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Introduction

Introduction

Digital microphones for professional audio applications have been on the market for quite a few years, but

their use in audio production has been rather limited thus far.

To facilitate the evaluation of this new technology, the authors of the present White Paper aim to offer a
view of the subject that is as objective as possible. In the process, not only the advantages but also the pos-
sible shortcomings of working with digital microphones will be considered in an even-handed manner.

Most currently available digital microphones for the professional audio market (aside from special solutions,
e.g. for mobile telephones) are based on the AES42 standard. That standard is an extension of the AES3

standard, and will be a major topic of discussion in this document.
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1. History of digital studio microphones

1. The history of digital studio
microphones

1.1. The first “digital microphone”

The likely first digital microphone was introduced
to the press at the end of the 1980s. It was rela-
tively small and unimpressive-looking, but held
out the high promise (for that time) of “CD qual-
ity.” The prototype, by Ariel, used a 16-bit A/D
converter along with a conventional microphone
capsule, in keeping with the then-current level of
technology. Unfortunately no further details

about this microphone are available today.

Figure 1: Ariel Digital Microphone

It was designed to match the newly-released
NeXT Computer (1988) which had been brought
to market by the newly-founded company of Ap-
ple cofounder Steve Jobs. The cube-shaped NeXT
workstation had computing power far ahead of its
time [1]. In addition to 32-bit graphics, it featured
a 25 MHz Motorola DSP56001 chip which could
perform real-time digital audio signal processing.
The Ariel “digital microphone” was designed for
connection to the NeXT’s proprietary audio input
port.

The microphone’s inventor, Jon Paul, considered
the idea of building an A/D converter directly into
the housing of a microphone to be innovative

enough that he filed immediately for a patent on
it (U.S. Patent 5,051,799 “Digital Output Trans-
ducer” (1989) [2]). During its lifetime this patent
made life difficult for other microphone manufac-
turers who wanted to sell digital microphones in
the USA, since its very broad claims would be in-
fringed upon by nearly any attempt to construct a
digital microphone with an analog microphone
capsule followed by a converter.

Unfortunately, this idea — like that of the NeXT
cube itself — was so revolutionary that neither
product became a commercial success. In 1993,
as the victory train of standard PC hardware and
Windows software became unstoppable, the mi-
crophone disappeared from the market along
with the NeXT hardware.

1.2. The first digital studio
microphone

Near the end of 1995 Kai Konrath, who was then
studying audio and visual engineering at the Uni-
versity of Applied Science in Disseldorf, began his
thesis project in the development of a digital stu-
dio microphone at Beyerdynamic. The cardioid
MC 834 was initially made digital by the inclusion
of a 20-bit A/D converter (Crystal CS5390). A 7-pin
XLR connector carried the bipolar 5-Volt power
supply and word clock sync along with a balanced
AES3 audio data stream. Since the A/D converter
had a narrower dynamic range than the capsule,
remote-controllable internal preamplification was
provided for the capsule’s signal.

At the beginning of 1996, however, soon after the
first prototypes were completed, Beyerdynamic
came into a close working relationship with
StageTec. The StageTec “TrueMatch” gain-ranging
system was licensed for use in the MCD 100, thus
allowing its dynamic range to increase to 115 dB
(A-weighted, RMS).

2 White Paper: “Digital Microphones and AES42“ v2.1, 052010



1. History of digital studio microphones
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Figure shows the block diagram
of the MCD 100. The “TrueMatch”
system was implemented in
DSP—the first use of such technology in a micro-
phone. Since no standardized interface was avail-
able for connecting this microphone to other

Figure 3: Beyerdynamic MCD 100 with power
supplies MCD 50, MCD 100 and MCD 200

equipment, Beyerdynamic developed various
powering units with AES3 outputs and remote
controllable attenuation or amplification.

The polarization voltage for the condenser micro-
phone capsule was derived from the 6-10V / 150
mA phantom powering. An analog preamplifier
raised the capsule’s inherent noise enough to
cover (and thus mask) the noise level of the A/D-

Figure 2: Block diagram of the Beyerdynamic MCD 100 digital
microphone with internal analog preamplifier

converter. As a consequence, very high sound
pressure levels could overload the A/D converter.
To reduce the likelihood of this, a remotely-
switchable pre-attenuation was provided. It was
set via control signals that modulated the phan-
tom powering.

Though the goal of digitizing the full dynamic
range of a condenser microphone capsule could
not be met completely, the MCD 100 still repre-
sents the first usable digital microphone. It awak-
ened the interest in an international standard in-
terface for digital microphones. Despite its mod-
est commercial success, the engagement of its
manufacturer caused many ideas that had been
realized in the MCD 100 (and its omnidirectional
counterpart, the MCD 101) to flow into the later
AES42-2001 standard. The presentation of the
MCD 100 at the 20" Tonmeister Convention
(1998) unleashed the interest of all the German
microphone manufacturers in working out a
standard for a digital interface under the aegis of
the German Electrotechnical Commission (DKE).

At the 1999 AES Convention, Milab introduced
the DM 1001 digital microphone. In contrast to
the MCD 100 and MCD 101, its directional charac-
teristic was adjustable through the use of two
pressure-gradient transducers; signals from the
dual-membrane capsule were digitized by a ste-
reo A/D converter chip without the use of gain
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1. History of digital studio microphones

ranging. This limited the converter to a dynamic
range of only 114 dB (A, RMS). The microphone’s
directional pattern, internal preamplification and
filter functions could be remotely controlled via
Windows-based software running on a PC.

Figure 4: Milab DM 1001 B Digital Microphone

1.3. The first commercial success of
digital microphone technology

The first larger application of this digital micro-
phone technology occurred in public address ap-
plications rather than in the studio realm. In 1999
the Reichstag building in Berlin was refitted as a
meeting place for the German Parliament and
was equipped with new digital audio technology.
Beyerdynamic’s MCD 800 series (Figure 5) was
specially developed for use as the delegates’ mi-
crophone, following a much simpler design con-
cept than that of the MCD 100. A simpler A/D
converter (Crystal CS5360) with a dynamic range

slightly greater than 100 dB (A, RMS) was used.
The lack of gain ranging necessitated a high de-

gree of internal analog preamplification.

CKD 1 + CVD 800

Figure 5: Beyerdynamic MCD 800 Series

For the speaker’s lectern it was planned to use
the “cardioid plane microphone” (KEM) [3], which
had been developed at the Institute for Radio
Technology (IRT) and was being built by Micro-
tech Gefell under license. Since exclusively digital
microphones were to be used in the Reichstag,
two KEM had to be “digitized,” i.e. provided with
TrueMatch A/D converters by StageTec.

Apart from the 220 delegates’ microphones in the
Reichstag (variants of the MCD 803) and the two
KEM 970, presumably very few of these models
are otherwise in use, since the completely digital
setup of the Reichstag has not been imitated
elsewhere. Nor did this prominent example help
digital microphone technology to achieve a
hoped-for market breakthrough, even though the
setup performs its daily service in a manner that
leaves no room for complaint.

1.4. The path toward a standard
digital microphone interface

At the European AES Convention in March, 1997
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1. History of digital studio microphones

Steven Harris, who was then with Crystal Semi-
conductors, visited all the microphone manufac-
turers to encourage them to work together on an
AES standard for an interface for digital micro-
phones. In the same year he introduced the first
results of these efforts, together with Xue-Mei
Gong and David Josephson [4].

The proposed microphone interface ([4], p. 10)
showed strong commonality with the initial de-
signs of Beyerdynamic, although it was kept far
more general. All operating voltages would be
obtained through the cable. A/D conversion and
optional signal processing could be remote-
controlled. Synchronization capability was al-
lowed as an option, although this was not speci-
fied in any detail. Even the powering showed par-
allels with the MCD 100: A phantom supply volt-
age would be coupled into the balanced line car-
rying the AES3 signal and extracted again within
the microphone, with center-tapped transformers
on both ends. Control signals would modulate
this supply voltage.

After the Tonmeister convention of 1998, at the
initiative of the German microphone manufactur-
ers, Working Group AK 742.6.1 of the UK 742.6
Subcommittee (microphones and headphones) of
the German Electrotechnical Commission (DKE)
was founded. Early in 1999, three sessions of this
working group worked out the essential elements
of AES42-2001. This was then presented as a pro-
posal to the AES in time for its European conven-
tion in May, 1999.

