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ABSTRACT

Digital reacording may reveal inherent noise and distortions of
condanser microphones previously concealed by the deficisncies of
the analog recording technique. The causes for the imperfactions
of condenser microphones and ME8asures to improve their character-
istics will be discussed. The features of a new line of high-grads
condenser microphones based on thaseg improvemsents will be presen-—
ted.

INTRODUCTION
In the past the guality of sound recordings was limited by the
characteristics of the analog tape and cecord material, apart from
losses inducad by the copying and pressing procedures. Tape satur—
ation. for instance, created additional harmonic and disharmonic
distortion components, which affected the recording fidelity at
high levels. whereas the linearity at low and medium levels was
guite acceptable. However., the onset of these distortions was
rather softly and extended to a wide level range which made it
difficult to determine the threshold of audibility,
The distortion characteristics of the 6tudio condenser microphones
up to now were adeguate to these properties of the analog racor-
ding equipment. Although exhibiting a high degree of technical
sophistication these microphones show individual variations in the
resolution of complex tonal structures. which only partly arise
due to the specific freguancy responses and directivity patterns.
A romaining part is caused by non-linear effects inherent to the
microphones.
These propetties were mostly concealed by the distortions super-
imposed by the analog racording and playback processing. But the
Bituation has changed essentially since the introduction of digi-
tal audio. The conversion of analog eignals into digital informa-
tion and vice versa is catrried out very precieely. especially at
high eignal levels. Due to the linear quantization process the
inhearent distortions of digital recordings virtually decrease at
increasing recording levels, which turns former distortion beha-
vior upside down. This new reality, which is in total contrast to
former experience with analog reecording technique. contributas
mostly +to the fact that nowadays the specific distortion charac-
teristics of the microphone may become obvious, whaereas they have
bean magked previously by the more significant distortions of ana-—
log recording technigue.
Another most significant feature of digital audio is the enlarged
dynamic range, which has conslderably reduced the noise floor of
recent recordings. Unfortunately., due to this improvament the in-
Nerent noise of the microphones may bacome audible, ag it i no
longer covered up by the noise of the recording medium.
Sometimes it is argued that the ambient noise of the recording
studios will be more significant than the inherent noise of thg
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microphones. Indeed, this is correct as far as low frequancy dis-
turbances are concerned which arise due to air conditioning and
environmental wvibrations. At higher fregquencies, however., these
interferences are effectively attenuated by the low pass charac—
teristics of the alr conditioning ducte and the inertia of the
building mass. respectively. Thus only rumbling noise. if at all.
but no hiss will be audible in a properly isolated etudio. Conse-
quently, if hiss becomes audible on digital recordings, it will be
mainly generated by the microphonea, provided the noige contribu-
tion of the microphone amplifiere ie ineignificant.

The preceeding discussion suggeets that the improvements of the
digital recording era reguire also improved technical sophistica~
tion of studio condenser microphones. Minimal inherent noise com-
bined with improved signal handling linearity are required besides
the traditicnal design topics like balanced freguency rasponsas
and freguency independsnt diractional characteristice.

IMPROVING THE LINEARITY OF CONDENSER MICROPHONEE
PRACTICAL INVESTIGATIONS ON LINEARITY. Investigations on the 11—
nearity aof condenser microphones customarily used in the recording
studios were carriled out by mesans of the difference freqguency
method using a twin tons signal (FIG. 1). Thim is a very reliablae
test method as the harmonic distortions of both loudspeakers which
genarate the test sounds sagperately do not disturb the test ra-
sult. Thus. difference freguency eignals arising at the microphone
output ars doubtless generated by non-linearities of the micro-
phone itsalf.

