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Practical Applications
5.1Potential Issues that can Affect
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5.2 Speech Recordinfips
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6.2 Electric Guitar Amp
6.3Classical Trio
6.4Mixed Instrumental/Vocal Ensemble
6.5Solo Vocals
6.6 Classical Orchestra
6.7Wind Synphony Orchestra

Technical Specifications
1.1 Classification Criteria
1.2 Technical Specifications
1.3Side/Front Address and Diaphragm Size
Microphone Transducer Types
2.1Condenser (or Capacitor) Microphones
2.2Dynamic Microphones
2.3Ribbon Microphones
Polar Pattens
3.1Polar PatterrTypes
3.2Construction Principles
Sereo RecordingTechniques
4.1 Overview
4.2Interaural Time Difference (ITD)
4.3Interaural Amplitude Difference (IAD)
4.4 Combination of ITD and IAD

Figurel: DNS20-channelrecording featuring: OS8ain stereo pai{DPA 4006 with Jecklin Disk)
and 18 support microphoneRODENT 1000, Brauner Phantom, Audio Technica AT 3035)
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1. TECHNICAL SPECIFIONB

1.1 CLASSIFICATION CRI'RE

I YAONRLK2YySs Fftaz2z OFttSR aYAOé
Microphones can be classifiger several criteria, such as:

v v > D>

transducer type condenser, dynamic, ribbon
diaphragmsizeandaddress small, large front, side
polar pattern
technical specs

2NJ aYA1 ST Aa | GNY Y

omni, cardioidfigure of eight variable polar patternetc.
frequency and transient response, max SPL, sensitivity, S/N ratio, etc.

1.2 TECHNICAL SPECIFIONB

FREQUENCY RESPONSE
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Depending on the purpose a microphone is built for, it might have a very flat frequency response, or have specific

emphasis in certain ranges to §pecificpurposes.

CGenerally: omnidirectionamicrophoneshave flatter frequency response curviman cardioidtypes
Gondensemicrophonesn general have flattefrequency responsethan dynamic microphones (this is due to

the construction principle)

Small diaphragm microphones usually have a wider frequency response than large diaphragm ones

EXAMPLES:

A

The DPA 4006condenser, omnismall diaphragmis a gen-
eralpurpose instrumentalocal microphone with an ex-
tremelyflat frequency response from 20 to 20000.Hz

Its response is in fact so flat, thiaitanalsobe used as a
measurement microphone

TheRODENT 100(Qcondenser, cardioid, large diaphragm) is
ageneralpurposevocal and instrumental microphone, with
a rather linear frequency response and very low-gselse

The Shure SMb8 (dynamic, cardioidsmall diaphragmis a

spedalized®2 O t YA ONE LIK 2fi-&ffFin thaii T £ -

bassrangé 2 O2YLSyal iS FT2NJ iKS
usually used very close to the vocal sour@edl sone em-
phasis in the 2 kHz rangéo increase clarity

RELATIVE RESPON
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~dim

A TheAudix D6 (dynamic, cardiid, large diaphragiis a spe- AN
cialized basslrum microphone and features a pronounced / \
N N 0 T
boost in the50-100HzNY y3S 06 Y2 NE 0 laada /\
/ ~N~—'

another one inth-10 kHANJ y3S 6Y2NB & Of !
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TRANSIENT (OR IMPB}RESPONSE

A This quality defines how aarately the microphone can react to fast transients (= sudden changes in amplitude),

as generated for example by drums, pession or plucked instruments
A Microphones with a lightediaphragm(like condenser or ribbontypes) react much betteto transierts than
those with a heaviediaphragmconstruction (like dynamic microphones

‘I"“"‘M ul il
'rr"w‘. .'\‘ ."'l”| 'ﬂr' *M I[ ||“|*\‘f* “’”‘"'FJT"r""#H"‘\'f

‘\‘ \|‘L| |

Figure2: the same snare drum hit captured by a condenser mic (AKG C414, le&dgndmic mic (Sennheiser MR21, right)

A As you can see in thmiage abovethat compares the transient response of a condenser mic (AKG C414) with
that of a dynamic mic (Sennheiser MD 42k initial part of thewaveform looks very differereven if the mics
were placed just a few cm aparthe condenser mic irhts case captures the drum hit more accurately.