Nonetheless almost two more years passed be-
fore the first version of AES42-2001 was finalized
[5]. During this time the DKE working group’s
proposal was augmented with a capability for ex-
ternal synchronization. It was intended that the
commonly employed XLR-3 connector be used so
as to allow further use of existing installations.
But the this widely-used connector became a

matter of discussion which greatly delayed final-
ization of the AES42 standard. The fear was ex-
pressed, particularly by those from the USA, that
unschooled personnel could destroy the output
circuitry of analog equipment by connecting it to
powered AES42 inputs. For this reason a new,
mechanically coded “XLD” (=XLR for digital) con-
nector was advocated to prevent the very com-
patibility with XLR-3 connectors which had been
provided for in the original draft standard.

1.5. More recent developments

Since 1999, StageTec has been the only manufac-
turer of mixing desks to offer an interface card for
digital microphones in its product line. More re-
cent developments by other manufacturers con-
cern PC sound cards as well as portable recorders
(see section 4.1).

Directly following the publication of the AES-2001
standard, Neumann introduced its digital “Solu-
tion-D” microphone system in 2001. Initially this
consisted of the D-01 microphone and an inter-
face unit that supported the newly-defined stan-
dard. By connecting the interface to a Windows-
based PC, the microphone parameters defined in
AES42 could be remote-controlled via a
USB/RS422 port. The Solution-D microphone sys-
tem is Mode 2-capable (see section 3.2.4).

Small-diaphragm microphones from Neumann
and Schoeps arrived in the succeeding years.
Neumann extended their Solution-D system with
the KM-D microphones. With the CMD 2 ampli-
fier module (Mode 1-capable; see section 3.2.4),
Schoeps provided their modular “Colette” micro-
phone series with the ability to operate digitally.

The current revision of the standard dates from
2006 (AES42-2006) [12], and forms the basis for
the present document.
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2. What is a digital microphone?

2. What is a digital microphone?

2.1. “Digital” or “digitalized”?

Traditional microphones use a membrane and
convert its excursion or velocity into an electrical
signal.

Typical examples include the dynamic micro-
phone, in which a coil of wire is firmly coupled to
the membrane while being able to move within a
magnetic field; sound energy thus results in an
analog voltage being emitted by the coil. A con-
denser microphone functions quite similarly, but
in this case the membrane forms one plate of a
capacitor which varies its capacitance with mo-
tion of the membrane; sound energy thus causes
variations in capacitance which are transformed
into an analog signal.

D 1

Microphone membrane Analog stage A/D-Converter

Figure 6: Schema of a contemporary “digitized”
microphone: Membrane, analog gain stage, A/D
converter

Now if one gets the idea to build digital micro-
phones the first thought is always to leave the
analog world behind completely, and to produce
a digital signal as early in the signal path as possi-
ble. The ideal microphone would keep only the
retaining ring of the membrane, and would count
the number of air molecules that pass through
the ring in one direction versus those that pass
through in the other direction. The difference
would be the ideal output signal for a digital mi-
crophone. Unfortunately no one has yet suc-
ceeded in making a studio-quality microphone of

this kind. If they could, then the sound pickup
itself would be truly digital.

There have been countless attempts to build digi-
tal microphones with the aid of a membrane.
Membrane excursion still offers a good measure
of the difference between the molecules that
strike the membrane from the one side versus
those that strike it from the other side. At first
glance it would seem not to be too hard, then, to
measure the membrane’s excursion digitally. But
the attempts at doing this with studio quality
have reached the limits of technology sooner
than might be wished. For example, it is certainly
possible to make this measurement with a laser
beam, but then the results are spoiled by noise
because the laser obtains its values at only one
point on the membrane. This reminds us that the
good old membrane in a microphone integrates
over all the molecules, and that our result values
must take the entire membrane surface into ac-
count. And in order to reach the quality level of
analog microphones, a digital microphone would
have to register membrane displacements about
the size of one oxygen or nitrogen molecule!

These considerations, plus the fact that analog
microphones obviously work quite well, have led
all manufacturers to retain a well-proven, eco-
nomically affordable technology and to continue
using membranes even in digital microphones.
The excursions of these membranes also continue
to be conveyed in analog fashion. Thus in digital
microphones, customary kinds of audio A/D con-
verters convert the analog electrical signals into
digital electrical signals.

Ultimately the result is what counts. Sound enters
the microphone at one end, and on the other end
a digital signal can be obtained with all its pros
and cons. What happens in between remains ob-
scure to most users anyway.

6 White Paper: “Digital Microphones and AES42“ v2.1, 052010



2. What is a digital microphone?

A microphone manufacturer long ago might have
called such a microphone “digitalized” rather than
“digital”—which would have been completely
correct in principle. What is generally called a
“digital microphone” today is, strictly speaking, an
analog microphone that has an additional digital

part built in.

2.2. Dynamic range

Dynamic range is the ratio, measured in decibels,
between the largest
signal and the smallest
measurable signal (i.e.
the noise floor). But

components (because overloading an A/D con-
verter generally produces , hard clipping” as op-
posed to the ,,soft clipping” of the microphone’s

analog electronics).

Similar considerations apply to the noise floor of
a microphone. For one thing, the noise floor is
usually measured with a weighting curve (e.g. A-
weighting) that more or less closely approximates
the sensitivity of human hearing at different fre-
guencies. Thus in the area of the ear’s highest
sensitivity, an even wider dynamic range is

anyone who expects +6 dBV

dynamic range to apply
to an A/D converter in a
digital microphone the
same way as it applies
to an analog micro-
phone is making a huge

mistake.
TiA-
Modulator
Noise

We must take a closer

solweuAp gp €11

look at the way in which

N

dynamic range is indi-

cated for analog micro-
phones. Determining

the “largest signal” is

not so simple; rather, it 24 bit A/D-

is defined as the largest Converter

signal that can be ob-
tained within a given
distortion limit—usually
0.5% or 1%. This means
that still larger signals A/D converter, after [6]
can definitely be con-

veyed, but the distortion will then exceed the
chosen limit. Thus the overload limit of an A/D
converter in a microphone must be distinctly

higher than that of the microphone’s analog

solweuAp gp €11

™~

Microphone
+ A/D
Converter

138 dB{SPL) 138 dB(SPL)

SolWeuAp gp €} ) >

Microphone

10 dB(A)
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Converter

Microphone
+ideal A/D
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Figure 7: Dynamic range considerations for microphone signals connected to an

needed than would be the case with an un-
weighted noise measurement.

For another thing, no one would be well served if
the quantization noise of an A/D converter were
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2. What is a digital microphone?

at exactly the same level as the inherent noise of
a microphone, since the overall noise of the sys-
tem would then be 3 dB higher. It should also be
remembered that the quantization noise of an
A/D converter is far less acceptable to the human
ear than the thermal noise which (at very high
levels of amplification) would ordinarily be audi-
ble in a microphone.

In order for the noise of a digital microphone to
remain as low as that of an analog microphone,
the inherent noise of the digital microphone’s
A/D converter must be so low that total noise is
increased by no more than a few tenths of a dB. If
the noise of an A/D converter is at least 12 dB
lower than that of the analog microphone, then
the noise level of the combination (i.e. the digital
microphone) will be only about 0.3 dB greater
than that of the analog microphone.

These two facts lead to the conclusion that to
maintain the full dynamic range of a digital mi-
crophone, the dynamic range of its A/D converter
must exceed that of its analog components by at
least 20 dB. And that is also why the trend toward
digitization of microphones has taken so long to
get started. The best analog microphones today
have a dynamic range of about 130—135 dB.
Suitable A/D converters would thus have to offer
a dynamic range of 150-155 dB so as not to de-
crease this range. Such A/D converters have never
been built into any microphone so far.

Since even the AES42 (and any standard AES3)
interface itself cannot convey a dynamic range
like that (ca. 145 dB is the limit for a 24-bit inter-
face), with digital microphones one is forced to
make compromises somewhere (see Figure 7).

In digital microphones, most of the circuit stages
required by the corresponding analog variants are
present as before. These include the impedance
converter (for audio-frequency condenser micro-
phones) or the demodulator (for radio-frequency

condenser microphones). But the digital versions
can dispense with certain parts of analog micro-
phones: the output stage, which is necessary for
driving long cables, can be omitted and the A/D
converter can be matched directly to the stage
that precedes it.

Let us consider the case in which an analog mi-
crophone is connected to a preamplifier that
boosts its signal by some 10 to 50 dB (depending
on the microphone and application) so that an
A/D converter can be driven to full scale—
perhaps +15 dBu to +24 dBu, depending on the
converter and its settings. The actual converter
circuit within the A/D unit requires only some
lower signal level to reach full scale—perhaps 0
dBu to +10 dBu. Elevating the signal level (which
makes sense for reasons such as vulnerability to
interference in the signal lines) and then reducing
it again will not harm the signal quality in the
ideal case, but it can never improve the signal. In
a digital microphone it would not occur at all.