F10. 2 shows the dimtortion characteristics of eight unlidirectio-
nal studio condenser microphones which were stimulated by two
sounds of 124 4B SPL (3 Pa). The freguency difference was fixed to
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FIG. 1 ~ Differenca Freguency Tast Bet-up
Two sounds of equal BPL are applied simultaneously and
seperately to the microphone under test.
The main distortion component arising et the differencs
fregquency 18 selected by a narrow band filter.
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70 He while the twin tone signal was swapt through the upper audio
tanga. The curves show that unwanted difference frequency signals
of considerable lovels were genaratad by asll examined microphones.
Although the curvee are shaped cather individually there is a gen-
oral tendency to increasing distortion levels at high frequancies.
Distortion figures up to 1% and more arise.
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FIG. 2 - Difference Freguency Distortion vs. Frequency eof Unidi-
recticnal Btudio Condenser Microphones

The measuremsnt results can bs extended to higher signal lavels
eimply by linear extrapolation. This means., for instance, that 10
times higher sound pressures will yield 10 times higher distor-
tions, a® long as clipping of the microphone circult is prevented.
Thus. two sounds of 124 4B SPL will cause more than 190 % distor-
tions in the microphones. Sound pressure lavels of this order are
beyond ths threshold of pain of human hgaring but may arise at
close-up miking. Despite of the fact that the audibllity of dis-
tortions dwpends significantly on the tonal structure of the sound
signals., distortion figures of this order will conelderably affect
the fidelity of the smocund pick-up.

0f course, the pound pressure levels applied to the microphones
have not besen incressed since the introduction of digital audio.
Thus. {improving the distortion characteristics of the microphones
will less mean incressing the handling capability at extreme sond
pressute lavels. but rather improving the lingarity in the total
range of practical relevancs. :

CAUBE OF NONLINBARITY. FIG. 3 ghows a simplified Bcetch of a
capacitive transducer. Disphragm and backplate form a capacitor.
the ocapascity of which dapends on the width of the air gap. From
the acoustical point of view the air gap acts as a complex impe-
dance. Unfortunately, this impedance is not constant but rathaer
depends on the actual diaphragm excursion. Its value increases if
the diaphragm i¢ moved towards the backplate and decreases at the
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opposite movement. Thus the air gap impedance is varied by the
motion of the diaphragm. This implies a parasitic rectifying
effect suparimposed to the flow of volume velocity through the
transducer. The resulting non—-linearity is mainly cesponsible for
the distortion generated by condenser microphonss.
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air gap = ﬁ'\. 2
ol | 84
backplate > ;;
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FIG. 3 - Scetch of a Conven— F1G. 4 — Scetch of a Bym—
tional Capacitive metrical Push-pull
Transducer ' Transducer

SOLVING THE LINEARITY PROBLEM. In order to improve the linearity
of condenser microphones the most powerful principle is a push-
pull design of the transducer as shown in FIO. 4. An additional
plate egual to the backplate is positioned symmetrically in front
of tha diaphcagm. Thus two air gaps acre formed with egusl scousti-
cal 1mpedances s long as the dlaphragm is in 1its cest pomition.
If the diaphragm im deflected by the sound signal. both air gap
impadances are deviated opposits to each other. Tha impedance of
one side 1incresses while the impedance of the other side dscrea-
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FIG. 5 - Maximum Difference Frequency Distortion of a New Conden-
ser Microphone \incorporating a Bymmetrical Push-pull
Transducer
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ses. The variation effects compensate esach other regardless of the
direction of the diaphragm motion, and the total alr gap impedance
cemains constant. Thus the distortion of a capacitive transducsr
ie fundamentally reduced by the push-pull design.

FIG. 3 shows the practical improvement regsulting from this tech-
nigue. The curve represents the maximum diffarence freguency dis-
tortion of a new unidirectional condensmer microphone incocporating
& symmetrical push-pull transducer. The muasurements ware carcied
out on a large number of samples at the same conditions as beforae.
By comparison of FIG. 5 and F1G. 2 the improvement on linearity
due to the push-pull design beocomes obvious.

IMPROVING THE NOIEE PERFORMANCE OF CONDENEER MICROPHONES
NOIBE SOURCES. The inherent noisae of condenser microphones 1is
caused partly by the random incidence of the aic particles at the
diaphragm due to their thermal movemsnt. The laws of statistics
imply that sound pressure signsls at the diaphragm can be evalu-
ated by a precision which improvas linearily with the diameter of
the diaphragm. Thus., larger diaphragms yield better noime perform-
ance than smallser onose.

