISDN landline. Finally, a

link was made from one ARES-C to the satellite
ISDN system that was, in turn, connected
to another ARES-C in the studio via an analog
copper line.

The audio quality was identical in the two occasions. It was concluded that the excellent high
quality transmission via satellite ISDN link could
be established quickly and from any given location without compromising audio quality. This
application opens new prospects for the ARES-C.
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Frank Berruyer
A Journalist from Europe1
work. – But we knew that from the
beginning.

How long have you been using the ARES ?
That’s a good question… A little over three years.
What are the principle advantages and disadvantages of the ARES with respect to another
machines ?
The principle advantages are the editing speed,
the possibility of being able to keep the master,
the possibility to transmit by ISDN (when we
have a line available) which means we do not
need to carry a REPACK as well, and finally the
weight of the machine. The only disadvantage is
that it tends to be a little power thirsty.

Have you heard about our new
recorder the ARES-P ? And what do
you think ? How do you see it ? How
will it help you ?
Yes I saw it announced on the internet some months ago; it is a perfect
complement to the ARES-C. For
example when we go out with the
motorcycles, the ARES-C remains
with the technician on the bike, and
we know that if we are covering a
manifestation, we will be running around, in
which case we will only take the ARES-P and
then return to the motorcycle to do the editing. It
is lighter, more discreet and costs less if we
break it !
Actually I have tested four different recorders and
yours is the best.

How long did it take you to learn and feel at
ease with the operation of the ARES ?
To be completely comfortable in every aspect …
less than a week of use.
What type of applications have you used it for ?
How do you work with it ?
I do a lot of travelling, and I have very little use
for the ISDN actually, but a lot of reporting. I
have used it in Kosovo, Uganda, locally, all over
the place. I have also used it under all sorts of
conditions, in hot sandy conditions, at high altitudes, high humidity, in the snow in the mountains of Kosovo… everywhere. I have never had
a serious technical problem. The only small
problem I had was a faulty battery connector,
which we replaced.
Do you carry other equipment with you when
you work ? (example CODEC, etc.)
No, we are only equipped with the ARES and
that’s it. We also carry a Satellite case as part of
our standard kit.
The only inconvenience is that we cannot transmit a digital file over a standard telephone net5

Satisfied Music Lover…
by Jim Hastings CB

A

s an official in the House of Commons
Clerk’s Department disharmony is part of
my working life. Perhaps this is why
music plays such an important part of my life
away from work. I am not a musical performer. I
once played the violin very badly, but finally I
concluded that my lack of talent was causing me
as much pain to me as to those who had to listen
to me. I have never been in awe of the politicians
I work with. They seem to me to be fallible
human beings like the rest of us, a few more fallible than most. But I am very much in awe of any-

but they were never fully satisfactory. One or two
recent designs have changed my opinion. I now
have something close to my ideal. Something as
close to the real thing as I have heard. And the
loudspeakers, if a little complicated, contain
conventional magnetic drivers. Strangely
enough, my reappraisal of my high-fidelity
equipment came about as a result of a misfortune. About five years ago I lost the hearing in my
left ear as a result of a virus infection. While this
was slowly recovering I also suffered an infection
to my right ear, with almost total hearing loss.
The disruption to my music listening and life in
general can be imagined. As I recovered it was
almost like a rediscovery of music. I realised I
had got into some bad habits. I had been listening far too little to the totality of the musical
experience and too much to inner detail. My
Quad speakers gave me plenty of the latter but
too little of the former. My Conrad-Johnson
amplifiers were certainly detailed and truthfully
conveyed the microdynamics of the musical
event – but wasn’t the sound on the smooth side
of reality?
At this time two events coincided. I went to a
particularly stimulating series of concerts, including some of the last appearances of Simon Rattle
as regular conductor of the CBSO. Then a friend
of mine became involved with an ambitious, but
regrettably short-lived, enterprise importing US
‘high end’ equipment. I had a chance to listen to
many impressive speakers. Two sets of speakers