Conventional analog microphones, depending on
their type and their method of construction, have
various output voltages when excited by the same
sound pressure levels. Their placement at varying
distances from all kinds of sound sources can lead
to great differences in output level. In order to
drive the A/D converter as well as possible (i.e.
avoiding the bad signal-to-noise ratio that would
be caused by leaving too much headroom) but
also for practical reasons (to mix in a sensible
way, the faders on the mixing desk must be in a
certain part of their operating range), at some
point it must be possible to adjust the levels.
Most often this occurs in the microphone pream-
plifier; its gain can be set in more or less coarse
increments, or may be continuously adjustable.

For a digital microphone it is naturally possible to
perform this gain adjustment digitally at the input
of the mixing desk. This solves at least the practi-
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2. What is a digital microphone?

cal problem of the faders’ working range. The ef-
fects on headroom and signal-to-noise ratio re-
quire further consideration. If the A/D converter
in the microphone has distinctly lower levels of
noise and distortion than the inherent noise of
the microphone, then it can be assumed that digi-
tal level adjustments will not cause any decrease
in quality. In other cases it is helpful to provide at
least one and perhaps several coarse level ad-
justment stages before the A/D converter.

2.3. A/D Conversion

2.3.1. Introduction

All A/D conversion today follows the delta/sigma
principle [7]. This guarantees very good linearity
and extremely low distortion. The noise level of
some modern A/D converter chips is also very
low, but unlike distortion, the noise is not always
at the level of the microphone capsule that pre-
cedes it. Here, too, solutions already exist for rep-
resenting the entire dynamic range of an analog
microphone digitally (see section 2.3.2 following).

will remain small if the microphone is operated at
a high enough sampling rate. Various possibilities
exist for digital signal output; these range from
simple digital microphones with USB ports to pro-
fessional microphones that follow the AES42
standard (see Section 3).

2.3.2. Multi-stage converter schemes

In order to achieve a wider dynamic range than is
possible with single A/D converter chips, multi-
stage converter designs are available. The classic
approach is that of gain-ranging (see Figure 8).
The early systems were burdened with artifacts
[9], but perfect results can be obtained by suit-
able means today [10]{11][12].

In all existing gain-ranging systems, an input sig
nal is digitized by conventional A/D converter
chips at different levels of gain. Small signals,
which otherwise would be strongly affected by
the limited resolution of conventional A/D con-
verter chips, are first raised in level, then digi-
tized, then reduced in level again. In this way
good digital resolution can be attained even for

4+24dB ADC1

Analogue

—p

input signal v

» ADC2

b

Figure 8: Basic principle of gain ranging

The delta/sigma approach requires a decimation
filter to render the data in the usual digital distri-
bution formats. The way in which this filter is real-
ized determines further parameters of conversion
such as aliasing distortion [7] and latency; these

DSP
-24dB

Ny Digital
—’ data stream
level dependent ’
signal choice

small signals. At the same time, the low amplifica-
tion factor in the other branch of the amplifica-
tion circuit provides for overload-free digital sig-
nals even at high levels.
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2. What is a digital microphone?

The real art in the design of gain-ranging systems
consists in making the existence of different con-
version paths unnoticeable to the user, so that
the result is perceptually equivalent to that of a
single, seemingly higher-resolution A/D converter.
Thus any signal alteration that occurs in one of
the conversion paths must be precisely reversible.

Al DI

2ch
>-A

A/D-
Converter

Capsule

& »A2 D2

Figure 9: “Neumann system”: Multi-stage converter design according to [8]

There are various approaches to the realization of
the principle of gain-ranging, from simple switch-
ers and level matching via potentiometer up to
complex signal analyses that correct for compo-
nent aging, tolerances, and the phase errors of
individual conversion pathways.

There also are gain-ranging A/D converters that
operate with a non-linear gain characteristic
rather than using linear amplification (see Figure
9 and [8]). Different opinions exist concerning the
advantages and disadvantages of such systems;
the actual reason for such disagreements might
be issues of patent rights, given that the problem
of compensating exactly for the analog gain in
one path—the main problem in any gain-ranging
converter—is unaffected by the use of non-linear
amplification. This system has been used success-
fully by one manufacturer of digital microphones
for the past several years.
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3. The AES42 Standard

3.1. Origin and Motivation of the
Standard

The AES42 standard was sketched in its earliest
form at the AES conventions in 1997-99. The idea
was to create a standard which would permit as
much diversity among digital microphones as
there already existed among analog microphones.
Remote-controlled microphones as well as non-
remote-controlled microphones (which of course
represent more than 90% of all analog micro-
phones) were to be allowed, as well as micro-
phone power supplies both with and without re-
mote control facilities.

It was decided that the minimum requirements
should not be too complex; if an adequate supply
voltage was available, that would be enough to
ask. As a consequence, it was also necessary to
allow for microphones that transmit no control
information back to the power supply unit.

Stereo microphones were also to be permitted, in
order to use the corresponding capabilities of the
AES3 interface. Last but not least, the highest pri-
ority in the standard was for microphones to
function reliably when connected, before control
settings of any kind are made. That would have to
be independent of the sampling rate of the mi-
crophone and receiver, since there might be no
ability to communicate control information. Taken
to its logical conclusion, sampling rate conversion
(SRC, see Section 4.3) would be necessary.

Overall the intention was to produce as simple a
protocol as possible—one that would not even
require a CPU and that would encompass only the
functions that were absolutely necessary in the
microphone.

From the beginning, AES42 was very strongly in-

fluenced by four companies: Beyerdynamic,
Neumann, Schoeps and StageTec. A few other
companies were also involved during part of the
time.

The current version of the standard has existed
since 2006 (AES42-2006, [12]). A discussion is
currently taking place in AES Working Group SC
0404-D concerning a revision of the standard,
which is planned for publication in 2011. The
qguestions being debated include the storage of
parameters in the microphone as well as the defi-
nition of compressor/limiter parameters.

3.2. Operating data and protocols

3.2.1. Powering

One requirement for the operation of digital mi-
crophones is an energy supply. Of course this is
also quite common with analog microphones, but
not every transducer type requires it; most dy-
namic microphones do not require an energy
supply, but condenser microphones do as a rule.
Usually this is realized by means of phantom
powering via the analog signal cable, which al-
lows up to ca. 170 mW to be provided per chan-
nel. The energy requirements of digital micro-
phones are considerably greater, mainly because
of the A/D converter; for that reason the same
phantom powering arrangement cannot be used.
To avoid having to run a second cable to every
microphone, any kind of input for a digital micro-
phone must be able to support the electronics of
that microphone. USB microphones use the volt-
age offered by standard USB port.

AES42-compliant microphones are supplied phan-
tom powering (DPP = Digital Phantom Power: 10V
+/- 0,5V) that is imposed on a shielded, two-
conductor cable. This voltage is also modulated
between 10 and 12 Volts as a way of sending con-
trol signals to the microphone. The standard al-
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lows current consumption of up to 250 mA, ena-
bling the same power transfer as a USB port.

10 Volts was chosen because the resistance of an
AES3 cable amounts to 7 Ohms per 100 meters
per conductor on average. Thus for the maximum
cable length allowed by AES3 this resistance
would be 10.5 Ohms, and with the maximum al-
lowable supply current, the voltage drop would
be 2.625 V. The components with the highest
power consumption in digital microphones oper-
ated according to the AES42 standard are digital
components driven by (at most) a 5-Volt supply
via a voltage regulator. Thus even with the maxi-
mum allowable current consumption and cable
length, the supply voltage of 10 Volts guarantees
that more than 7 Volts will always reach the mi-
crophone.

Despite the high maximum current (250 mA) of
digital phantom powering, balanced analog mi-
crophones that are connected accidentally will
not be harmed since they either do not allow cur-
rent to flow to ground (dynamic microphones), or
else are built for similar or significantly higher
voltages (condenser microphones).

Matched pairs of supply resistors could not be
used because of the high current; instead, the
microphone and power supply each contain an
AES3-compatible transformer. The transformer in
the supply is fed via a center tap, while the pow-
ering is extracted within the microphone by way
of an identical center tap.

To ensure reliable remote control via pulses im-
posed on the supply voltage, the input capaci-
tance of the microphone should not exceed 120
nF. These remote control pulses are overlaid on
the powering as common-mode modulation with
a deviation of +2V (+0.2V).

3.2.2. Audio format

Considering now the “opposite direction,” a digi-
tal microphone is expected to deliver an audio
signal that complies with the AES3 standard
(www.aes.org). Possible sampling rates are 44.1
kHz / 48 kHz and their multiples, with 24-bit reso-
lution. Microphones with support for up to 192
kHz are currently available on the market.