A This does not mean that the condenser microphone will be the best choice in every situ@ften! the signal
delivered by the dynamic microphone, while having a poorer transient and frequency responsecaityire
just what ismusically relevanand fitbetter in the mix.

MAXIMUM SPL

A Measuredin dB SPL, usual@® 1 kHz, 1% THIDotal Harmonic Distortion)

A This quality defines whether a microphone can also record very loud sound sources without distoréoen
damage to the electronic componenifor examplesomemicrophonesare designed to be placed idirect prox-
imity of dumsand percussion instrumenys

A Itis usually measured at 1 kHz with a tolerance of up to 1% THD (Total Harmonic Distoigher)dB SPualues
arepreferable

A Dynamic micophones haveno electronics andheir SPL limit is a physical limitation: the point where the dia-
phragm hits themagnet and can move no further

A The Maximum SPL also dictates the higher limit of the rhitita2 ’d$r@mic range.

EXAMPLE

A the RODE NT 10Q@ondenserhas a maximum SPL of 140, @Bfficient or record any orchestral instrument also
from less than 1 distan¢d.40 dB SPL is the nois®elof a Jet aircraft ahbout50 mdistanceand is beyond the
threshold of pain!
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the Shure KSM 14(condenser) is optimized fdoud sound sources and has a max SPL of 16dadBbe also
placed in close proximity of a drum skin

the RODE NTERibbon) has a maximum SPL of 130 dB; it should not be placed too close lmudespund
sources

the ShureSM57 (dynamiclhas a maximum SPL@fer 180 dB:Hhat is like thenoiselevel ofthe Space Shuttle
launching, from about 10 rdistance!!

SENSITIVITY

Measured in mV/Pa @1 kHdis is the ratidoetween the inputSPland thelevel of the electrical output signal

International standards have estédthied 1 pascal (Pa) as 94 9IBL: his reference point is now accepted for spec-

ifying the sensitivity of microphones

A higher sensitivity means less gain boost is required fromtBebp LJ G2 3SG FNBY aYAONRLK?2
f SOSt ¢

Gondenser microphones uslly have a higher sensitivity than dynamic and ribbon ones

High sensitivity in combination witlbw SelfNoise levels are desirable when recording quiet sound sources, as

they both contribute to a high S/N ratio.

EXAMPLES:
the RODE NT 10Q@ondenser) has a sensitivity a6 mV /Pa-36 dBV /Paj@ 94 dB SPL
the Brauner Phanton{condenser) has a sensitivity of 28 mV /P81 dBV /Pa) @ 94 dB SPL
the Shure SM67 (dynamic) has a sensitivity of ,85mV /Pa {645 dBV/IPa) @ 94 dB SPL
the Royer R121 (ribbon) has a sensitivity of 3,16 mV /P&{ dBV /Pa) @ 94 dB SPL

the RODE NTRibbon) has an unusual high sensitivity of 29,85 mV 434,6 dBV /Pa) @ 94 dB SPL

EQUIMNLENT NOISEVEL SELANOISE

The Equivalent Noise Level is the sound pressure level required to create the same voltage thatNloés8elf

from the microphone will produce

The microphone SelNoiseis mainly caused by thactive electronic components

The SelNoise is also higher in small diaphragm microphones, compared to large diaphragm ones.

Dynamic microphones do not have the electrical components that condenser microphoned havefore they

essentially have a noise floor below 5 dB.$Riwe'er, dynamic microphonealso have a much lower sensitivity,

therefore the S/N ratio might still be worse to that of a good condenser microphone.

Low Slf-Noiselevel in combination with high sensitivity are desirable when recording quiet sound sources, as

they both contribute to a high S/N ratio.

TheSetbb2A&dS ftaz2 RAOGFIGSAa (GKS t28SNIEAYAGL 2F (GKS YAONRL

EXAMPLES:

TheRode NT 100Qcondenser, largeiaphragn) has a sethoise of just 6 dB\
(one of the lowest of any microphone)

TheBrauner Phantom(condenser, largdiaphragn) has a selhoise of 11 dBA
TheDPA 400€condenser, small diaphragm) has aselfse level of 15 d
TheRode NT Fcondenser, small diaphragrhas a sethoise of16 dBA
TheShure SMb8 (dynamic, small diaphgan) has aelfnoisebelow 5 dBA
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1.3DIAPHGRAGISIZEAND FRONT/SIDE ACHESS