▲ Jim Hastings CB

one who can sing or play an instrument well,
and envy them enormously.
I always prefer to go to a recital or a concert than
to listen to a high-fidelity system, however good.
Alas, there is no opportunity now to go to a
recital by Kempff or Rubinstein. Like Beecham’s
RPO or Ansermet’s Suisse Romande, they can
only be heard on disc. So, for a very long time,
back to the days of the Dynaco SCA-35 and the
Garrard 301, I have been trying to create a sound
at home that approximates to the real thing. And
as about half the music I listen to is live, I make
constant comparisons. These comparisons have
taken me through quite a few systems over the
last forty years; most of them centred on Quad
electrostatic loudspeakers.
Though I remain a fan of Quads, ideally I would
always have preferred bigger panel speakers,
Sound-Lab’s or Magnepans, for example, – if I
had had the space or the money. I have owned
conventional dynamic loudspeakers in the past
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captivated me.
Both were made
by a company I
had never heard
of, located in
Oregon, called
Esoteric Speaker
Products.
Listening to them
vividly
recaptured the sounds
and experiences
of the live concerts. I settled for the smaller ESP ‘Harps’, reluctantly deciding that the ‘Concert Grand’s’ were
too big for my music room.
Of course, amplification is at the heart of any system. It is only very recently that I discovered the
Nagra PL-P/VPA combination. Never have I had
amplification that adds so little except gain. My
beloved ESP’s have found their perfect match. Of
course, I know that the PL-P and the VPA’s are
really doing a great deal to ensure that the musical signals they are getting from the Basis
turntable and the DCS CD player have the same
impact and [all-important] timing when they
emerge from the speakers. It may surprise DCS

whose
DAC’s
have their own
pre-amplification
that I value the
PL-P most for
what it does for
CD reproduction.
The DCS ElgarPurcell combination
convinced
me for the first
time that the CD
was a serious
medium for music reproduction. The PL-P transforms their input into the musical equivalent of high
quality analogue. And the PL-P has a magnificent
phono stage as well...!
Sharing the vision and purpose of the composer
is, of course, what matters. The quality of some
past performances transcends technical limitations. Edward Elgar’s and Richard Strauss’s
recordings form an essential part of any serious
classical collection. But how wonderful it would
have been if Nagra had been there to record
them! The quality of sound is important and, at
last, high fidelity equipment seems to be getting
close to the real thing.

Nagra-D Performance
by Thomas Hidderley

I

have been using my Nagra-D on location on a
locally produced TV series “The City”, shot
here in Toronto.
The second season started in July 1999 and we
finish February 18, 2000. The Nagra-D has performed flawlessly both in the high humidity 33C
temperatures of summer and the exterior night
locations of –14C during in the winter months.

Thank you for such a technically advanced, yet
user friendly machine!

It is a pleasure to use and the production recognises the lower tape costs and the time saved by
having no reloads all day.
We had a Christmas break of two weeks and
on returning to work on January 3rd, 2000, I
formatted a new tape with no hint of any Y2K
problems.
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Nagra-D a Recorder to Grow up with
by Maurizio Argentieri

C

hoosing to work with the Nagra-D in Italy
was a very difficult choice but after around
6 years of work, I can now say that I definitely made the right choice.
When I decided to buy my Nagra Digital in Italy
the work environment at the time offered little
reassurance – it was a period of crisis in the
working sector, the machine was very expensive
and I was very young at only 29, so didn’t have
much money to spend on something like this.
The choice was obviously between a DAT and
the Nagra Digital, or to continue working with
the Nagra analog.

❿ Bernardo Bertolucci

(center)
(Photo courtesy of
Medusa Film)
I felt a deep need to grow with my profession and
I therefore wanted to invest in something which
could grow with me, so I decided to buy a Nagra
Digital because I believed that the machine
would last me for a long time. Now I needed to
solve another problem – money.
I was very young and there was absolutely no
way I could buy ND without running into difficulties. I wrote a letter to Nagra in Switzerland
explaining exactly what I had in mind and asking
them to give me a hand with paying for the
machine – and would you believe it, a week later
a letter arrived from Nagra in Switzerland
explaining that they would be able to lend a
hand. It wasn’t easy choosing to take this path as
up till now I have been the only person in Italy
working with this type of recorder.