Another contribution of noise ig causesd by frictional aeffects in
the resistive damping elements of the transducer. The noise gener-
ation of acoustical resistors is based cn thes sams principles as
the noise casused by electrical resistors. Thus high acoustical
damping implies mora noiso than low damping.

Thirdly, noiss s added by the slectrical circuit of the micro-
phone. This noime contribution depends on the sensitivity of the
transducer. Obviously, high transducer gansitivity will reduce the
influence of cirguit noisa. The inherent noise of the circuit it-
aalf depends on the operation principle and on the technical qual-
ity of the electrical devices.

NOISE REDUCTION. The previous discussions suggest messures to im-
prove the noilse performance of condenser microphones. Firstly., tha
diaphragm diameter should not be too small. However. the latger
the diametser the more the directivity at high fraguencies will be
affected. Thus a compromise has to be made. A trangducer diamster
of about 23 mm will revesl pleasing features in both respects.

A further messure is the reduction of the resistive damping of the
transducer to a technically conventent minimum. In most directio-
nal condenser microphones a high amount of registive damping is
used to obtain m flat fraguency response of the transducer itself
and thus keeping the electrical circuit of the microphons rather
simple. The drawbacks. howover, are reduced sensitivity and in-
cceavsd noise.

A moderate resistive damping of the transducer, however, will be a
more appropriate measure to improve the noise performance of con-
denser microphonas. A3 this design leads to a fraquency responee
of the transducer which is no longer flat, equal ization has to be
applied by electrical mears in order to get a flat overall fre-
quency response of the complete microphone. This design technique
demands a more sophisticated elctrical circuit but serves with
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cutstanding noise performance.

A further measure to improve the noise characteristice of conden-
ser microphones is the selection of a proper circuit design. It is
well known that condenssr microphoneas can be operated alternative-
ly in the audio frequency (AF~) domain or in the high freguency
(RF-) domain. It has turned out that the noise pecrformance of the
more sophisticated RF-design is superior to that of the AF-design.
This is mainly a matter of the electrical impedance of the ¢trane-
ducer, which is strongly different in both designs.

Electrically the transducer is acting as a pure capacitance. Its
impaedance decreases 3s the freguency increases. Thus the transdu-
cer impedance is low in a RF-circult but high in an AP=-circuit.
Moreover, in a RF-circuit the electrical impedance of the transdu-
cer is constant dvue to the fixed froguency of thse RF-oscillator.
whereas in an AF-design it dopends on the actual audio freguency.
yielding very high values evspacially at low freguenvies. Thus
rgsistors of extremely high values are needed at the input of the
microphona circuit to prevent electrical loading of the transdu-—
cer. Unfortunately these resistors generate additional noise.

The RF-circuit, however. features a wvary low output impedance com-
parable to dynamic microphones. The output signal can thus be
applied directly to normal bipolar transistors which enable excel-
lent noise performance.
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FIG. 6 - Third Octave Band Analysis of the Noise of Condenser
Microphones refered to the Threchold of Hearing