The audio format is thus completely identical to
that of ordinary AES3 signals. However, the “user
bits” (= bits left free in AES3 for the user’s own
purposes) convey information about the micro-
phone and its settings. Unfortunately there is no
channel status bit thus far in the AES3 data
stream which could identify it as an AES42 data
stream and thereby indicate the meaning of the
user bits. An AES42 controller must take precau-
tions here to avoid (for example) misinterpreting
the user bits if a conventional AES3 signal source
is connected to it.

3.2.3. Compatibility

If a microphone fulfills the two basic require-
ments—digital phantom powering (DPP) and the
AES3 output format—then it is AES42-
compatible. The same holds true for an interface
input.

3.2.4. Synchronization

The AES42 standard distinguishes between two
types of operation: Mode 1 and Mode 2.

Mode 1

Mode 1 means that the microphone does not
support external synchronization. It runs on an
internal clock with a fixed sampling rate. If the
input of a controller or mixer (for example) can-
not be driven at that rate, the input must provide
sampling rate conversion. This will occur particu-
larly when multiple free-running microphones are
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connected to the inputs of a single system. But
Mode 1 microphones are of course much simpler
to design and implement.

Mode 2

As an alternative, Mode 2 operation allows the
simultaneous use of multiple microphones with-
out sampling rate converters. For this purpose,
each microphone’s sampling rate is set to match
that of the master clock in the receiving unit, and
then the clock within each microphone is led to
agree with the master clock in frequency and
phase by means of a split phase-lock-loop (PLL).
In this topology one or more voltage-controlled
crystal oscillators (VCXOs) replace the VCO of the
PLL circuit. The output of the phase comparator
and proportional integral/differential (PID) con-
troller are converted from analog to digital in the
power supply unit and sent as a control signal to
the microphone. This form of “follow-up” syn-
chronization is not unconditionally reliable. The
user must ascertain in every case that the micro-
phone is set to the same sampling rate as the
master clock, so that the capture range of the
VCXO will be wide enough for synchronization to

OcCcur.

Does the AES42 standard require Mode 1?

The standard prescribes that every microphone
must also support Mode 1 if synchronized opera-
tion is not possible. Actually such a rule is redun-
dant since in the absence of synchronization,
each microphone’s oscillator will run freely any-
way, thus meeting the definition of Mode 1.

Equally clear rules for the receiver side would be
important here. A multi-channel microphone re-
ceiver which lacks sampling rate conversion, and
thus does not support Mode 1 operation, can cur-
rently be considered “AES42 compliant” nonethe-
less. Multiple microphones operating in Mode 1
might be connected to it, but the arrangement

would be unusable because the receiver could
not synchronize their signals. Thus compatibility
is not assured even when all components follow
the standard.

If the multi-channel receiver were to support
Mode 1, it would not only gain support for Mode
1 microphones, but its overall reliability would
also improve significantly since all synchroniza-
tion problems would be avoided. If synchroniza-
tion were lost, sampling rate conversion would
ensure undisturbed operation of the micro-
phones. It is simply a fact that to use Mode 2, it is
mandatory for the user to ensure the correct set-
tings of all connected components.

The manner of synchronization used by Mode 2
has both advantages and disadvantages. The ad-
vantages are that the use of VCXOs allows the
quality of the clock signal to be kept very high
with regard to short-term fluctuation (jitter). Thus
the quality of the A/D conversion is not restricted
in advance by poor clocking. Furthermore, the
very slow transmission of frequency-regulating
information from the receiver to the microphone
means that the clock frequency of the micro-
phone can change only very slowly. This, too, has
an inherent positive effect on the A/D conversion.

The disadvantage of the system is that the cap-
ture range of the VCXO is very narrow. Typically a
digital microphone with a sample rate of 44.1 kHz
or 48 kHz can detune its frequency by only 6 to

8 Hz up or down at most. Thus it is not possible to
use the kinds of pull-up and pull-down accomo-
dations that are sometimes necessary when
working between PAL and NTSC video standards
(0.1%, corresponding to ca. 44-48 Hz). And only
with the aid of sampling rate converters can syn-
chronized Mode 2 digital microphones be used for
varispeed applications, which are everyday occur-
rences in recording studios.
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This raises the question of whether such a restric-
tion in the standard can still be considered up-to-
date, or whether other solutions might already be
thinkable given the current state of the technol-
ogy. Since the characteristics of the VCXO are
“hard coded” into the Mode 2 phase regulation
scheme of the standard, however, it surely would
not be altogether trivial to bring this about.

3.2.5. Remote control

The Appendix to the AES42 standard specifies a
series of commands which can be used for con-
trolling extended functionality in a microphone.
These control codes are sent to the microphone
via pulse-width modulation (+2 V, £0.2 V) of the
DPP. Their transmission is relatively slow (689 or
750 bits/s at 44.1 or 48 kHz respectively), though
for most commands this poses no problem. To
allow as well for the time-critical synchronization
of the microphone through this connection, the
standard provides that at least every fourth
command code must be a sync word. A higher
data rate for issuing firmware updates (8.8 — 9.6
kbit/s) is currently being considered for a future
revision of the standard.

A command set is defined for remote control of
microphone parameters and Mode 2 synchroniza-
tion of the sampling rate. Unfortunately this
command set is not arranged orthogonally, i.e. in
the most straightforward way. The user will not
experience this directly, but it makes implementa-
tion of the interface by further manufacturers
entering the market more difficult. Thus there is a
simple and an extended set of commands, but
the default settings of the two command sets are
not entirely the same.

The transmission format uses a 2-byte protocol.
The address byte identifies the particular com-
mand; then the data byte contains the value that
is to be set. This is followed by a transmission

pause with a length equal to at least one byte.

This structure enables a rudimentary implemen-
tation of the protocol (simple command set) in a
microphone with very simple logic components.

Simple command set

The simple command set supports microphone
parameters which can usually be set in an analog
large-diaphragm microphone. These are:

e Signal “pre-attenuation” (none, 6 dB, 12
dB, 18 dB). The standard doesn't say
where in the circuit this "pre-attenuation"
should occur.

e Directional pattern in 15 steps (omnidi-
rectional through figure-8)

e Low-cut filter (none, 40 Hz, 80 Hz, 120 Hz)
e Mute function
* Signal limiter disabled/enabled

e Signal gain (unity through 63 dBin 1 dB
steps)

e Mode 2 synchronization

The internal amplification is an interesting point.
Even if the 24-bit data format makes it unneces-
sary to set levels for the microphone signals, this
amplification capability was provided in order to
support the tape-based 16-bit recording formats
which were still common in the late 1990s (DAT,
ADAT, TASCAM). Their data format offers a dy-
namic range 8 bits (about 50 dB) narrower than
that of the AES3 interface.

The sole purpose of the peak limiter is to act like
an airbag—to contain the damage caused by
overload if the user turns the gain up too high.

Extended command set

An extended command set is intended to allow
operation without a mixing desk, by implement-
ing all the usual features in the microphone itself.
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It extends the protocol with 31 further com-

mands, which are:

Control of two lights, for communicating
with the performers in the recording
room

Generation of four different (but not
standardized) test signals. With an unfa-
miliar microphone this could always be
good for a surprise.

Calibration of the A/D converter in the
microphone. Converters in the late 1990s
could still be a little touchy when the
sampling rate setting was changed (they
might emit noise at 0 dBFS!). That could
be avoided with a calibration procedure,
but this is no longer needed today.

Resetting (=rebooting) the DSP software
(this would ideally be unnecessary in an
embedded system)

Choice among four pages for microphone
identification and status flag indicators

Dither and noise shaping of the quantiza-
tion error with 16(!) possible settings.
(One would be enough, if its noise shap-
ing characteristic matched the spectral
curve at the threshold of hearing.)

