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NEH STUDIO CONDENSER MICROPHONES DESIGNED FOR THE DIGITAL AGE

Manfred Hibb ing

Sennhsiser electronic K.G.. D-3002 Wedemark. West Germany

ABSTRACT
Digital recording may reveal inherent noise and distortions ofcondenser microphones previously concealed by the deficiencies ofthe analog recording technique. The causes for the imperfectionsof condenser microphones and measures to improve their character-istics will be discussed. The features of a new line of high—gradecondenser microphones based on these improvements will be presen-ted.

INTRODUCTION
in the past the quality of sound recordings was limited by thecharacteristics of the analog tape and record material. apart fromlosses induced by the copying and pressing procedures. Tape satur-ation. for instance. created additional harmonic and disharmonicdistortion components. which affected the recording fidelity athigh levels. whereas the linearity at low and medium levels wasquite acceptable. However. the onset of these distortions wasrather softly and extended to a wide level range which made itdifficult to determine the threshold of audibility.The distortion characteristics of the studio condenser microphonesup to now were adequate to these properties of the analog recor-ding equipment. Although exhibiting a high degree of technicalsophistication these microphones show individual variations in theresolution of complex tonal structures. which only partly arisedue to the specific frequency responses and directivity patterns.A remaining part is caused by non—linear effects inherent to themicrophones.
These properties were mostly concealed by the distortions super-imposed by the analog recording and playback processing. But thesituation has changed essentially since the introduction of digi-tal audio. The conversion of analog signals into digital informa—tion and vice verse is carried out very precisely. especially athigh signal levels. Due to the linear quantization process theinherent distortions of digital recordings virtually decrease atincreasing _recording levels. which turns former distortion beha—vior upside down. This new reality. which is in total contrast toformer experience with analog recording technique. contributesmostly to the fact that nowadays the specific distortion charac-teristics of the microphone may become obvious. whereas they havebeen masked previously by the more significant distortions of ana—log recording technique.
Anothsr most significant feature of digital audio is the enlargeddynamic range. which has considerably reduced the noise floor ofrecent recordings. Unfortunately. due to this improvement the in—herent noise of the microphones may become audible. as it islonger covered up by the noise of the recording medium.Sometimes it is argued that the ambient noise of the recordingstudios will be more significant than the inherent noise of the
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microphones. Indeed. this is correct as far as low frequency dis-
turbsnces are concerned which arise due to air conditioning and
environmental vibrations. At higher frequencies. however. these
interferences are effectively attenuated by the low pass charac-
teristics of the air conditioning ducts 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 studio. Conse-
quently. if hiss becomes audible on digital recordings. it will be
mainly generated by the microphones. provided the noise contribu-
tion of the microphone amplifiers is insignificant.
The proceeding discussion suggests that the improvements of the
digital recording era require also improved technical sophistica-
tion or studio condenser microphones. Minimal inherent noise com-
bined with improved signal handling linearity are required besides
the traditional design topics like balanced frequency responses
and frequency independent directional characteristics.

IMPROVING THE LINEARITY OF CONDENSER MICROPHONES
PRACTICAL INVESTIGATIONS 0N LINEABITY. Investigations on the li-
nearity of condenser microphones customarily used in the recording
studios were carried out by means of the difference frequency
method using a twin tone signal (FIG. 1). This is a very reliable
test method as the harmonic distortions of both loudspeakers which
generate the test sounds ssperately do not disturb the test re-
sult. Thus. difference frequency signals arising at the microphone
output are doubtless generatedby non-linesritiss of the micro-
phone itself.
FIG. 2 shows the distortion characteristics of eight unidirectio—
nal studio condenser microphones which were stimulated by two
sounds of lei dB SPL (3 Pa). The frequency difference was fixed to

 

FIG. 1 - Difference Frequency Test Bet-up
Two sounds of equal BPL are applied simultaneously and
separately to the microphone under test.
The main distortion component arising at the difference
frequency is selected by a narrow band filter.
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70 Hz while the twin tone signal was swept through the upper audio
range. The curves show that unwanted difference frequency signals
of considerable levels were generated by all examined microphones.
Although the curves are shaped rather individually there is a gen-
eral tendency to increasing distortion levels at high frequencies.
Distortion figures up to l! and more arise.
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FIG. 2 - Difference Frequency Distortion vs. Frequency of Unidi-
rect ional Studio Condenser Microphones

 

  

  

  
   