FIG. 6 shows the practical improvements resulting from a low noise
design based on the preceeding discussions. The upper curve shows
the third octava band analysis of the nolse created by a state of
the art AF-condenser microphone. The vertical scale represents the
equivalent BPL corresponding to the threshold of hesring., The
lowsr c¢urve shows tha inherent noise of the new design which is
reduced by about & dB at medlum and high fregquencies.
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A NEW LINE OF STUDIO CONDENSER MICROPHONES FEATURING IMPROVED
NOISE AND DISTORTION CHARACTERISTICS
Based on these deeign details a new generation of RF-condenser
microphones has been developed to meet the requirements of digital
audio,
The microphone line comprises three types with different dirsc-
tional characteristica. The microphones are aligned to form a
microphone family with identical tochnical data apart from dif-
ferences dictated by tha individual directional characteristics.
The MKH 20 is a pressure microphone with omnidirectional charac-
taristics. Tho MKH 30 is a pure pressure—gradient microphone with
@ highly symmetrical bidirectional pattern which ias enabled due to
the unigue symmetcy of the push-pull traneducer. The MKH 40 opar-—
ates as a combined pressure and pressureo—gradient mictophons with
an unidirectional cardioid pattern.
All microphones are phantom powared by 48 V and 2 mA. The outputs
areo transformerless floated,
The nominal sensitivity 1 25 mV/Pa and can be attenuated to
8 mV/Pa (-12 dB) by an incorporated switch. The high sensitivity
will significantly reduce line interference problems as well ag
influence of microphone amplifiar ncime. Dus to the fact that the
sensitivities of all microphone types are equal. combination or
interchange of the dJdifferent microphone types can be handlad
easily.
The maximum sound preseure level ia 134 dB at nominal aensitivity
and 142 4B at reduced sensitivity.
The sguivalent SPL of the microphoneg is ranging from 10 to 12 4BA
corresponding to CCIR-weighted figures of 20 to 22 d4B. These
tigures represent improvoments of sbout 6 AB compared to the pra-
vious state of the art.
The new microphones exhibit flat frequency responses up to 20 kHz.
The pressure microphones cuts off below 20 Hz, whereas the direc-
tional types roll off bslow 4@ Hz. The extended bass response of
the directional microphones which igp normally only feasible with
larger diaphragm diameters i a benefit of the appliesd egualiza-
tion technigue. Additionally., this design avolds the pocrer direc-—
tivity performance gaosociated with larger transducers at high
freguencies.
The improved bass performance is most significant with respect to
bidirectionsl microphones. The lack of bass reaponse notoriously
associated with these microphones may have contcibuted to the fact
that they have not buen used that much in the past.
Mditional ewitching facilities are supplied to the new micro~
phones to adiust them to varying recerding situations. The direc-~
tionsl microphones incorporate a switchable bags roll-off to com-
pensate for the proximity effect at close-up miking.
A mpeclal feature of the omnidirectional microphone is a ewitch-
able diffvse field correction, which guarantees optimum results at
both direct and diffuse sound field conditions. The normal switch
position is recommended for a naoutral pick-~up at clese-up miking.
At larger recording distances where reverberations become signifi-
cent the alternative switch position will be more suitable.
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The distinction between both recording situations ariwes dua to
the fact that omnidirectional microphones tend to attenuate off-
axis sound gignals at high freguencies. Thus diffuse wound signals
with random incidence cause a lack of treble responme which can be
compensated by additional treble emphasis in the microphone oir-
cuit, Of courge, frontally impinging sound i3 emphanirzed too by
this measure. but this effect is negligible as long ss the rever-
berant sound is dominant. Due to the switching facility the MKH 20
combines the characteristice of twe typas of microphones which
otherwise are only sapsrately available, namely the diresot field
and the diffuse field pressure typs.

Another wuseful festure is a supplementary ring which can ba put
upon the front end of the MKH 20. Due to the boundary effect the
treble rosponse is emphasized by 2 4P, Thus the treble response of
the MKH 20 can be finely adjusted in 2 4B steps from @ to +6 4D if
both switch positions are combined with and without the ring.

Thae outstanding low nolse performance of all microphons types an-
ables a more detalled perception of low leval components in acou-
stical =aignale. Thue a more rafined replica of the filigree of
sounds is rendered pecesible including a more detailed perception
of sgubtle reverberations ctherwise masked by the inhersnt micro-
phone nolise.

The improved analytic perceptibility of sound is also a conse-
quance of the extraordinary low distortion characteristics of the
new microphonea, which prevant blending of sounds almost totally.