Sampling rate (eight possible settings:
44.1 kHz, 48 kHz, 88.2 kHz, 96 kHz, 176.4
kHz, 192 kHz, 352.8 kHz, 384 kHz)

M/S vs. X/Y selection for stereo micro-
phones (an M/S matrix may be imple-
mented in the microphone interface)

L/R or M/S balance coefficients (128 pos-
sible settings)

Equalizer (255 manufacturer-specific set-
tings or “no equalizer”)

Polarity (“phase”) of the output signal (0°,
180°)

e Stereo/mono selection. In mono mode,
both channels carry the same signal. The
standard does not specify which signal is
chosen.

e Compressor/limiter attack time (8 set-
tings from 0—100 ms, plus 8 “auto attack”
modes)

e Compressor/limiter release time (7 set-
tings from 50 ms—5 s, plus 8 “auto re-
lease” modes)

e Compressor/limiter ratio, 8 standardized
settings (1.2:1 through o=:1)

e Frequency response of the compres-
sor/limiter side chain, with four settings
(flat, 1 kHz high-pass, 2 kHz high-pass, 4
kHz high-pass)

e Threshold of the compressor/limiter (64
settings: 0 dBFS through -63 dBFS in 1-dB
steps)

e Brightness settings for the two lights, 16
steps each

The following items are currently being discussed:
1. Ground-lift switch

2. Data storage for parameter settings

3. Reverting to stored parameter settings

4. Reverting to factory parameter settings

5. Reverting to default parameter settings

6. Threshold for the peak limiter, 16 steps from 0
dBFS through -15 dBFS)

The protocol allows proprietary, manufacturer-
specific data (e.g. firmware updates) to be up-
loaded to the microphone by using a special
command in the extended command set.
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Microphone Identification and status flag
information

Indications of a microphone’s identity and the
settings that may be implemented within it, as
well as the current status of those settings, shall
be sent from a microphone to its powering unit.
One user bit per data word is employed for this
purpose. The maximum block length of this data
stream is 192 bits. Even though only one bit is
transmitted per audio sample, at a 48 kHz sam-
pling rate the transmission of a complete data
block requires only 4 ms. To increase the informa-
tion density of the transmission, four different
storage pages or data blocks are defined. By cy-
cling among them, a complete set of information
can be transmitted every 16 ms.

Each of the four storage pages delivers informa-
tion about muting, overload, activity of the peak
limiter, and the identity of the current data page.

The additional content of storage page 0 consists
of the low-cut filter, directional pattern, pre-
attenuation and gain settings. The availability of
various remote control features is also reported.
Since the AES42 interface is also intended for use
with receivers for wireless microphones, informa-
tion on the state of the transmitter’s battery
charge and field strength, as well as error correc-
tions, are reported. The status of two “call but-
tons” for conference setups is also reported.

Storage page 1 has as its additional content the
identification of the microphone manufacturer
and microphone model.

Storage page 2 has as its additional content the
microphone’s serial number, hardware and soft-
ware revisions, as well as its delay time measured
in samples.

3.2.6. DSP

The possibility of using the AES42 interface for
remote control of a microphone also makes new
microphone concepts thinkable. In principle,
within the specifications given in the standard
(current consumption, supply voltage, etc.), it
remains each manufacturer’s choice as to how
much DSP power will be realized in a given mi-
crophone. The protocol allows for manufacturer-
specific commands which could be assigned to
the control of any arbitrary DSP functions (e.g.
special equalizers or other audio processing fil-
ters). To the extent that such commands are kept
unpublished, of course, their functions would be
available only to the users of that same manufac-
turer’s AES42 controllers. This can be a trap, since
it is impossible to tell by looking at a microphone
what settings may be stored in it. With equalizers
in a mixing desk, for example, one can normally
see whether or not they are activated and if so,
what their settings are. But if someone stores
processor settings in a microphone and the next
user has a power supply unit with no remote con-
trol capabilities, that microphone could behave in
an unexpected manner without the cause being
immediately evident.

Some microphones actually do not “fall back” to a
default but reload a previously stored setting. This
can be a nice feature, but could also cause errors.

There is a further risk with digital microphones:
Whenever digital signal processing is being per-
formed, the transit time can depend on the DSP
program that is running. In an extreme case two
microphones of the same type could differ in
their signal latency (see also Section 4.2.1). The
user would need to take appropriate precautions
to avoid this situation.
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4. Practical issues in the use
of digital microphones

4.1. What AES42 controllers or
interfaces exist?

Some solutions for the use of AES42 digital mi-
crophones are currently on the market. On the
one hand are the modules and interfaces devel-
oped and sold by the microphone manufacturers
themselves. On the other hand are implementa-
tions of the interface in existing mixing desks, and
naturally--just as in the analog realm--interfaces
from third-party manufacturers which offer the
controller purely as a format converter with out-
puts in various other audio signal formats. The
actual offerings are easy to summarize. Unfortu-
nately, some products exist only as announce-
ments or declarations of intent from the various
manufacturers.

The available range of functionality is very wide.
Some simple modules are available which can be
inserted directly into the cable path from the mi-
crophone. They produce digital phantom power-
ing either from AC (mains) or batteries, and offer
an AES3 signal at the other end. In this case the
microphone runs in Mode 1. Specifically for mo-
bile applications (e.g. film sound recording), there
also are AES42 inputs in film sound mixers and
portable recorders. Most such equipment allows
Mode 1 operation with sampling rate conversion.

Beyond that, AES42 inputs are also offered in
large mixing desk systems. In this case only the
most basic, necessary remote control functions
are usually available, since large consoles offer
their own DSP functions (equalizers, dynamics
processing), and a complete implementation of
the standard would be difficult to integrate into
the console’s existing control surface.

Controllers that implement the full range of the

AES42 protocol exist in various sizes starting with
two-channel solutions, but eight-channel units
are becoming increasingly common. Depending
on the intended application, conversion to other
digital formats (MADI, Ethersound etc.) may also
be offered so that digital microphones can also be
connected to larger audio networks.

In addition to external controllers and those built
in to mixing desks, AES42 ports are also being
planned as audio cards for the PC or Mac. Up to
four digital microphones could be connected di-
rectly to a PCl or PCle card, for example, so that
their signals would be immediately available in
the DAW software. The microphones could then
be controlled via a driver dialog box.

4.2. What is the difference between
using digital and analog microphones?

4.2.1. Latency

When using digital microphones it should be kept
in mind that their delay times may differ. On the
one hand this depends on the A/D converter
chips being used; there is considerable difference
in latency among different types. If signal process-
ing is being performed within the microphone, its
latency will also come into play. Surely the largest
contribution (0.5—-2 ms, see Section 4.3) will be
that of a sampling rate converter, although it is
located in the receiving device rather than in the
microphone. Differing delay times will occur
above all with simultaneous use of Mode 1 and
Mode 2 microphones as well as “mixed opera-
tion” with analog microphones and external A/D
converters. In such cases the actual acoustical and
electronic delays should be determined and ap-
propriately compensated. This can be done with
suitable acoustic measurement systems or more
simply by recording the sound of a “click frog.”
The AES42 standard also provides for determining
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and conveying the actual latency time of a micro-
phone.

4.2.2. Power consumption

Digital microphones can require more power than
analog microphones (max. ca. 2.5 W for digital
microphones vs. <200 mW for P48 analog micro-
phones). That could make them less suitable for
portable (battery-powered) applications. How-
ever, the power consumption certainly does not
need to be so high. The AES3 output stage will
require ca. 100 mW to deliver the prescribed sig-
nal voltages into the prescribed resistance. It is
conceivable that in the future, much less power
will be required for the rest of a microphone’s
circuitry than is the case with currently available
digital microphones.

4.2.3. Cables

An analog microphone “always works somehow”
even if it is connected via less-than-ideal cable.
But a digital microphone operating at 192 kHz
might not function at all if it is connected to its
receiver through a long XLR cable of unsuitable
type; the output signal might not arrive correctly
at the receiver. At first glance that is a constraint,
but on second thought one can also see an ad-
vantage in being forced to use suitable cable. Un-
suitable cables can also cause a reduction in au-
dio quality with analog microphones, but some-
times this might fail to be noticed because “it
works anyway.”

One of the claims made for AES42 is that existing
microphone cables can be used with digital mi-
crophones, but that is true only to a limited de-
gree in practice; this claim must be regarded with
caution.

Digital microphones have the advantage of con-
tinuing to use 3-conductor XLR cables, although
they can be carrying two audio channels as well

as the control signals for the microphone. For
analog microphones this would be possible only
with special cables or add-on units (e.g. the capa-
bility of remote pattern control by varying the
P48 supply voltage).

4.2.4. Are digital microphones more
complicated to use than analog
microphones?

We have become well accustomed to working
with analog microphones and 48-Volt phantom
powering. The introduction of digital micro-
phones calls for special effort which in some cases
will approach that of a laboratory. Until the pow-
ering and controlling of digital microphones has
come into such common use as (for example) the
P48 standard, digital microphones will not be as
simple to use as analog microphones. A closer
parallel would then exist with analog micro-
phones that require special power supplies or
control units (e.g. tube microphones with special
power supplies and cables, or microphones with
remote-controlled directional patterns).

4.3. Sampling rate conversion

4.3.1. Necessity

Here different opinions and many prejudices ex-
ist. A sampling rate converter (SRC) is needed
whenever the sampling rate of a digital audio sig-
nal cannot simply be accepted by a system, and
must instead be adapted to suit it. This can occur
even with rates that are nominally the same, if
they have been driven by different clocks.