    
The measurement results can be extended to higher signal levels
‘simply hy'linesr extrapolation. This means. for instance. that 19
times higher sound pressures will yield la times higher distor-
tions. as long as clipping of the microphone circuit is prevented.
Thus, two sounds of 124 dB BPL will cause more than 10 h distor-
tions in the microphones. Sound pressure levels or this order are
beyond the threshold of pain of human hearing but may arise at
close-up liking. Despite of the fact that the audibility of dis-
tortions depends significantly on the tonal structure a! the sound
signals. distortion tigures of this order will considerably affect
the tideiity o! the sound pick-up.
0! course. the sound pressure levels applied to the microphones
have not been increased since the introduction or digital audio.
Thus. improving the distortion characteristics of the microphones
sill less.mean increasing the handling capability at extreme sond
pressure levels. but rather improving the linearity in the total
range of practical relevance.

CLUB! OF NONLINEARITY. FIG. 3 shoes a simplified scetch of a
capacitive transducer. Diaphragm and hackplate form a capacitor.
the capacity e! which depends on the width or the air gap. From
the acoustical point or view the air gap acts as a complex impe-
dance. Unlortunately. this impedance is not constant but rather
depends on the actual diaphragm excursion. Its value increases i!
the diaphragm is moved touards the hackplate and decreases at the
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opposite movement. Thus the air gap impedance is varied by the
motion a! the diaphragm. This implies a parasitic rectifying
effect superimposed to the flow of volume velocity through the
transducer. The resulting non-l inearity is mainly responeible (or
the distort ion generated by condenser microphones.
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FIG. 3 - Scstch of a Conven- FIG. 4 - Scotch o! a By:-
tionsl Capacitive metrical Push-pull
Transducer ' Transducer

SOLVING THE LINEARIT! PROBLEM. In order to improve the linearity
of condenser microphones the most powerlul principle is a push-
puii design of the transducer as shown in FIG. 4. An additional
piste equal to the hackplste is positioned symmetrically in tront
at the diaphragm. Thus two air caps are formed with eqnel acousti-
cal impsdances as long as the diaphragm il in its reet position.
I! the diaphragm is deflected by the sound aignai. both air gap
impedances are deviated opposite to each other. The impedance of
one side increases while the impedance of the other eide decrea-
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FIG. 5 - Maximum Ditterence Frequency Distortion o: a New Conden-

ser Microphone incorporating a BymmetricalPush—puli
Transducer
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see. The variation olfacts compensate each other regardless of the
direction of the diaphragm motion. and the total air gap impedance
remains constant. Thus the distortion of a capacitive transducer
is fundamentally reduced by the push-pull design.
FIG. 5 shows the practical improvement resulting from this tech-
nique. The curve represents the maximum difference frequency dis-
tortion o! a new unidirectional condenser microphone incorporating
a symmetrical push—pull transducer. The measurements were carried
out on a large number of samples at the same conditions as betors.
By comparison of FIG. 5 and FIG. 2 the improvement on linearity
due to the push-pull design becomes obvious

IMPROVING THE NOISE PERFORMANCE OF COHDBNSER MICROPHONES
NOISE SOURCES. The inherent noise ct condenser microphones is
caused partly by the random incidence of the air particles at the
diaphragm due to their thermal movement. The laws or statistics
imply that sound pressure signals at the diaphragm can he evalu-
ated by a precision which improves linearily with the diameter or
the diaphragm. Thus. larger diaphragme yield better noise pertorm—
enoe than smaller ones.
Another contribution of noise is caused by frictional attects in
the resistive damping elements or the transducer. The noise gener-
ation of acoustical resistors is based on the same principles as
the noise caused by electrical resistors. Thus high acoustical
damping implies more noise than low damping.
Thirdly. noise is added by the electrical circuit a! the micro-
phone. This noise contribution depends on the sensitivity or the
transducer. Obviously. high transducer sensitivity will reduce the
inlluence of circuit noise. The inherent noise or the circuit it—
sel! depends on the operation principle and on the technical qual-
ity o! the electrical devices.