SMALL OR LARGE DIRREBM

Depending on the purpose, microphones can feature small or @isgghragm transduces:

SMALL DIAPHRAGM

A

LARGE DIAPHRAGM

A

FRONT OR SIDE ADDRES

Front or side address depends on how tliaphragmis mounted inside the microphone

FRONT ADDRESS MICRORE

A
A

Small diaphragm microphones usually have \‘5 )

- higher seltnoise E

- lower sensitivity x\ -

- a wider frequency range N
- a highemaximum SPL level \
A smallediaphragmdoes not mean lower quality, or worseproduction of low _

L . . Figure3: Telefunken ELA #260, a
frequencies: in fact, quite the contrary is true! small diaphragm froraddress
Some ofthe microphoneswith the most linearfrequencyresponse are small dia- conderser microphone
phragm condensewith omni polar pattern(like theDPA 4006 oSchoeps CCM 2
capsulé

Large diaphragm microphones usually have

- lower selfnoise

- higher sensitivity

- a narrower frequency range

- a lowermaximum SPL level

A larger diaphragm is not better at reproducing low frequencies, but it has the ad-
vantage of being less sefish S (12 GKS GLINRPEAYAGE ST7F
It might also be less precise at reproducing high frequencies, which might give the |
en2yS2dza AYLINBAAA2YSY2RFE Kl OGAY 3 aY2NB f 2 6y

Figure4: Telefunken U47, a large

diaphragm, sideaddress condense
microphone with switchable pola
pattern ¢ arguably one of the bes
microphones ever built

ltacceptssoundi@ G KS aSyR¢ 2F (GKS YAONRLK2YS
The microphone id A Y Lbinedéa LA 2 6 NR&A (G KS az2dzyR &2 dz2NOSo

SIDE ADDRESS MICRORH

A
A
A

AlsoOl £ £t SR G&AARS FANBE YAONRLKZYySO

It accepts sound from an angle perpendicular to therophione

The forward side of the microphone is usuallpere the company logo is placed
(like for NeumannAKG, Telefunken) or a dot (RODE)
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2. MICROPHONERANSDUCER/PES

2.1 CONDENSER MICROPH®NE

Cutput
Audio Signal

Sound =4
VWaves =+

/r

Front Plate Back Plate Battery
(Diaphragm)

Figure5: Cross section of @ondenser Microphong@eft); Neumann U87 (right)

TRANSDUCER PRINCIPLE

In Condenser Microphondalso calledCapacitor Microphongshe microphone diaphragm acts as one plate of a capaci-
tor; the platesare biased with a fixed charge (typically-200 V) througta large resistance (>500 M Ohmyhenthe dia-
phragm vibraésin response to sound wavgs causeschanges irthe distance between the plates, whiahturn affects

i K 8apatitancé of the capadir and producs accordinglyvariationsin current at the resistance endhik current can-
not be used directly as signal, due to the very high output resistance: fopuhise,a preampamplifies the audio signal
andtransforms the impedance to about @@hm

Gondenser microphonessuallyrequire 48 Vphantom powerfor the capsule bias charge, as wellfasthe preamp There
arealsomodelsthat requireup to 140 V(for example the DPA 4004gh-SPL omnidirectional microphone requirk3) V).

Exception in Bectret CondenseMicrophones(from electrastatic maget) the plates are permanently chargéd2 NJ & LJ2 f | NJ
A T StRerefiorethe phantom power is only required to operate the preamp

CHARACTERISTICS

A Linear frequency response (especially the omaolar patern), both in the very low and very high range

Very accurate impulse response (reacts well to fast transients, like in percussive sounds)

Usually better S/N ratio than dynamic miasdlow distortion

Overall: more transparent, detailed sound than dymia mics, especially in the high range

High sensitivitybut lower headroom(maximum SPL level) than dynamic mics

Require phantom power, unless for modelsink 'y A y i S NJ/ leléctreddondénSeNgbes 2 NJ T2 NJ

Doublediaphragmcondensemicrophonesare very flexible, as you can switch the polar characteristic between

omni, cardioid andigure of eighf in some types, you can seamlessly blend through the different characteristics,

with virtually infinite variations in polar pattern response

Not ided for live usagedelicate easier to get feedback because of wide frequency response, high sensitivity, etc.