That is not fundamentally a bad thing, but of
course the question of audibility comes up imme-
diately.

For a digital microphone that follows AES42, in
principle one could synchronize the receiving in-
terface to the sampling rate of the microphone.
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That would work as long as there is only one mi-
crophone, but it is no longer a solution if there
are two or more. This was understood long before
the AES42 standard. The choices are to learn to
live with divergent sampling rates or to adapt the
microphone to an existing setup (e.g. mixing
desk). The standard permits either approach.

4.3.2. Operating principles and
characteristics

Basic principle

The basic task of any sampling rate converter is to
calculate sample values at the target sampling
rate which are equivalent to those of the source
signal. Theoretically one could interpolate addi-
tional samples into the source signal until sample
values for any other given sampling rate became
available; then the needed values could simply be
picked out. But this “infinite interpolation” would
be equivalent to an analog conversion, and in this
sense a D/A converter followed by an A/D con-
verter running at the target rate would represent
the simplest form of asynchronous sampling rate
converter.

To avoid this detour via analog, the required sam-
ple values can be calculated with the aid of an
interpolation filter (Figure 10). Conversion quality
sufficient for a high-quality digital microphone
can be achieved with an oversampling ratio of 2%°
or higher. But the calculation of such an enor-
mous quantity of sample values is economically
infeasible, and the resulting sampling frequencies
in the gigahertz range would no longer be practi-
cal, either. For that reason the interpolation proc-
ess calculates only those sample values that are
actually needed for the output signal (Figure 11).
For this purpose, it must first be determined
which points in time within the source sampling
period correspond to the points in time of the
output sample values.

Source sample rate

Source signal

Interpolation

Intermediate signal
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Figure 10:

Top: Source signal with sampling rate fq,
Middle: intermediate signal interpolated from
the above, with a sampling rate f >> fq,
Bottom: Target signal with sampling rate fz # fq
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Figure 11:

Top: Source signal with sampling rate fq,
Middle: Intermediate signal which has been
interpolated in an optimized manner,

Bottom: Target signal with sampling rate fz # fq

Because of the mutually asynchronous clocks of
the microphone and target system, the moment
of interpolation varies within the source sampling
period on a sample-by-sample basis, and must
therefore be recalculated for each target sample
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value. This creates the possibility of jitter be-
tween the two clocks. To find the proper moment
for interpolation, the relationship between the
two sampling rates is determined continuously,
and the needed samples are calculated on the
basis of that information.

Intermediate storage

Since the relationship cannot be determined in
less than one sampling period, an average of sev-
eral periods is taken; this also allows any variance
caused by jitter to be suppressed. In the interim,
intermediate storage (buffer memory) is needed
to store any extra samples resulting from sudden
changes in the previously calculated sampling rate
relationship, or if needed, to provide additional
samples until a valid new value of the sampling
rate ratio can be determined.

If the sampling rate ratio should change in one
particular direction over a longer period of time,
the buffer memory could over- or underflow. To
avoid this, the determination of the sampling rate
ratio is regulated so as to

with some reduction in quality as the result of any
clock jitter.

With a digital microphone as source, the sam-
pling rate in relation to any given target system
will be constant. Intermediate storage thus has
the sole function of buffering any short-term
variations in the sampling rate ratio that occur
due to jitter. Since the microphone’s internal clock
will usually be quartz accurate and thus nearly
jitter-free, this leaves only the target system’s
clock (depending on its origin) as a possible
source of jitter. Here, too, in good implementa-
tions the jitter is so low that a memory buffer of
just a few sample values is perfectly adequate. Of
course the previously described sampling rate
corrections within the buffer regulation are inau-
dible; not even a brief change in musical pitch will
occur, for example. The input signal is correctly
converted at every moment, but the exact mo-
ment chosen for the calculation and the calcula-
tion rate are adjusted dynamically to fit the situa-
tion within the sampling rate converter.

k h ”f ” | |" f Anti-Imagingfilter Anti-Aliasingfilter
take the "fullness level” o Segment at fo>fs o
Source —y—» M;'ng — interpolation [—» —» D%zﬁ:‘;;“ﬁ: —— Output
the buffer memory into ac- i (Upsampling) FIR FIR ( sk
count. If it is too low, the l
conversion rate is briefly in- .

f1/f
creased, or if it is too high,

the conversion rate is de-
creased until the buffer

Figure 12: Block diagram of a sampling rate converter

reaches its nominal “fullness

I”

leve

The speed of this regulation process influences
the quality of the sampling rate conversion. If it is
set to be very slow, a large buffer will be neces-
sary. This will effectively suppress errors caused
by jitter, but will increase the transit time (la-
tency). A very small buffer will suffice if the regu-
lation is designed to be fast; lower latency will be
achieved, but then one would have to reckon

Interpolation and decimation filters

If a microphone is operating at a higher sampling
rate than the target rate, interpolation alone will
not suffice; the source signal’s greater bandwidth
cannot be represented at the sampling rate of the
target signal. To prevent aliasing distortion, an
appropriate band-limiting process must precede
the conversion. This requires a decimation filter.
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Interpolation and decimation filters are usually
implemented as linear-phase FIR filters [7]; the
two functions can also be combined into a single
filter. Such filters are responsible for the greatest
part of the total latency, with the absolute transit
time being directly related to the translation ra-
tio. But it also depends on the sampling rate. If
both the microphone and the target system oper-
ate at 48 kHz, for example, latencies of less than a
millisecond are possible without diminishing the
microphone’s quality through noise or distortion
from the sampling rate converter.

Half-band filters are often employed, which can
lead to certain (usually negligible) aliasing errors
around the Nyquist frequency [7].

Figure 12 shows the overall block diagram of an
asynchronous sampling rate converter.

Latency

Typical signal delay times for SRCs are 0.5—-2 ms,
depending on the sampling rates at which they
operate. Myths to the contrary notwithstanding,
the latency time of an SRC is precisely defined,
and is always given in the manufacturer’s specifi-
cations. It depends on the sampling rate. The in-
put values of asynchronous signals are also inter-
polated with complete phase accuracy, i.e. pre-
cisely the same sample values are generated as
would have been generated with a synchronous
signal at the input.

4.3.3. Modern sampling rate converters
and audio quality

It is immediately clear that sampling rate conver-
sion works better the higher the sampling rate of
the intermediate signal is (oversampling) and the
better the low-pass filter is at allowing only the
original signal components to pass through. As
with all things in life, there are possible ways to
implement an SRC less expensively. It is very

tempting to set a lower oversampling ratio, since
this would avoid having very high frequencies in a
semiconductor circuit while reducing the number
of semiconductor components. The low-pass filter
offers a further cost-saving potential: Insufficient
bit depth, a lower-grade filter, and the previously
mentioned half-band filters can be used. Each of
these measures (or all of them combined) offers a
savings in semiconductor components.

In the early days of digital audio, semiconductor
technology itself had not yet reached a stage al-
lowing truly high-quality SRCs to be built. Thus
early on, SRCs acquired the sense of being some-
what disreputable—always audible in their effect,
and better not used at all. Unfortunately, people
easily overlook the fact that quality has its price.
And it is damnably difficult to redeem a bad im-
pression—nearly impossible, since now that peo-
ple no longer hear artifacts from SRCs, they also
tend not to ask whether an SRC is in the circuit.

Truly high-quality SRCs have a dynamic range
greater than 140 dB, “distortion” less than
0.00001% and no modulation-dependent distor-
tion of any kind. SRCs today genuinely achieve
near-24-bit quality, and can be employed with no
loss of quality worth mentioning. Thus the opera-
tion of a digital microphone in Mode 1 can be
seen as a true alternative to synchronized opera-
tion in Mode 2. Generally the only remaining ar-
gument against Mode 1 operation is the transit
time of the SRC.

SRCs have long ago become ubiquitous. Practi-
cally every CD has had its sampling rate converted
downward, and nearly every DVD or Blu-ray Disc
has had its sampling rate converted upward. Of-
ten the process goes unnoticed since the SRC is
concealed within the audio preparation software.

Terrible things can occur when sound is added to
picture. Image processing has no equivalent to
SRC; entire frames must be repeated or skipped
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when differing frame rates need to be matched
up. If sound is already attached to the picture,
then either 40 ms is repeated or 40 ms is cut out.
Today, audio companies that once built their leg-
endary reputation with dynamic range improve-
ment offer equipment that tries to use cross-
blending to conceal the transitions between these
40-ms segments. That, too, is a kind of “sampling
rate conversion”!

4.4. Operational reliability

Operational reliability is a decisive criterion for
the professional user when evaluating any new
technology. The following section will illustrate
various aspects of the use of digital microphones.