NOISE REDUCTION. The previous discussions suggest measures to im-
prove the noise partormance ct condenser microphones. Firstly. the
diaphragm diameter should not be too small. However. the larger
the diameter the more the directivity at high {reguencies will be
affected. Thus a compromise has to be made. A transducer diameter
of about 25 mm will reveal pleasing features in both respects.
A further measure is the reduction of the resistive damping o! the
transducer to a technically convenient minimum. In most directio-
nal condenser microphones a high amount of resistive damping is
used to ohtain a flat {requenoy response of the transducer itsel!
and thus keeping the electrical circuit of the microphone rather
simple. The drawbacks. however. are reduced sensitivity and in—
creased noise.
A moderate resistive damping of the transducer. however. will be a
more appropriate measure to improve the noise performance of con-
denser ‘microphones. As this design leads to a frequency response
of the transducer which is no longer flat. equalization has to he
applied by electrical means in order to get a (let overall fre-
quency response or the complete microphone. This design technique
deasnds a more sophisticated elctricai circuit but serves with
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outstanding noise performance.
A further measure to improve the noise characteristics of conden-
ser microphones is the selection of a proper circuit design. It is
well known that condenser microphones can be operated alternative-
ly in the audio frequency (AF—l domain or in the high frequency
(RF—l domain. It has turned out that the noise performance of the
more sophisticated RF—deeign is superior to that of the AF-desiqn.
This is mainly a matter of the electrical impedance of the trans-
ducer. which is strongly different in both designs.
Electrically the transducer is ectinq as a pure capacitance. Its
impedance decreases as the frequency increases. Thus the transdu-
cer impedance is low in a RF—circuit but high in an AFicircuit.
Moreover. in a RF-circuit the electrical impedance of the transdu-
cer is constant due to the fixed frequency of the RF-oacilleter.
whereas in an AF—deeiqn it depends on the actual audio frequency.
yielding very high values especially at low frequencies. Thus
resistors of extremely high values are needed at the input of the
microphone circuit to prevent electrical loading of the transdu-
cer. Unfortunately these resistors generate additional noise.
The RF—circuit. however. features a very low output impedance com-
parable to dynamic microphones. The output signalcan thus be
applied directly to normal bipolar transistors which enable excel-
lent noise performance.

40 100 200 500 11: 2k 5k 10k 20k Hi

FIG. 6 — Third Octave Band Analysis of the Noise of Condenser
Microphones refered to the Threshold of Hearing

+20

  
FIG. 6 shows the practical improvements resulting from a low noise
design based on the proceeding discussions. The upper curve shows
the third octave band analysis of the noise created by a state of
the art AF-condenser microphone. The vertical scale represents the
equivalent SPL corresponding to the threshold of hearing. The
lower curve shows the inherent noise of the new design which is
reduced by about 6 dB at medium and high frequencies.
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A NEW LINE OF STUDIO CONDENSER MICROPHONE: FEATURING IMPROVED
NOISE AND DISTORTION CHARACTERISTICS

Based on these design details a new generation of RF-condenssrmicrophones has been developed to meet the requirements of digitalaudio.
The microphone line comprises three types with different direc-tional characteristics. The microphones are aligned to form amicrophone family with identical technical data apart from dif-ferences dictated by the individual directional characteristics.The HRH 20 is a pressure microphone with omnidirectional charac-teristics. The HRH 30 is a pure pressure-gradient microphone witha highly symmetrical bidirectional pattern which is enabled due tothe unique symmetry of the push-pull transducer. The MKH 40 oper-ates as a combined pressure and pressure-gradient microphone withan unidirectional cardioid pattern.
All microphones are phantom powered by 48 V and 2 mA. The outputsare transformerless floated.
The nominal sensitivity is 25 mVlPa and can be attenuated toB mV/Pa (-10 dB) by an incorporated switch. The high sensitivitywill significantly reduce line interference problems as well asinfluence of microphone amplifier noise. Due to the fact that thesensitivities of all microphone types are equal. combination orinterchange of the different microphone types can be handledeasily.
The maximum sound pressure level is 134 dB at nominal sensitivityand l42 dB at reduced sensitivity.
The equivalent SPL of the microphones is ranging from 10 to 12 dBAcorresponding to CCIR-weighted figures of 26 to 22 dB. Thesefigures represent improvements of about 6 dB compared to the pre—vious stateof the art.
The new microphones exhibit flat frequency responses up to 20 kHz.The pressure microphone cuts of! below 20 Hr. whereas the direc—tional types roll off below 40 Hr. The extended bass response ofthe directional microphones which is normally onlyfeasible withlarger diaphragm diameters is a benefit of the applied equaliza-tion technique. Additionally. this design avoids the poorer direc-tivity performance associated with larger transducers at highfrequencies.
The improved bass performance is most significant with respect tobidirectional microphones. The lack of bass response notoriouslyassociated with these microphones may have contributed to the factthat they have not been used that much in the past.
Additional switching facilities are supplied to the new micro—phones to adjust them to varying recording situations. The direc—tional microphones incorporate a switchable bass roll-off to com-pensate for the proximity effect at close-up miking.
A special feature of the omnidirectional microphone is a switch-able diffuee field correction. which guarantees optimum results atboth direct and diffuse sound field conditions. The normal switchposition is recommended for a neutral pick-up at close-up miking.At larger recording distances where reverberationa become signifi—cant the alternative switch position will be more suitable.
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The distinction between both recording situations arises due to
the tact that omnidirectional microphones tend to attenuate ott-
axis sound signals at high frequencies. Thus diffuse sound signals
with random incidence cause a lack of treble response which can be
compensated by additional treble emphasis in the microphone cir-
cuit. 01 course. trontally impinging sound is emphasised too by
this measure. but this effect is negligible as long as the rever—
borant sound is dominant. Due to the switching facility the HRH 20
combines the characteristics of two types or microphones which
otherwise are only seperately available. namely the direct tieid
and the dittuae field pressure type.
Another usetul teature is a supplementary ring which can be put
upon the front and o! the HRH 20. Due to the boundery etteot the
treble response is emphasised by 3 dB. Thus the treble response c!
the HKH 20 can he rinely adjusted in 2 dB steps tron s to +6 dB it
both switch positions are combined with and without the ring.
The outstanding low noise perlormance or all microphone types enr
ables a more detailed perception of low level components in scou-
atical signals. Thus a more refined replica of the liligree of
sounds is rendered possible including a more detailed perception
of subtle reverberations otherwise masked by the inherent micro-
phone noise.
The improved analytic perceptibility of sound is also a conse-
quence of the extraordinary low distortion cheracteristics o! the
new microphones. which prevent blending of sounds almost totally.