A Nevertheless: should be used live for instruments with very strong energy in the high freq. range, like for example
for cymbals ("drums overheadabnfiguration), tambourine, triangle, shaker, cabasa, etc.

v v > D>y D> D>

-

Copyright 20022016 Michele Gaggiawww.DigitalNaturalSound.comAll rights reserved




FH Salzburg MMAAUDIOMICROPHONES ARECORDING TECHNIQ{ =R)e7 of 31

EXAMPLES

A largediaphragmcondensemicrophones Neumann U87, U89, M147, M149 TLM103; Audio Technica AT4050,
AT3035; AKG C414; RODE NT 1000; Brauner VLM1, Brauner Phiiafefunken €12, Telefunlen CU49, etc.

A smalldiaphragmcondensemicrophones Neumann KM 183/184/185; AKG C480, C391B; RODE NT5, NT3; DPA
4006 etc.

2.2DYNAMIC MICROPHONES

Wires carrying
electrical
audio signal

4

Sound =4 Magnet
Waves =

Caoil

Diaphragm

Figure6: Cross section of a Dynanhiticrophone(left); Shure SM7 (right)

TRANSDUCER PRINCIPLE

In DynamicMicrophonegalso calledMovingQoil Microphone$ the microphone diaptagm is connected to ang-shaped
induction coil, which isvrappedaround a permanent magnetwhen the diaphragm vibrateis response to sound waves
the coil moves in the magnetic fielgeneratingper induction a varyinglectricalcurrent in the coilthis current has al-
ready a resistance of about 200 Ohm, so it can be used directly as audio signal

The principle is similar tthat of aloudspeaker, only reversed: in a loudspeaker, applying current to the coil moves the
speaker membrane; in a dynamidarophone the movement of thdiaphragm/coilgenerates current per induction.

CHARACTERISTICS

A Poor response in the high frequency range KBff§ rhight start around 15 kHz or earlier)

A Theimpulse responsés not very accuratédynamic micslo not reactwell to fast transients, due to the high mass
of the diaphragm+ coil).

A Usuallyworse S/N ratio than condenser mics

A Overall: less transparent and tiled sound than condenser microphones

A On the other hand rounder, softer sound than condenser, therefaeod for harsh signals (for example, a dis-
torted e-guitar cabinet)

A Lower sensitivity than condenser mics, butichhigher headroom (can be useddfoseproximity of very loud
instruments, like drumsr percussionwithout clipping or being damaged)

A Do not require phantom power, or batteries

A Very robust, easyo use in live P.A. situations

A Hardto get a feedbackas it is used very close to the sound source and requires less preamp gain boost.

EXAMPLES

A small diaphragmdynamic microphonesShure SM57,M58 (vocalssnare drun); Sennheiser MD42(snare
drum, toms, Latin percussion, guitar ampgB65; Heil PR38nare drum, toms, guitar amp, vocalsic.
A large diaphragm dynamic microphone®112 (bass drumpudix D6 (bass drum) Telefunken M8Zbass drun)

Copyright 20022016 Michele Gaggiawww.DigitalNaturalSound.comAll rights reserved
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2.3RIBBON MICROPHONES

Step-Up y
Transformer P
Corrugated — 12y S ), 120°
Metal Element
a0° | 80"
Magnetic ) / i
Structure 60", B0°
Ribbon Microphone - Front View
How a ribbon microphone works Bi-directional polar or pickup pattern

Figure7: Ribbon Microphone transducer princigleft) and polar diagranfcenter); Royer RL21 (right)

TRANSDUCER PRINCIPLE

RbbonMicrophonesause a thin electrically conductivieibboné (a corrugatedmetal foilusually made of aluminunduralu-
minum or nanofilm)laced betweerthe poles of a magnet; thgyroducea variable voltage bgneans ofelectromagnetic
induction, therefore the principle has similarities to that of moviogjl dynamic microphones.

The main difference is that thdbbon is very lightunlike theheavydiaphragm+ coilin dynamic microphong), therefore
the sound character of ribbon microphosés quite similar to that of condensemicrophones (detailed, good reproduction
of higher fequencie$, but with a softer topend.

Most basicribbon microphones detect sound in adirectional figure of eigh} pattern, because the ribbon is open on
both sides (front andear). Somemodels providea unidirectional polar pattern, by adding anocastic trap or baffle on
one side of the ribbon.