There aren’t any post-production studios which
have a Nagra Digital and so making this kind of
decision gave rise to a series of additional problems with organising work, as no-one recognised
the properties of this machine.
No technician working in post-production in
Italy knew about this machine and so it required
a great deal of effort every time I had to explain
to the person coming in after me how the
machine worked. Thankfully everything went
well.
After about six years of working with the Nagra, I
can now truly say that I made
the right choice. All my colleagues who chose DAT (Digital
Audio Tape) are now having to
change something or other, as
the 16-bit can no longer cope
with the requirements imposed
by technological advances and
market progress.
I simply decided to upgrade the
convertor and now I have a brilliant machine without spending
very much at all. I don’t think
that my colleagues can do the
same thing with their DAT.
That said, these days I have had
to grow with my recorder by
doing increasingly diverse types
of work, but the important thing
is that if I didn’t have the NagraD, it would have been really difficult to do the work.
«BESIEGED» – Director: Bernardo Bertolucci
The adventure began the moment my telephone
rang and the production team was calling to
arrange a meeting with Bernardo to talk about a
possible collaboration with him. I went along
and everything started from there.
I read the screenplay and immediately realised
that I needed to do something special. From a
sound point of view, the story offered a great deal
of freedom as (the first fifteen minutes of the film
don’t contain any dialog) the story is about the
life of a pianist who falls in love with an African
woman who is studying medicine in Rome and
lives in his house doing domestic chores for him
to pay for her studies and her accommodation.
He falls in love with her and declares his love
through playing the piano and expressing his true
feelings in the form of notes, so up to a certain
point the sounds arouse Shanduray’s feelings.

❿ Thandie Newton as

Shandurai in «Besieged»
of Bernardo Bertolucci
(Photo courtesy of
Medusa Film)
8

Bernardo immediately made me understand that
within a few moments the piano would become
the true protagonist of the film.
From then on I immediately realised that I
needed to characterise the sound of this piano.

It wouldn’t be enough just to do a simple recording of the piano, but to make the piano play
within a film, giving the audience the feeling that
the character who is playing is really playing and
so making the audience hear a sound directly
linked to the images that they are seeing.
During the film, the sound of the piano can be
heard by the audience at various points in the
house because while our pianist plays we move
from the room in which he is playing to the room
in which she is listening. I therefore needed to
work towards a support sound which moved in
precision with the various images that followed
giving the audience the sensation that they were
seeing and hearing him as if he were actually
there in front of them.
In order to reconstruct this in keeping with the
necessary realism, I therefore needed to carry out
accurate sound research. When carrying out the
work in stages, the first thing you need to do is to
establish the general sound character of the film
– i.e. whether to make a film with an artificial
soundtrack or with a soundtrack which is as realistic as possible. I chose the second solution and
so the decision as to how we should record the
piano made itself.
The house chosen for the takes was a fantastic
house at Trinità dei Monti, the famous steps
which lead out of the Piazza di Spagna, but it
was completely empty and uninhabited. It also
had very thick walls and so this would cut off any
noises from outside. However, the numerous
windows throughout the house would not prevent external noises from coming into the house

➛ On the set
of «Besieged»
(Photo courtesy
of Medusa Film)

at all and so the first thing to do before we could
begin recording the music was to acoustically
isolate the interior of the house. This was
absolutely necessary if we were to be able to edit
the best parts of the performances and also to
enable us to use the music in the film without
bringing undesirable noises with it.
To solve this problem, we constructed a series of
sound-absorbent panels made from a substance
consisting of a sandwich of a 2 mm layer of lead
and a layer of open-cell polymer with has good
absorbency properties, and using wood as a support for mounting them.
Then myself and my great microphone technician Vincenzo got down to work and began to
build the various panels, which would be placed
in front of the windows. We were kept busy,
as we had to erect panels in front of almost all
the windows, as the recording wasn’t only taking
place in one room but in two other places, which
meant that a large area needed to be isolated.
After about a week’s work we had finished everything and the results were extraordinary – you
couldn’t even hear a pin drop and the
natural acoustics of the place remained
unchanged.
Now we just needed to furnish the room to give
it the correct reverberation time but we actually
only had to furnish it as it would be in the film
and everything was ready. At this point the art
director, Gianni Silvestri, had the place in order
and now we needed to work on the real sound
and on the various sound levels to be used in the

➛ Thandie Newton
(Photo courtesy
of Medusa Film)
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For the close-up shot the orthoepic technique was
used as it offers great scope for reconstructing the
sound scene. It’s exciting to see these shots of
him playing and with an impressive sound set
reconstruction it seems as if he is actually playing
the piano.