4.4.1. Increased likelihood of failure due
to greater complexity of the electronics?

Moving mechanical parts have the highest rate of
failure—connectors above all. If the number of
cables and connectors is reduced, the failure rate
goes down as well. In this respect the integration
of the preamplifier and A/D converter into the
microphone is helpful. Setting levels with a digital
signal processor rather than a potentiometer
eliminates another possible source of mishap.

Of course all electronic components must be op-
erated within their specified temperature range
to maintain their guaranteed service life. The de-
veloper must also keep in mind the maximum
number of write operations that non-volatile
memory allows, as well as its maximum data re-
tention time (up to 100 years!).

In summary, high-quality microphones, be they
analog or digital, must be dealt with as profes-
sional rather than consumer products.

4.4.2. Electromagnetic compatibility and
radio-frequency interference

Every serious manufacturer can tell stories about
the difficulties of getting analog microphones and
amplifiers to be “RFI-proof”. This task will become
more and more demanding in coming years, as
communications services move increasingly into
the UHF frequencies set free by the recent
changeover to digital television.

There are analog microphones which have exem-
plary immunity to interference from external sig-
nals. But due to the high signal levels of the AES3
data stream, digital microphones are immune to
interference into the cable. The same is also true
for interference from magnetic fields.

4.4.3. Phantom powering

The AES42 standard defines digital phantom
powering (DPP) so that it will have enough cur-
rent in all cases. Digital technology also offers the
manufacturer possibilities for recognizing defects
in powering, and above all, for notifying the user
of the problem in some appropriate way—e.g. via
the return data stream or a flashing LED. This ca-
pability doesn’t exist with analog technology; in-
sufficient powering may be recognized only when
high signal levels occur, i.e. while recording.

4.4.4. Humidity

The absence of humidity problems is a side effect
which the manufacturers discovered only at a
rather late stage. The power consumption of half
a Watt to one Watt dispels condensation in the
microphone without noticeably raising the tem-
perature of its housing.

4.45. Cable capacitance

With analog microphones, the use of long cables
can cause an overall loss of level as well as a re-
duction of maximum output level at high fre-
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guencies. But even with cable lengths far beyond
the specified limit (usually 300 m) a more or less
acceptable signal generally still comes through—
which speaks well for the operational reliability of
analog microphones.

With digital microphones the situation is some-
what different. Cable capacitance has no effect at
all on the audio quality of digital signals. If the
“sound” of analog cables was ever a topic for dis-
cussion, this worry now belongs to the past.

Due to multi-bit sigma-delta converters, the prob-
lem of jitter has shifted increasingly to the back-
ground. For distances up to around 100 meters,

|/I

AES3 signals can be conveyed by “normal” micro-
phone cables. For lengths up to 300 m, imped-
ance-matched 110 Ohm cables can be used. 75-
Ohm coaxial cables can carry AES3-id signals® up
to 1000 m without any loss of audio quality. Digi-
tal technology offers a suitable transmission me-
dium for every application, but the use of unsuit-
able media or the overstepping of stated maxi-

mum cable lengths does not work.

4.4.6. Input impedance of the equipment
to which the microphone is connected

The input impedance of an AES3 port is standard-
ized. No manufacturer would dare to deviate
from a 110 Ohm input impedance.

4.4.7. Synchronization

This set of problems does not exist for analog mi-
crophones, making life much simpler for them.

Synchronization to a master clock signal which is
received by each piece of connected equipment
has been used since the very beginning of digital
studio technology. This approach obviates the
need for sampling rate conversion. The concept of

! Explanation: AES3 id (Information document)

describes a way to transmit standard AES3 signals via a
coaxial 75 Ohm cable.

distributing a centralized clock is continued in
AES42 Mode 2. The necessity to arrange for syn-
chronization naturally reduces operational reli-
ability, since the correct distribution and function-
ing of synchronization is left up to the user. No
one loves this responsibility; thus for “quick and
dirty” setups, analog equipment is often pre-
ferred.

AES42 Mode 1 was conceived as an uncompli-
cated “plug-and-play” solution which doesn’t
even require the user to know the sampling rate
for which a microphone has been set; the micro-
phone can simply be connected to any Mode 1
input. Unfortunately, Mode 1 support on the re-
ceiving side is not prescribed in the AES42 stan-
dard as obligatory (cf. Section 3.2.4).

4.4.8. Embedded software

This is another problem unknown to the users of
analog microphones. Where there is no software,
no software failures can occur. A basic discussion
of software reliability may be useful in this con-
nection.

DSP software is fundamentally very reliable be-
cause it can never get into an “undefined state.”
This is a side effect of its deterministic behavior;
the program runs in a sample-driven loop with
known execution times for routines that never
vary. “Dead” code branches and untested soft-
ware states are both rare, so bugs seldom occur.

But this matters only to the extent that no other
tasks are running asynchronously on the same
processor, e.g. control programs or code that
reads from or writes to storage media. Whenever
several asynchronous tasks exist, an operating
system must be used, and of course it, too, must
be tested for reliability. The additional processor
overhead increases the need for computational
power and raises current consumption; the re-
sulting increase in heat further reduces opera-
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tional reliability. User access to data storage via
software is the most dangerous of all, since cor-
ruption can occur.

An excess of gimmicks and software tricks can be
harmful to reliability; they must all be tested very
conscientiously before the manufacturer can be
sure of getting a market advantage from them.
Certainly “less is more” in this area.

On the other hand, the software in a microphone
can also monitor its own operational status. Thus,
for example, one can imagine a microphone
which notifies the user of any deviations from the
manufacturer’s specified tolerances, assuming of
course that the corresponding sensors are built in
to the microphone. Some present-day micro-
phones, for example, already check for proper
installation of a capsule and report its status to
the receiver.

4.4.9. Summary

From a technical viewpoint, the use of digital mi-
crophones increases operational reliability. Signal
integrity is improved, the likelihood of electronic
failure is decreased because of the reduced num-
ber of components in the signal chain, electro-
magnetic compatibility and immunity to RFl and
magnetic fields are improved, defective powering
can be detected by the microphone, and finally,
the increased power consumption makes the mi-
crophone less sensitive to humidity in the air. The
audio signal is not influenced by the cable.

Operational reliability will surely not be notably
influenced by the age of the products. It will be
endangered far more by contradictory “interpre-
tations” of the AES42 standard, by differing soft-
ware conditions between the microphone and
the receiver, by parameters stored in the micro-
phone, by sampling rates that are too high for
unsuitable cables and the like. All problems with
AES42-conforming digital microphones thus far
have been traceable to these issues.

A digital system is definitely susceptible to mal-

function due to improper operation or defective
components. The need for paying careful atten-

tion is thus greater.

The problems of synchronization and embedded
software should be solved by manufacturers lim-
iting themselves to reliable solutions and refrain-
ing from too many “gimmicks.”

4.5. Areas of application for digital
microphones

One can imagine uses for digital microphones in
many fields. One is in fixed installations (e.g.
theaters or opera houses) where each program
might call for different settings. The directional
pattern, for example, could be set comfortably
from the control desk without requiring an ad-
justment to be made at the microphone itself
(e.g. on a lighting bridge above the stage).

Digital microphones make even more sense in an
environment of that kind, because the fact that
A/D conversion takes place inside the microphone
makes them exceptionally insensitive to interfer-
ence from light dimmers, for example.

In connection with the converter principles men-
tioned above, digital microphones could also be
of interest in critical recording environments. An
appropriately constructed microphone would
make level-setting for each microphone unneces-
sary. That would also mean that normally, no
overload would ever occur, either. A system of
this kind is helpful most of all if, for lack of per-
sonnel or time, the signal levels cannot be prop-
erly set in advance, e.g. for news reporting. Actu-
ality recordings can be either over-recorded or
(due to an excess of caution) under-recorded, of-
ten requiring that much time be spent in post-
processing to reconstruct the signals so that they
are suitable for broadcast. As with film sound re-

24 White Paper: “Digital Microphones and AES42“ v2.1, 052010



4. Practical issues in the use of digital microphones

cording, the previously mentioned immunity of
digital microphones to interference is also a great
advantage in this situation.

Naturally digital microphones are also very good
for use in the studio sector, even though the spe-
cial environment makes their advantages some-
what less noticeable. The dynamic range im-
provement due to the avoidance of possibly infe-
rior microphone preamplifiers and A/D converters
could have a positive effect especially in the semi-
professional arena.
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5. Future directions for digital
microphones

5.1. Compatibility with existing
systems

The specific way in which digital microphones
must be powered prevents them from being con-
sidered directly compatible with existing mixer
and preamplifier systems. But once this powering
has been provided, the digital audio signal can be
fed into nearly all digital production environments
without difficulty. To use the microphone with an
external controller requires a format converter,
but some interfaces already offer a great variety
of well-known output formats, either natively or
via expansion options.