Most ribbon microphones do NOT require 48 V phantom power (in fact, phantom power should not be turned on even
accidentally, as it could damage older ribbon microphon@@re are however exceptionactiveribbon microphones

(such as thé&koyer Labs SFand SR24) include a preamplifier that boosts the signal to condenser microphone lavels
require 48 V phantom power.

CHARACTERISTICS

A Detailed sound charactegood response in the high frequency range
Softer/rounder top-end compared to condenser microphones

Good transient response

Relatively high selfioiseand low sensitivitfexcept active ribbon types)
Figure of eighpolar patternis common

> D> D D>

EXAMPLES

high end / referenceclass:RoyerLabsR121, R122, SF 12 (stereo), SF 24 (stereo)
high class /modern: RODE NTR

mid class:Cascade Fat Head, Fat Head L5¢stereo, similar to SF 12)

budget/ vintage: No Hype Audi® RM1, LRM2

™

> > >
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3. POLAR PATTESN

3.1 POLAR PATTERNPES

I YA ONERdidctyady @r polar pattern(GermanRichtcharakteristikindicates how sensitive it is to soumgives
arriving at different angleabout its central axis. In the following diagrams, the central @Xigs always shown pointing
upwards and the rear (180°) dowvards.

OMNIDIRECTIONAL

A GermanKugel

A Omnidirectionalg pure pressurdgransducer

A Theoretically, omni pattern microphones have the same sensitivity from sou
coming from all directions, over the complete freq. range; this isquite ac-
curate mostomnidirectionalcapsulegfor example, the DPA 4006) are more
sensitive to high freq. for sound coming-aris (0°), and could therefore be
defined as beingmildly directiona¢ Ay GKS KA3IK NI y3S

A Omnidirectional microphonesisually have a very flat responaeross the com-
plete frequency spectrum

A Example obtereo setupusage: AB, OSS

WIDE CARDIOIDMRSUBCARDIOID

A GermanBreite Niere

A A cross betwee®mnidirectional (Omni) and Unidirectional (Cardioid) pat-
terns, with mild directivity.

A Very usefuwhenyou want to record instrumental groups in an orchestra and
youwishto get enough separation, but without focusing too much on a singl
instrument in front of the microphone (like with a regular cardioid).

CARDIOID

A German:Niere
A Unidirectional, withpronounceddirectivity.
A This polar patterrhasmaximum sensitivity omxis (0°);6 dB from the sides
(90° and270°) and minimum sensitivifpom the rear (180°)
A This is one of the most common capsule typ@sl can be used in countless sit
uations. Standard okeup support microphone.
A Example obtereo setupusage: XY, ORTF, NOS

Copyright 20022016 Michele Gaggiawww.DigitalNaturalSound.comAll rights reserved
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SUPERCARDIOIB HYPERCARDIOID

A German:Superniere Hyperniere

A A aoss betweerunidirectional(cardioid)
and bidirectional (figure of eightyvith
strongdirectivity.

A Thesepolar patternshavea strongerdirec-
tional sensitivitythan the cardioidthere is
more attenuation from the side610to -15
dB) but they alsareact to signals from the
rear (1809, similarly to thefigure of eight

A Note: therear-loberesponse (lower parof
the diagram) iout-of-phase.

SHOTGUN

A A cross between unidirectional (cardioid) and bidirectional (figure of eight)
with extremedirectivity.

A Example of usage: mounted @ideo cameras, for location recording
(exampleto interview somebody in theniddle of a noisy crowd)

FIGURBFEIGHT

A German:Achter Charakteristik

A Bidirectional patternc pure pressure gradient transducer

A These microphonesypeshave two symmetrical sensitivity lobes, with nivax
mum sensitivity oraxis (0°) and from theear (180°);minimum sensitivityfrom
the sides (90° and 270°)

A Note: therear-lobe responsg(lower part of the diagramis out-of-phase

A Example ofstereo setupusage:
- Blumlein (2 bidirectional microphones),
- M/S (@ bidirectionalmicrophone is used fahe S+55 signals, in combination
with a directionaimicrophone for theM signaj
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3.2CONSTRUCTION PRINE®

OMNIDIRECTIONAL

A PressureTransducergGermanDruckempfanger the output voltage is proportional to the variationssound
pressure Anomnidirectional capsulenclosure is like a closed gamith the diaphragm sealintipe front end