CONCLOUBION

It has beeon demonstrated., that linearity and noise performance of
studioc condenser microphonee oan be further improved by msans of
symmetrically designed push-pull transducers combined with moder-
ate acoustical damping. A line of three microphones with differing
directional characteristice has besn developsd basing on these
technical improvements. Btandardized features and flat fraguency
responees ¢ase combinations and interchange of the miorophonas. A
world wide positive response has confirmed that the tachnical
improvemente are not only measurable but also clearly avdible.
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Large Multi-Channe] Wireless Microphone Systems
Mesting the Need far 20 Channels in Theatre Applications

Hans Kuehn
Sennheiser electronic W.G., D-3002 Wedemark, West Germany

In theatres, film industry and TV-shows wireless microphores become more and
more important. In the past, the use of 6 channels simultaneously seemed to be a
limitation. Now, in major musical productions the number of channels has been

increased to 30. What are the main problems with large multi-channel wireless
systems and how could they be overcome?

1) The varying field strength is a wellknown probiem. The field strength varies
mainly by multi-path-propagation, by absorbtion and by shadowing. Considering only
the multi-path-propagation effect, figure | shows a typical curve of the fleld
strength at the receiving antenna. The variation of the field strength irside
bulldings with reflecting walls is 40 dB and more, but can be overcome by a good
diversity system. Among the different diversity systems the so-called “true di-
versity"” has proved to be the most efficient design. It is difficult to defire an
absolute value for the Improvernent caused by the diversity. Improvement can only
be determlined by statlstical methods. Figure 2 shows the improvement by the true
diversity system. By switching over In time, the drop outs of the actual fleld
strength are less intense.

The improvement has a similar effect as an amplification of at least 25 dB of the
wanted signal in case of emergency.,

The diversity system is recommendable even If only one channel [s in operation.
Large multl-channel systems are only possible with diversity operation,

2) Non-llnear effects in the RF-part of the receiver {or the antenna amplifier)
cause problems caused by intermodulation, If in multi-channel operation several RF
input signals exceed a certain level, the intermodulation products come up very

quickly. We distinguish 3rd order, 5th order and higher order intermodulation
products.

f =2f -f

im3 1 2
fim5=3fl-2f2
f[m_’:lafl-}fz

Flgure 3 shows typical intermodulation products caused by two strong input signals.
Looking at the intermodulation products, the frequency of a new channel should
not be seiected in a way that it [s [dentical to the occuring intermodulation
products of other signals. For a é-channe] system, for instance, 15 im3-products
8nd 120 im5-products have to be taken into consideration, A computer programme
will help to select suitable frequencies for multi-channel operation. This method,
however, cannot be purely applied to large multi-channel systems. As shown in
figure 4, the necessary RF-bandwidth would be unrealistically high with a 15
channel system, where only im3-products are being considered. Other additional
design methods must be applied. If an RF bandwidth of 40 MHz is avallable for 3
24 channel system, the bandwidth can be divided into 4 subgroups of 10 MHz, and
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the 24 channels can also be divided into & subgroups of &6 channels, The subgroups
can be separated from each other by highly selective RF-filters at the front end
of the receivers {or the antenna amplifiers).

Figure 5 shows the filter curve of a three stage helical filter at the front end of
a modern VHF highband receiver. Strong input signals 5 MHz either side of the
receiving frequency are attenuated by at least 20 dB. In this way, they are
normally reduced to an acceptable level. The subgroups then become lndepend-
ant from each other. Within the subgroups, however, the channel frequencies should -
be chosen with regard to im3-products and im5-products ]

which levels are critical considering im-products Iin the receivers? The manu-
facturer's technical data will give some hints, An Intermodulation suppression of &0
dB means that in practice interrmodulation products begin to come up at input
levels of approximately | mV. Modern muiti-channel receivers, as shown in figure
6, feature an intermodulation suppression of 60 dB. If the channel frequencies
within one subgroup are selected with regard to im3, the critical input levels can
be increased by appx. 10 dB. If, additionally, im5 is taken into consideration,
another 5 dB are acceptabie.

To prevent the recelvers from getting unacceptably high input levels, the receiving
antenna must be installed at a minimuwn distance to the transmitters.