film as the images unfold to ensure that the
sound is always appropriate to the various
images.
This was made possible by giving the editor an
extremely versatile support, which could be used
on various occasions.
The recording session was carried out as follows:
The sound event was recorded from three different listening points so that the same performance
of an excerpt could have three different listening
points. Therefore at the moment during the
film when you pass from one room to another
there is not a great deal to be done as you only
need to change from one track to another in order
to achieve this change in acoustics.
In situations where we start to hear the piano
from her room and follow her without interruption, we enter the room at the same time as her
until we reach the piano. We
needed to have enough material to make a dynamic change,
moving animatedly across the
different listening points and
therefore from one pair of
tracks to another being both at
the same tempo and adjustable.
To make all this possible, the
recording technique used for
the two intermediate listening
points as well as for the one in
close-up, was the MS technique. Unlike any other technique, this allows you to vary
the width of the sound field and
the amount of ambient reverberation during the mix down
process, which is fundamental
in controlling the part of the
sound used to combine the
sound with the images.
1 0

Two Nagra Digitals were used for the recording
and to enable us to record on 8-track. For the
nearest listening point we used a pair of Brüel
and Kjaer microphones in orthoepic configuration, which were preamplified by a
Millenimedia. Again for the listening point in the
foreground, a pair of Sennheiser MKH 80s were
used to give a more rounded and sensual character to the sound. These were preamplified by a
preamp with Manley valves and so we could
choose between a clear and descriptive sound
and a softer, more flowing sound at those points
where it was required. For the second listening
point located in a room approximately six metres
away, a pair of Sennheiser MKH 40 and MKH 30
microphones were used in MS configuration
which enabled us to vary the amount of reverberation during mixing. The third listening point
was located in the centre of the circular stair-well
which had a wonderful echo and for that reason
we also used a pair of Sennheiser MKH 40 and
MKH 30 microphones here, in MS configuration.
These two pairs of microphones were recorded
using the Nagra Digital preamps.
From there, we left to do some research into
some of the most famous piano recordings in
order to give us a basis for deciding which direction we should take and to enable us to identify,
as much as we could within the scope of the narrative of the story, those points at which the
piano becomes the real protagonist of the story.
The choice of piano was made by the pianist
Stefano Arnaldi who chose a Steinway & Son
which they had brought into the house ready for
the recording. The first thing we agreed on was

that being new, the piano had a very big, harsh
sound and not really the sweet, velvety sound
that he had wanted. However, with his playing
skills, the correct positioning of the main pair of
microphones and the appropriate opening of the
top of the piano, they had done all that they
could to achieve the result we wanted.
At the final recording we re-recorded the 8 tracks
from the four pairs of microphones in a pro-tools
station for editing and this is how we produced

e Tulipani” by Silvio Soldini. We won
the David di Donatello award (Italian
equivalent of the Oscar) for this film
for “Best Sound”. The technique used
for sound recording in this film was
very unusual. We wanted to improve
the enjoyment of the sound in terms of
its natural quality and we achieved
this by setting up a triangle consisting
of a sound technician and two microphone technicians who were permanently on set with two booms which were
always in operation.

 Marina Massironi
and Licia Maglietta

Because of its shape, the system required the use
of three channels and the Nagra-D was the only
reliable portable machine that would allow you
to have 4 CH, otherwise we would have had to
use two Stereo recorders which would have
been too complicated.

the master tape for the music with four different
listening points to be used during the editing of
the film according to the images.
At this point we were ready to start all the preparations for the takes. During the editing of the
sound we were able to take our pick of equipment and the
Sound
Editor,
Sandro Peticca,
was able to take
his pick of the
sound equipment
to be chosen to
enable us to
reconstruct the
sound envisaged.
The results of this
venture were certainly noteworthy
if only because
we had the opportunity to do it at all and for this
I really must thank Bernardo Bertolucci because,
despite the fact that this was the first time we had
worked together (and I hope it won’t be the last)
he trusted me to do whatever I thought was right.
Whenever I needed some guidance he was
always willing to point me in the right direction
and I didn’t feel lost for a second because whenever I needed him he was always there.
 Licia Maglietta