A The air pressure inside trsaled microphone capsuig always constantherefore thediaphragmonly reacts to
outsidevariations insoundpressure

A The daphragm always responds-phaseto sound pressure variationsggardless whether sound waves come
from thefront, sideor rear.

sound waves from the front
produce in-phase sound
pressure on the mic diaphragm

mic diaphragm —_

e

capsule

elastic seal /

sound waves from the rear travel

capsule enclosure around the capsule enclosure

and also produce in-phase sound
pressure on the mic diaphragm

180°

Figure8: Crosssection of a Pressure Transducer (Omnidirectional) microphone capsule

BIDIRECTIONAEIGURE OF EIGHT)

A PressureGradient TransducergGermanDruckgradientenempfanggrthe output voltage is proportional to the
pressure differentiglgradient)between thetwo sides of the mic diaphragm.

A A bidirectional capsule is opéa both ends: viien ncident sound wavearrive on-axis(0°)or completely offaxis
(180°) the pressure differential on the mic diaphragm is at its maximtima microphonereacts with the same
sensitivityto sound waves comingom the front (maxin-phaseresponse)r from the rear (maxout-of-phase
response).

A Whenincidentsound waves are coming from tk&ls the pressure differential is nylks the sound waveso-
duceequalamounts of soundpressure orboth sides of the diaphragrfin-phaseas well a®ut-of-phasg; this
causesphase cancellatioand results irminimal sensitivityfrom the side

sound waves from the front produce 0°
the max in-phase sound pressure
differential on the mic diaphragm M
(max in-phase sensitivity)

<:I sound waves from the side produce

1l amounts of in-phase as well as
i

mic diaphragm\

i e out-of-phase sound pressure on the
i % mic diaphragm: the pressure differential is
1 —— open|capsule null, due to complete phase cancellation
elastic seal pencap <: (resulting in min sensitivity)

/ sound waves from the rear produce

/ the max out-of-phase sound pressure
capsule enclosure differential on the mic diaphragm
180° (max out-of-phase sensitivity)

Figure9: Crosssection of a Pressure Gradient Transducer (Bidirectional / Figure of Eight) microphone capsule
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UNDIRECTIONAICARDIOID)

A

A

Unidirectional Microphonesare conceptually asuperposition of apressure transducefomni) and apressure
gradient transducer(figure of eighj.
From a constructiopoint of view, unidirectional microphones use a partiaialedcapsule enclose with spe-
cially designedidérear vents, whichallow part of the sound waves coming from the side or itbar of the mi-
crophoneto reach the rear of theliaphragm(with a short timedelay due to the longer signal path)
Sound wavesomingfrom the front producethe highestin-phasepressure differentiabn the diaphragm this
resultsin maximumsensitivityfrom the front.
Sound wavesomingfrom the sidemostlyreachdirectly thefront of the mic diaphragmiii-phasg, buttravelalso
through the sidérear vents and reach thezar of the diaphragnm(out of phasé; this causes reduced pressure
differential due topartial phase cancellatioand results in reduced sensitivity from the sid@amping:-6 dBfor
cardioid -10 dB for supecardioid;-15 dB for hypercardioid.
Cardioid:Sound wavesomingfrom the rear produce equal amounts ofi-phaseas well asut-of-phasesound
pressure on the diaphragntausing complete phase cancellatitie pressure differential is nudind results in
minimal sensitivitffrom the rear
SuperCardoid and HypetCardioid: Sound waves coming from tisewrr produce moreout-of-phasethanin-phase
sound pressure on the diaphragm, causing anafythasesensitivity from the reatbut lesspronouncedthan
from the front).
sound waves from the front produce
the max in-phase sound pressure

differential on the mic diaphragm
(max sensitivity form the front)

sound waves from the side mostly reach directly
the front of the mic diaphragm (in-phase), but travel
also through the side/rear vents and reach the rear of
the diaphragm (cut-of-phase); this causes a reduced
pressure differential, due to partial phase cancellation
(-6 dB damping from the side for cardioid)

mic diaphragm

partially
sealed
capsule

elastic seal

side / rear vents

capsule enclosure

sound waves from the rear produce equal
amounts of in-phase as well as out-of-phase

sound pressure on the mic diaphragm: the
180° pressure differential is null, due to complete
phase cancellation (min sensitivity from the rear)