CONCLUSION
It has been demonstrated. that linearity and noise performance of
studio condenser microphones can be lurther improved by means of
symmetrically designed push-pull transducers combined with moder-
ate acoustical damping. A line of three microphones with differing
directional characteristics has been developed basing on these
technical improvements. Standardized teatures and flat traquancy
responses ease combinations and interchange of the microphones. A
world wide positive response has contirmad that the technical
improvements are not only measurable but also clearly audible.
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Mating the Ned for 20 Chamels in Theatre Applications

Hans Kuehn

Sennheiser electronic K.G., 0-3002 Wedemark, West Germany

in theatres, film Industry and TV-shows wireless microphones become more andmore important. in the past, the use of 6 channels simultaneously seemed to be alimitation. Now. in major musical productions the number of channels has beenIncreased to 30. What are the main problems with larg mum-channel wirelesssystems and how could they be overcome?

l) The varying field strength is a wellknown problem. The field strength variesmainly by multi-peth-propagatlon, by ebsorbtion and by shadowing. Considering onlythe multl-path-propagation effect, figure I shows a typical curve of the fieldstrength at the receiving antenna. The variation of the field strength ireidebuildings with reflecting walls is 1-0 dB and more, but can be overcome by a gooddiversity system. Among the different diversity systems the so-cailed "true di-versity" has proved to be the most efficient deslgw. It is difficult to define anabsolute value for the improvement caused by the diversity. improvement can only
be determined by statistical methods. Figure 2 shows the improvement by the truediversity system. By switching over in time, the drop outs of the actual fieldstrength are less intense.
The improvement has a similar effect as an amplification of at least 25 dB of thewanted signal in case of emergency.
The diversity system is recommendable even if only one channel is in operation.Large multi-channel systems are only possible with diversity operation.

2) Non—linear effects in the RF-part of the receiver (or the antenna amplifier)cause problems caused by intermodulation. if in multl-channel operation several RFinput signals exceed a certain level, the intermoduiatlon products come up veryquickly. We distinguish 3rd order, 5th order and higher order intermoduiation
products.

f 2f-flm3= l 2

“marl-25

("Haul-312

Figure 3 shows typical intermodulatlon products caused by two strong input signals
Looking at the lntermoduiation products, the frequency of a new channel shouldnot be selected in a way that it is identical to the occuring intermoduiatlon
products of other signals. For a 6-channel system, for irstance, l5 imJ-productsand 120 lmS-products have to be taken into consideration. A computer programme
will help to select suitable frequencl for multl-channel operation. This method,
however, cannot be purely applied to large multi-channei systems. As shown infigure lo, the necessary RF-bandwidth would be unrealistically high with a l5channel system, where only iI'n3-products are being considered. Other additional
desig'l methofi must be applied. if an RF bandwidth of 1:0 MHz is available for a26 channel system, the bandwidth can be divided into 4 subgroups of in MH1, and
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the 24 channels can also be divided into A subgroups oi 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 tilter curve oi 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 independ-
ant from each other. Within the subgroups, however, the channel framencles should
be chosen with regard to im3-prnducts and im5—products. _
Which levels are critical considering lm-products in tin receivers? The manu-
facturer's technical data will give some hints. An lntermodulatlen suppression of 60
dB means that in practice lntermodulatlon products begin to come up at input
levels of approximately l mV. Modern multl-channel receivers, as shown in figure
6, feature an intermodulation suppression of 80 d8. ii the channel iremencles
within one subgroup are selected with regard to lm}, tte critical imut levels can
be increased by appx. lo d8. [1, additimaily, imS is taken into consieratlon,
another 5 dB are acceptable.
To prevent the receivers from getting unacceptably hlgi lrput levels, the receiving