I must also thank La Exhibo (Sennheiser distributor in Italy) represented by Mauro Mercuri,
NAGRA ITALIA represented by Luigi D’Anzelmo
and the company CHERUBINI represented by
Augusto Cherubini, as without their support
none of this would have been possible.Another
great venture for this year was for the film “Pane

Well that’s enough about this new technique,
which I don’t want to talk about anymore as it is
currently being perfected. We obtained really
good results using the Nagra-D. I have just finished the takes for Giuseppe Bertolucci’s film
“L’amore Probabilmente” which was done using
the same technique and it is the fourth film I have
done using this technique.
Unfortunately, in Italy we have a big handicap
with our sound mixing technicians, as they are
still unwilling to receive and process signals that
are slightly more complex than usual. As a result,
the effort and commitment
involved in obtaining certain
results are often in vain as often
not enough care is taken with the
extremely
delicate
process
involved.
Fortunately, this is changing in
Italy as well and we are seeing the
emergence of new, young groups
who are very willing to update
work on this extremely delicate
mixing stage without losing anything at all in terms of quality in
the process.

▲ «Pane e Tulipani» stars
Licia Maglietta and Bruno Ganz

➛ Bruno Ganz and Giuseppe
Battiston in «Pane e Tulipani»
of Silvio Soldini
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48 kHz/sec or 96 kHz/sec Sampling
Frequency? – That’s the Question

In order to do this, the organizers had adequate
microphones, high quality 24 bit 96 kHz A/D
and D/A converters, a recorder capable of
recording this data rate and a listening system
capable of showing the desired results.

At a certain point in this chain, the acoustic signal is converted to an electrical signal. That task
is assumed by the basilial membrane and is then
sent via the Cochlea nerve to the brain. The factor Kn(u) placed in front of each module corresponds to the non-linear characteristics of each.
In simpler terms, we can say that a variation by a
factor of 2 of an input stimulus will have a variation factor of maybe 2.1 on the output signal and
the signal will be deformed.

They had also made a series of recordings of various different musical styles in parallel at 24/96
kHz and 24/48 kHz.

This non-linearity characteristic can be written in
the form of a polynom:
2
3
n
K (u) = A0 + A1U + A2U + A3U … AnU

After the listening session, the participants’ comments were very commendable. “We really
heard a difference; the 24/96 kHz was much better!”

For our example let’s consider the squared terms:
2
K(u) = A2.U

D

uring a visit to the USA, a listening session was organized to demonstrate the
superiority of digital processing, operating at 96 kHz 24 bits over 48 kHz 24 bits.

Convinced by the reality of these comments, we,
the Research and Development department set
about to find a reasonable scientific hypothesis
with which to explain that energy contained in a
spectrum, outside which our ear, or more precisely, our hearing system can discern, improves
the listening comfort of the music.

A sinusoidal signal passing one of these modules
will demonstrate this non-linearity and will be
deformed as shown in Figure 2.
▼ Figure 2

The facts
At school we all learned that the human ear is
insensitive to sounds above 20 kHz (or even less
as we get older). More scientifically, we can
admit that, for an axiom, our brain cannot perceive a sine wave signal (pure signal) above 20
kHz. Before such a signal arrives in our brain, the
sound passes a multitude of different systems all
placed in series one behind the other, each of
which alters the signal in its own little way.

▼ Figure 1

Schematically speaking, we can represent our
hearing mechanism in the form of a series of little
modules, each with its own specific transfer
function:

Now, what would happen if TWO sinusoidal signals of slightly different frequencies arrived concurrently at the input to the module?
If our two signals correspond to the following
formula:
Uh=U1sin ω1t
Ui=U2sin ω2t
Then the resulting sum of the two superimposed
signals would be:
Uin=U1sin1t+U2sin ω2t To simplify things we
will assume U1=U2=1
Thus
Uin1=sin ω1t+sin ω2t and on the output of the
module we would have:
Uout=K(u).Uin
Or
2
Uout1=A2(sin ω1t+sin ω2t)
Or making the evaluation squared we get

1 2

by Jean-Claude Schlup
Uout2=A22((sinω1t) +2sin ω1t.sin ω2t +
(sin ω2t) )
2

If we concentrate on the middle term which can be
transformed according to trigonometry such that:
Uout3=Cos (ω1-w2)t-cos(ω1+ω2)t
If we represent this middle operand in a spectral
form, we would have
❷ Figure 3