FigurelQ: Crosssection of a Pressure Gradient Transducer (Unidirectional / Cardioid) microphone capsule

Figurell: Telefunken TKBomnidirectionaktapsulg(left) and
TK60 cardioid capsule (righthowing thecharacteristicsidgrear vents (slits)
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4. STEREO RECORDINGHNEQUES

4.1 OVERVIEWF STEREOPHONECORDINBRINCIPLES

INTERAURAL TIME IHRENCE (ITD)

A
A

Example A-B

The principle is based on differencegime delaybetween the L and R channel, that are caused by the sgacin
between the 2 microphone capsules (incident sound waves at different anglesach the twomicrophone
capsules with varying time delays)

German:Laufzeitstereophonie

INTERAURAL AMPLITURDIEFERENCE (IAD)

A
A

A

Examples: X-Y, M/S, Blumlein

The principlés based on differences amplitude(peak, levelpetween the L and R channel, that are caused by
the varying sensitivity of the cardioid polar pattern at different incident angles.

Also callednteraural LevelDifference(ILD)stereophony

German:Pegetlifferenzstereophonie

The German termntensitatsstereophonieoften found in German publicationis,inaccurateand should not be
used the IADprinciple isbased on differences iamplitude(peak, levelpetween channels, and not on differ-
ences inntensity (= sound power per unit of ar¢a

COMBINATIONDFITD AND IAD

A
A

Examples: ORTFENOS OSS

Our hearing system works in a similar wiaythe OSS@ptimal Stereo Sound) setupsingomnidirectional trans-
ducers (our ears) anal combination of ITD and IAD tletermine the directn of a sound sourcésee under for
details)

In addition, our hearing also process differences in sound color / filtering caused by the outpinear ¢r auri-
cle), which lets us gather adébnal information about the sound soce, such as it8D spatial position (height
and distance information

The max ITD between our eafthat are on average 17 cm apai$)about 0,5 mstherefore,both ORTF and OSS
use exactly this distance between the microphone capsules.
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4.2 INTERAURALIME DIFAREENCE (ITD)
A-B

SETUP

A 2 omnidirectionaimicrophones
A Distancebetween capsulest0 to 80 cnm(as main micro-
phones) up to 2-3 m(for capturingambiencesound)

A Angle between capsules: usually 0° (parallel) Left Right

SOUND CHARACTERSTICS

50cm

A Wide staeo image but poor localization

A The L:R signals are natrrelated (different phaseas the mic
capsules are not coinciderand not mono-compatible

A If anA-B recordingnust be convertednto mono,the best
solution is tousejustone of the twochannes.

A The impession of having d¢hole in the middlé of the stereo
imagemight occur when the microphones are very far apart
(2-3 m), but thiss not an issuevhen recording ambienck
room sound with arA-B setup.

A A a2dzy Ra & NI ArWIKSSdué to thefomdirec-
tional pattern of the microphones, more rooambiencein-
formation is being captured

Figurel2: A-B stereo setupvith DPA 4006

4.3INTERURAL AMPLITUDE DIFFERE (IAD)
XY

SETUP

A 2 cardioidmicrophones
A Distancebetween capsulesd cm(coincident)
A Anglebetween capsuless0° to 120° (typical 90°)

SOUND CHARACTERISTIC

" . . . Right Left
A Relatively narrow stereonmage but excellent localization

A The L:R signals arperfectlycorrelated (same phase, as the mic
capsulesare coincident), thereforexcellent monecompatibility.

A X, az2dzyRa a-RNDSSNdite thekcardioid pattern of
the microphones, less roommbienceinformation is being cap-
tured.

[

Figurel3: XY stereo setup with TelefunkeéflL A M260
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M/S (Mid/Side

SETUP

A cardioidmicrophonefor the Mid signal ad
afigure of eightmicrophonefor the Sidesignal
Thediaphragns areangled90°from each oher

DECODING AND BALANGTENTROL

., .
.......