Integration into existing systems is even simpler if
the manufacturer of the mixing board offers an
AES42 input port. Then the user would experi-
ence no difference between analog or digital mi-
crophones in terms of integration with the mixer
and the signal processing within it.

5.2. Investment costs (amplifiers,
capsules, converters)

Upgrading to digital microphones is naturally an
economic issue as well as a sonic one. Many stu-
dios already have a large investment in analog
microphone technology and do not feel called
upon at present to make this investment a second
time. At least the microphone amplifiers (the in-
ternal circuitry of the microphones) would need
to be exchanged for a digital variant. With some
manufacturers that is the only requirement for
refitting a microphone; all capsules (and poten-
tially accessories) that were already on hand for
the analog microphone can then continue to be
used on the digital amplifier.

But in some cases, especially with microphones
that have not been designed as the combination
of an amplifier and one or more interchangeable
capsules, an entire new microphone must be
bought. Until about two years ago, the digital ver-
sions of microphones were still distinctly more
expensive than their analog counterparts. But the
manufacturers have adapted to the market in the
meantime. For a complete new microphone
(which might be necessary anyway), it hardly
makes any difference in price whether a digital or
an analog microphone is being bought.

Naturally, suitable controllers are needed for op-
erating the microphones. Here, too, some things
have happened in the last few years. The offerings
have increased, and the manufacturers have rec-
ognized that the decision for or against a digital
microphone should not be made solely on the
basis of price—so they have seen to it that the
receivers are now priced interestingly in compari-
son with analog microphone preamplifiers.

But how future-proof is such an investment?
With analog microphones that are well taken care
of, it can be assumed that they can be resold even
many years later with only a moderate loss in
comparison to their cost when new. But in many
areas the introduction of digital technology has
caused developments to advance more rapidly,
and product life cycles to become shorter. What
will happen if a digital microphone that you buy
today because of its technical capabilities (e.g.
the DSP or logic chips that it uses) is no longer
“up to date” in five years and can no longer be
used, either due to shortcomings in its features or
(far worse) changes to the interface? The AES42
standard is being asked to form a reliable basis
upon which manufacturers and users alike can be
certain that their investments are “future-proof.”
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5.3. Differences among
implementations of the AES42
standard

The AES42 standard allows a wide range for im-
plementing a digital microphone. One basic, de-
fining choice is whether to synchronize the mi-
crophone or not. In the standard the two possi-
bilities are described as Mode 1 and Mode 2 op-
eration (see Section 3.2.4).

Currently available digital microphone solutions
are rather strongly manufacturer-specific. The
controls offered by the powering units of manu-
facturer “A,” for example, match the accessible
parameters of the microphones from the same
manufacturer very closely. Manufacturer “A” of-
fers only microphones which support Mode 2,
and for this reason the power supplies and con-
trollers of this company lack the sampling rate
converters that would be necessary for their use
with microphones from manufacturer “B.” Mixing
desk manufacturer “C,” on the other hand, sup-
ports only a few microphone parameters and of-
fers no support for Mode 2 whatsoever; thus few
of the special characteristics and functions of the
microphones from manufacturer “A” can be used.

Further differences occur in the extent of the mi-
crophone settings that can be controlled re-
motely. Far more possibilities are defined in the
standard than are offered by any practical imple-
mentation at present.

In the simplest case a digital microphone might
neither have any settable parameters (e.g. level
control, filters, directional pattern) nor be syn-
chronizable; it might fulfill the requirements of
the standard only with respect to the interface:
operating voltage, current consumption, protocol
of the output signal, etc. A “full-fledged” digital
microphone by contrast could be synchronizable
via Mode 2, support two-channel operation, have

adjustable directional patterns, and perhaps even
offer special filters.

Since the standard is so broadly encompassing
that any given microphone can never serve all of
its aspects simultaneously (for example, specific
parameters are defined for wireless microphone
systems), the requirements for the receiver—the
powering and control unit—can be very complex.

5.4. Which areas of application hold
the future of digital microphones?

Digital technology has moved into many areas of
audio that were dominated by analog technology
as recently as a few years ago; in some areas its
hold has become nearly exclusive. This applies as
well to telecommunication, radio and television.
Given that, one might dare to predict that micro-
phone inputs and microphones in general will
follow this trend. This doesn’t necessarily mean
that in the future all microphones will be built to
the AES42 standard, but the number of digital
microphones will certainly continue to increase.

As in the other fields just mentioned, what may
now seem difficult and expensive to obtain will, in
a few years, very likely become less expensive and
more readily available as digital technology enters
the field.

5.5. How can digital microphones be
made (still) more appealing to work
with?

To make the use of digital microphones more ap-
pealing, it would surely be helpful to place much
more emphasis on compatibility and inter-
changeability. The current AES42-2006 standard
does not yet ensure full compatibility between all
AES42-compliant items of equipment.

In so doing it would seem advisable to revisit the
fundamental question of which special features
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make sense for a digital microphone. Filters and
dynamic processors in a microphone can be dis-
pensed with if similar capabilities are available in
the mixer or workstation that one is using.

Gain control inside the microphone, if it merely
reduces the available dynamic range, seems not
to make sense, either. But depending on the way
in which the amplification and conversion in the
microphone are carried out, retaining gain control
might still make sense.

Limiting the number of settable parameters, each
of which the user must know about and keep
track of, would contribute greatly to the user’s
knowing what all is going on in a microphone.

5.6. Summary

Advantages of digital microphones:

e Good for use if the microphone cables
will be subject to strong electromagnetic
interference

* No need to set levels at the microphone
preamplifier, with the 24-bit digital sys-
tems of today

e Various manufacturer-independent re-
mote control options are available, so
that for example the directional pattern
can be set directly at the mixing desk

* Microphones can give status indications,
e.g. to show which microphones are ac-
tive at a given moment. Indications of mi-
crophone type, manufacturer and other
information bring a high level of operat-
ing comfort

e Microphones can have “personalized”
user settings

Advantages of analog microphones:

e A potentially greater dynamic range than
digital microphones; the 24-bit interface
of AES42 limits the dynamic range to ca.
144 dB; analog microphone amplifiers of
the highest grade can surpass 155 dB

e Much simpler handling: Plug it in and it
works. An experienced sound engineer
will know what kind of sound to expect
from a given microphone type

e Microphones can be exchanged at any
time since there are no sound-altering
settings which could be stored in the mi-
crophone

* No signal delay; microphones of all
brands and types can be used together;
the most suitable microphone can be
used for each application, instrument and
type of placement

¢ No incompatible software versions for
the interface; the microphone never re-
quires a software update

e The microphone interface is standardized
with much lower electrical power; con-
siderably less energy is consumed by us-
ing analog, phantom-powered micro-
phones, low-current microphone pre-
amps and energy-optimized A/D convert-
ers than digital microphones (if they con-
form fully to the interface standard); bet-
ter suited for battery-operated systems

e Modern, RF-proof analog microphones
and modern microphone preamp archi-
tectures also allow for mostly interfer-
ence-free operation, even in the presence
of strong electromagnetic fields.
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Questions remain ...

I”

The attractive possibility of “going digital” directly
at the microphone, and the equally attractive
possibility of remotely controlling many aspects
of the microphone’s performance, unfortunately
tend rather to make operation more obscure, par-
ticularly with more extensive systems. New prob-

lems need to be considered, such as:

* What is the A/D converter latency in each
microphone?

e How will synchronization occur?

e Are there latencies from sampling rate
converters to be considered?

e The delay time for signals coming from
digital microphones can no longer be de-
termined by simply measuring the dis-
tance from the sound source; it will de-
pend as well on the characteristics and
operating modes of the microphones. If
different microphones (or similar micro-
phones with different settings) are used
simultaneously, the delay times must be
adjusted carefully to be equal.

*  Where must additional delay be applied
to prevent comb-filter effects?

e Which settings have been set in which
microphones? Even the menu of possible
settings for one microphone can fill many
pages of text.

e Do any microphones have settings left
over from a previous production, such as
a limiter that is still active?

The user of digital microphones will be set free
from certain simple tasks, but must also come to
terms with tasks that may be far more compli-
cated. Apart from very simple microphone setups
(e.g. two microphones with no remote control),
preparing for a production such as an orchestral
recording with digital microphones could require
considerably more time. The advantages that
stem from the overwhelming number of new
possibilities can quickly become disadvantages
due to the difficulty of keeping track of all the
details.
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