2

If the components ω1 and ω2 have disappeared
on the output Uout3 of our system, it is because
they have been abandoned, to simplify writing at
the moment we considered the term squared in
our non-linear function.
The interesting thing to be noted is found at the
bottom-end of the spectrum, where the frequency corresponds to ω2-ω1 the unexpected
component appears (Figure 3).
In fact, if one of the modules at the beginning of
the chain of Figure 1 presents the characteristics
which we have just discussed, we could find, for
example, the following situation:

It is this behavior of our sense of hearing, which
could explain, among other things, the surprise
of the participants during the listening sessions
mentioned at the beginning.
Frequencies above 20 kHz, actually reproduced
by a system operating at a sampling frequency of
96 kHz arrive in our hearing and interact with
each other according to the demonstration
above. The audio spectrum modified in this way
could improve our perception of the sound.
Is all this theory reasonable? We have decided to
undertake a few different experiences to confirm
or reject this. The first manipulation which came
to mind, was to simply mix two high quality
signal generators, amplify the signal and then
play the results through a tweeter capable of
restitution of a signal up to 35 kHz.
Already excited with a modest level (about 2
Watts), with the ear placed at a distance of about
1 meter from the tweeter, we can in fact discern a
frequency of 1 kHz quite clearly (31 KHz-30 KHz
mentioned previously).
At this point of the experiment, have we proved
the presence, in our hearing, a system as
described in Figure 4?
Surely not, and in order to convince ourselves,
let’s try to explain our experience in a schematic
form (Figure 5).

If two frequencies, one of 30 kHz and the other
of 31 kHz, both totally inaudible, stimulate the
input of our module, we would see a frequency
of 31 kHz-30 kHz = 1 kHz appears on the output, which in itself is perfectly audible.
This is no great discovery. This principle has
been known for years, in fact it is the principle of
operation of all radio receivers. And it is also the
source of the French “Luxembourg effect”.
For this situation to exist in our case, it would
require that the chain of Figure 1 would take the
configuration exposed under Figure 4.
❷ Figure 4

▲ Figure 5

In front of the ear we have placed a certain number of modules, each of which can present a
non-linearity function corresponding to:
2

K= A2X

The two generators, independent from one
another, as well as the mixer (two metal film
1
/4 W resistances) can in theory be eliminated as
culprits. The amplifier, of excellent quality,
(because we designed it!) is unlikely to create the
effect discussed. Is it therefore the tweeter that is
the weak element in the chain?
To clarify this doubt, let’s modify the experiment,
and instead of feeding a tweeter with the two
1 3

5.1 on
the Nagra-D
signals, let’s feed the two signals (30 and 31 kHz)
to individual tweeters. To push the test to
extremes, we will also use two MPA amplifiers,
one for each channel rather than a single stereo
amplifier to avoid any interference at this point.

 Figure 6

Under this new configuration, even pushing the
level to the limit accepted by the tweeters, the
ear cannot distinguish any audible frequency at
all (1 kHz), unlike before. It therefore seems that
this phenomena does not occur within the
human ear, but instead in the tweeter and the
non-linearity’s of the different elements therein
(magnet, magnetic circuit, membrane etc.).
Even the air could have been the source of the
problem. Effectively at high acoustic pressure
levels above 130 dB SPL the air is non-linear and
does present the characteristic.
2