antenna must beirstalled at a minimun distance to the transmitters.
Figure 7 shows what happens, if a 30 mW body-pack transmitter lr the 200 MHz
range comes close to a half wave dipole. The receiving antmna should be posi-
tioned at a minimum distance of 6 m to the next transmitter. This condition is of
high importance for good operation of lamp multi-chennei system. it goes without
saying that the antenna amplifiers mist also be of high quality, and should just
compensate the cable losses and the distribution losses caused by the antenna

splitters.

3) Receivers contain one or two local oscillators (single conversion or double
conversion). A small part of the oscillator energy is radiated via the antenna or
via the housing. Although this energy is extremely small (F.C.C. regulation), it is
not considered negligible in designing l'arg multi-channel systems. As tte housings
of all receivers within one system are connected to each otter. this radiation can
cause interferences, because this energy will find a bypass to the irvut filters.
When calculating large multl-channel systans. me computer mist elm be fed with
the spurious emission iremencies oi the receivers. in order to fit more safety,
modern receivers have double screening: Insim the all-metal houslm, hermetically
sealed metal boxes contain the complete RF-circultry (figure 8). By this method,
the spurious emission is reduced by a further 20 dB below the F.C.c.-values.

5) Apart from the wanted radiation, transmitters also radiate some spurious

emission. A VHF highband transmitter contaer a 25 MHz oscillator. The 200 MHz
carrier is generated by multiplying the 25 MHz fremency. During tin multiplying
process. not only the wanted 20!] MHz carrier but also 200 MHZ : 25 MHz is
generated. For large multl-channel systems these spurious iremencia are not
negligeable. To get more safety, the spurious emmlsslon should be reduced by a
further 30 dB below the value which is allowed by the F.C.C. Otherwise. the
computer programme has to take into considerath also these spurious frewencla.

5) lntermodulation products are not only generated in receivem Transmitters
also have antennas which tend to pick up other signals When these sig’iala pass in
a reverse way across the output filter of the transmitter, 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.
Figure 9 shows the lntermoduiatlon products of two hand-held transmitters (30 mW;
200 MHZ; 200.4 MHz) used at a distance of l m from each other. This shows that
a good computer-aided frequency selection is of importance even if the receiver
specificatlms meet the highest demands. A highly selective output stage is
necessary to separate the subgoups from each other. With body-worn transmitters
the problem becomes less critical. The human body absorbes appx. in dB of the
transmitter energy. 0n the other hand. the transmitter working as a receiver is
also handicapped by an antenna being cle to the human body. Figure 10 is valid
for body-worn transmitters and shows the transmitter lnterrnodulatlon products of
2 transmitters (30 mW; 200 MHz; 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 lntermodulatlon products.
The situation changes dramatically, if several transmitters in operation are put side
by side on a desk. This should be avoided.

6) For large multi-channei 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 ll) monitoring all important functions of each channel.

7) External disturbing sources, like TV transmitters, taxi services, police
services, digital equipment, etc., have of course also to be taken into considera-
tion. Fortunately, the screening effect of buildings is rather high (30 - 40 dB for
VHF highband carriers). For indoor application, this effect helps to keep rather
strong outsidevsignals at a low level inside. A slgtlflcant problem sometimes occurs
with some badly screened digital equipment working in the same room. These
wide-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.

8) To sum up, it must be said that large multl-channel systems .demand
excellent planning and, especially in the initial phase, good technical support.
Observing all the above mentioned items; the perfect operation of a large multi-
channel system can be garanteed, even under difficult conditions.   
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Fig. 11 Displaying éll relevanf functions

of a 27 channel diversify system
on a computer monitor 7
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Fig.8 Diversity receiver with double screening.
The metat housing is removed. The metal
boxes containing the complete rt-circuitry
can be seen.
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