Figure 7 shows what happens, if a 30 mwW body-pack transmitter Ir the 200 MHz
range comes close to a half wave dipole., The receiving antenna should be posi-
tioned at a minimum distance of & m to the next transmitter. This condition Is of
high importance for good operation of large multi-channel systems, it goes without
saying that the antenna amplifiers must also be of high quality, esnd should just
compensate the cable losses and the distribution losses caused by the antenna
splitters.

3) Recelvers contain one or two local oscillators (sirgle conversion or double
conversion). A small part of the oscillator energy is radiated via the antenna or
via the housing., Although this energy ls extremely small (F.C,C. regulation}), it is
not considared negligible in designing large multi-channel systems. As the housings
of all receivers within one system are connected to gach other, this radiation can
cause interferences, because this enargy will find a bypass to the input filters,
when calculating large multl-channel systems, the computer must also be fed with
the spurlous emission frequencies of the receivers. In order to gat more safety,
modern receivers have double screening: Inside the all-metal housing, hermetically
sealed metal boxes contain the complete RF-circuitry (figure B). By this method,
the spurious emission is reduced by a further 20 dB telow the F.C.C.-values.

4) Apart from the wanted radiation, transmitters aleo radiate some spurious
emission. A VHF highband transmitter contalns a 25 MHz oscillator. The 200 MHz
carrier ls generated by multiplying the 25 MHz frequency. During the multiplying
process, not only the wanted 200 MHz carcier but also 200 MHZ + 23 Mz is
generated. For large multi-channel systems these spurious frequencies are not
negligeable, To get more safety, the spurious emmission should be reduced by a
further 30 dB8 below the value which Is allowed by the F.C.C. Otherwise, the
computer programme has to take into consideration also these spurious frequencles.

5) Intermodulation products are not only generated in receivers. Transmitters
also have antennas which tend tc pick up other signals. When these signals pass in
a reverse way across the output filter of the transmiiter, they are fed to a
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non-linear component: the output stage transistor. In this way, transmitters can
generate intermodulation products by themselves.

Flgure 2 shows the lntermodulation products of twa hand-held transmitters (30 mw;
200 MHZ; 200.4 MHz) used at & distance of | m from each other., This shows that
a good computer-aided frequency selection is of importance even if the receiver
specifications meet the highest demands. A highly selective output stage s
necessary to separate the subgoups from each other. With body-worn transmitters
the problem becomes less critical. The human body absorbes appx. 10 dB of the
transmitter energy. On the other hand, the transmitter working as a receiver is
also handicapped by an antenna being close to the human body. Figure 10 is valid
for body-worn transmitters and shows the transmitter Intermoduletion products of
2 transmitters (30 mw; 200 MMz 200.6 MHz) when the distance is varied, This
figure shows that actors with body-worn transmitters can come rather close to
each other without significant problems of transmitter Intermodulation products,
The situation changes dramatically, if several transmitters in operation are put side
by slde on a desk. This should be avoided.

6) For large multi-channel systems the problem arises to actually have a com-
plete overview about all transmitters and receivers, The most elegant way is to use
a computer display (figure 11) monitoring all Important functions of each channel,

7) External disturbing sources, like TV transmitters, taxi services, police
services, digital equipment, etc., have of course aiso to be taken Into considera-
tion. Fortunately, the screening effect of buildings is rather high (30 - 40 dB for
VHF highband carriers), For indoor applicetion, this effect helps to keep rather
strong outside-signals at a low level inside. A significant problem sometlmes oceurs
with some badly screened digital equipment working in the same room. These
wlde-band disturbing sources are able to interfere all channels. The only solution
for this problem is replacement of the badly screened equipment by a better one.

a) To sum up, it must be said that large multi-channel systems .demand
excellent planning and, especially In the [nitial phase, good technical support.
Observing all the above mentioned items, the perfect operation of a large muiti-
channel system can be garanteed, even under difficult conditions.
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Fig. 1: Antsnna input voltags of a recsiver when moving
the transmitter. ’
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Fig. 8 Diversity receiver with double screening.
The metal housing is removed. The metal
boxes containing the complete rf-circuitry
can be seen.
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