K= A2X

(In fact it is simple to understand, under compression, air can be compressed to more than
100 kg per cm2 before it becomes a liquid.
However, in diminishing the pressure, we cannot
hope to go below absolute emptiness (-1kg per
cm2). This is the principle used in generation of
ultra fine beams of infra-sounds – but this is a
whole different story).
Provisional conclusion
The difference between the two listening sessions that our audience noted, more or less
within the frame of our non-linearity theory is not
caused by our ears but rather by the imperfections of the transducer – the tweeter.
Until now, we have always worked with sine
waves.
Other phenomena concerning the behavior of
the human hearing system can be demonstrated
using short impulse sounds, but this will be the
subject of the next chapter of the article!
1 4
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n NagraNews #13, March 1996, I first introduced Nagra-D enthusiasts to the multichannel audio technology of “Ambisonics”
invented 25 years ago. Ambisonics in a systematic approach to the encoding of a soundfield at
a single point in space and the decoding of that
soundfield.
Unlike
other
multichannel
approaches to 5.1 production where at least 5
microphones and recording channels are needed
(unless a center microphone is dispensed with),
Ambisonics requires only 3 recording channels
to capture a full horizontal 360 soundfield and
just 4 channels to archive a complete spherical
soundfield. Surround recordists must disabuse
themselves of the simplistic notion that each
loudspeaker requires its own microphone feed.
Indeed, as noted by Michael Gerzon, one of the
inventors of Ambisonics, the use of 3 spaced
microphones representing each of 3 loudspeakers (L,C,R) creates the problem “that for each
original source, there are three sound arrivals at
the listener arriving at time intervals several ms
apart ... and three separated sound arrivals rather
than two [left ear and right ear] tend to give extra
spurious information not present in natural
sounds.... such extra time-delayed information
not only affects the image position, but also alters
other perceived spatial qualities.” This problem
is compounded by the addition of 2 surround
microphones. In Ambisonics, on the other hand,
a single point microphone called the
“SoundField” is employed which contains a
tetrahedral array of 4 subcardioid capsules
whose respective outputs are matrixed to produce the following acoustically equivalent
microphone signals: W,X,Y and Z, where W is an
omni pattern, X is a forward-facing figure-eight
pattern, Y is a side-facing figure-eight pattern and
Z is an upward-facing figure-eight pattern (collectively called “B-Format” signals). Thus, both
components of a soundfield – pressure and direction – are sampled at a point in space. It is not
necessary, however, to use a SoundField; rather,
as the picture shows, it is possible to employ a
single omni directional and 3 (or 4) bi-directional
microphones to encode the B-Format signals
(though such a rig is not quite as spatially accurate as the SoundField’s unique tetrahedral
design). Another obvious advantage of B-Format
is that stereophonic production is not compromised in the least provided one has an M/S
decoder.
A number of
Ambisonics:

websites

are

devoted

to

by Jeffrey Silberman
www.stanford.edu/~mleese/Ambisonic/faq_latest.htm;www.ambisonic.net;www.york.ac.uk/ins
t/mustech/3d_audio/ambison.htm
It cannot be over emphasised that the success of
the listening experience of a multichannel reproduction depends upon the consumer auditioning
the recording upon a loudspeaker layout similar,
if not identical, to the loudspeaker layout upon
which the production was monitored. Unless
the consumer has rather precisely positioned his
loudspeakers according to the 5.1 specification,
the reproduction will be compromised significantly. Ambisonics does not suffer from this serious drawback because it, unlike 5.1 production,
does not simply deliver loudspeaker feeds into
the home; rather, it provides the components of
the soundfield in the form of B-Format. Unlike
5.1, Ambisonic decoders accommodate each
consumer’s specific number of loudspeakers and
their particular angular layout. Furthermore, it is
worth noting that efforts have been made of late
to increase the number of loudspeakers beyond
5.1. LucasFilm and Dolby have joined forces to
market Dolby 5.1 “EX” which matrixes a center
rear loudspeaker from the discrete left and right
surround loudspeaker feeds. DTS, not to be outdone, is delivering DTS Surround 6.1 “ES” which
affords a discrete center rear loudspeaker.
Tomlinson Holman, one of the progenitors of
5.1, is now championing a loudspeaker format
he calls “10.2” since he finds 5.1 wanting for
music-only reproductions. Ambisonics, on the
other hand, is not limited to a specific number of
loudspeakers. As the consumer adds loudspeakers to his system, e.g., a center rear loudspeaker
or ceiling loudspeakers, an Ambisonic decoder
accommodates those desires by a turn of a knob
(up to 16 loudspeakers are possible). Unlike 5.1,
B-Format signals are both forward as well as
backward compatible.

eration decoders accommodate square and rectangular layouts as well as regular polygons such
as a pentagon, hexagon or octagon (full spherical
reproduction necessitates loudspeakers above
and below the listener). Second-generation
decoders are designed to accommodate asymmetrical layouts such as the 5.1 trapezium, i.e.,
0, +/-30 and +/-120 degrees (see US patents
#5757927 and #5594800). On the hardware
side, Cepiar, Ltd. (cepiar@aol.com) markets a
professional decoder and Cantares, Ltd. manufactures a consumer-oriented decoder which
handles a variety of other surround formats as
well (www.cantares.on.ca/decoder.htm).
On the software side, see:
www.muse.demon.co.uk/mn_index.html.
Since there is no necessity to have more than 4
recording channels on location, I encourage
Nagra-D users to experiment with Ambisonic
production. Employing the SoundField and my
Nagra-D, I have been making B-Format recordings for over 7 years. Oftentimes, I forego the Z
channel (height information) in lieu of a spot
microphone. B-Format panpots allows me to mix
the spot into the SoundField’s W, X, and Y signals
(in the absence of such a device, one can sum
the spot feed with the X channel provided, of
course, the spot instrument was centered). I
would be delighted to provide B-Format samples
on pre-recorded Nagra-D tapes for those interested. In addition, there is a surround sound listserve to which one may subscribe. It has
approximately 400 subscribers, mostly professionals and academics. Please e-mail me at
ambisonx@surroundworks.com for further information.

❷ B-format array
of Sennheiser mics
fabricated by
Steve Husing

Despite its obvious drawbacks, 5.1 has become
the de facto standard for multichannel audio.
Accordingly, the question naturally arises how
one can convert captured B-Format signals into
5.1 loudspeaker feeds. SoundField Research has
provided a solution in its SoundField Processor
which takes in line-level B-Format and outputs
5.1 loudspeaker feeds (www.soundfield.com). It
is important to note, however, that the processodoes not perform Ambisonic decoding though
this decoding may be a future option. For
Ambisonic decoding of B-Format signals, it is
imperative to distinguish between first-generation and second-generation decoders. First-gen1 5
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2000-2001 Events
SEPTEMBER

NOVEMBER

IBC 2000 International Broadcasting
Convention held from September 8-12 at
the RAI International Exhibition &
Congress Centre in Amsterdam. Booth
Nos. 1.226 & 9.338
Organizer: Nagravision SA Cheseaux/Switzerland

The 25th SBES Sound Broadcast
Exhibition Show, from November 2-3 in
Metropole Hotel, National Exhibition
Centre, Birmingham.
Organizer: Nagra Kudelski (GB) Ltd.
St. Albans/England

Top Audio & Video, taking place from
September 14-18 at Quark Hotel in
Milan.
Organizer: SAP Strumenti Acustici di
Precisione, Salerno/Italy

Seoul HI-FI Audio & Home Theater
Show 2000, from November 16-19 at
Sophitel Ambassador Hotel, Seoul.
Organizer: Woolee Trading Corp.
Seoul/Korea

High-end 2000, from September 15-18
at Seedamm Plaza in Pfäffikon
(Switzerland). Room No. A218

Tonmeistertagung,
International
Convention on Sound Design at
Hannover
Congress
Centrum
in
Hannover from November 24-27.
Organizer: Nagra Kudelski GmbH.
Munich/Germany

Organizer: Nagravision SA Cheseaux/Switzerland

The 109th AES Convention held from
September 22-25 at the Los Angeles
Convention Center, Los Angeles.
Organizer: Nagra USA, Inc. Nashville/USA
NAGRAVISION SA
KUDELSKI GROUP
CH-1033 Cheseaux
phone: +41 21 732 01 01
fax: +41 21 732 01 00
Web Site: www.nagra.com.

Tokyo International Audio Show, from
November 13-15 at Tokyo International
Forum.
Organizer: Taiyo International, Inc.
Tokyo/Japan

JANUARY
2001 International Consumer Electronics
Show (CES), at Alexis Park Resort in Las
Vegas, from January 6-9. Suite No. AP1360
Organizer: Nagravision SA Cheseaux/Switzerland

APRIL
NAB 2001 at the Las Vegas Convention
Center, taking place from April 23-26.
Booth No. L5238
Organizer: Nagravision SA Cheseaux/Switzerland

NAGRA, KUDELSKI, NEOPILOT, NEOPILOTTON, NAGRASTATIC,
NAGRAFAX, NAGRAVISION are registered trademarks.
The specifications contained in this publication are subject to
change at any time without prior notice following improvements
and modifications of the equipment.
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