To decode a M/S group you use three mixer channels:

- one forthe Mid signal, panned center

- one for the S«in-phase)signal, pannedull Left

- one for the S(out-of-phase)signal pannedfull Right

S (out-of-phase)isthe same as the<§in-phasé@ signal, but re-
versed in phase; phase polarity switches might not be avaitatle ot | O [Mester
Iow-budgetmixers Plrge Phase | Phase
Adjusting the balance betweethe Mid and Sidesignalsit is possi-
ble to seamlesslplend between mono and full stereo sidrithere el ol Il L

is morecontrol than witha X-Y setup). + + + ++

SOUND CHARACTERSTICS

Relatively narrow stereonage but excellent localization

Perfect mono compatibilitythereforeM/S isan excellentchoice

for radio and T\productions

The S+ and-Signals are oppsite in phase and erase each other
when the final kR stereo (decoded) channels are mixed together,
leaving out only the Mid signal. In other words:

L=M4S
R=McS
L+R=(M+S)+@\8) =2M

BLUMLEIN

SETUP
2 bidirectionalmicrophones Figurel4: Blumlein stereo setup
Distancebetween capsules: 0 cm (coincident) with Cascade Fadeadll

Angle between capsules: 90°

SOUND CHARACTERISTIC

Realistic stereo imagevith excellentfront localization

The LR signals arperfectlycorrelated (same phase, as the map-
sulesare coincident), thereforexcellentmono-compatibility.

More ambience information than-X, due to the rear (reversed phase)
sensitivity

Unfortunately, any instrument placed in the rear appeansthewrong
side of the stereo field, and phase reversed.
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4.4 COMBINATION OF ITNBA IAD

ORT Koffice de Radiodiffusiefélévision Francaise

SETUP

2 cardioidmicrophones
Distance between capsules: 17 cm
Anglebetween capsulesl10°
You can experiment varying the distance-@®bcm) and
the angle 60-1209 between the mic capsules
Rememberto maintaina similar recording stereo base,
distance and angle between capsules should be adjus L !
(inversely proportiondl

smaller distance>wider angle

greater distance> narrowerangle

SOUND CHARACTERSTICS

Balancedstereo imagewith good localization

The LR signals are still quite correlated, due to small ITDs

between the mics, therefore stidlcceptable mono com-

patibility.

hwe¢ C &2dzy R & -BooROSE:3lMwkO thi Eakdibid ! Figurel5: Superlux $02 ORTF microphone
pattern of the microphones, less rooambienceinfor-

mation is being captwd.

N O SNederlandse Omroep StichtigdEnglish Dutch Broadcast Foundation)

SETUP

2 cardioidmicrophones

Distance between capsules: 30 cm
Anglebetween capsules90°

Smilar principle to ORTF, bthe capsules
are more far apart, while the angle is nawer

SOUND CHARACTERISTCOMPARED TO ORTEF) 30
cm

Due to the wider spacingetween themic capsules,
NOSsounds widethan ORTFbut localization is not
as accurate

Less correlation between the-Rsignas, therefore
less monecompatible

Due to the smalleangle between the capsules, the
microphones are pointed more towards the record-
ing sourcewhich can result in a smathprovement

in sound color accuracy

Figurel6: NOS stereo setup witrelefunken ELA N260
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O S SOptimal Stereo Signpal

SETUP

2 omnidirectionalmicrophones

Distancebetween capsules: about7-20 cm

Anglebetween capsules30-45°

TK SJedklin Disk(about 3035 cm in diameterjs placed between the micro-
phones to dampetthe mid/high frequenciesf side sound wavesnd create
the required nteraural amplitude differences.

SOUND CHARACTERISTIC

Balancedstereo image with very naturédcalization

OS<apturesnice, deep and spatial sound, due tibe omni polar pattern of

the microphoneused

The LR signals are still quite correlated, due to small ITDs between the mics,
therefore still accepthle mono compatibility; with greater distance between
the capsules, stronger coloration (comb fifteg) might occur.

Although the principle might appear to be similar, OSS should nebb&ised
with binaural recordingslone withl  dummyheack, which ae only compati-
ble for reproduction over headphones!

Figurel?7: OSS setup with Jecklin Disk
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5. PRACTICAL APPLICONSAND RECORDING SESUP

5.1 POTENTIAISSUES THATAN AFFECT THE REQIGR QUALITY

PROXIMITY EFFECT

A ¢KS at NRBEA Y widdésirebbastSiitie dowsk fiequenties that occundena microphonewith direc-
tional polar patternis placedvery clog to the sound sourcéquite noticeable under 30 cm distance)

A ¢KS FTNBIljdzSyoe NBaLRyaS 2F GKS aDNJI RA Syrinally idgcéasRe/d8y (¢ 2
per octave; b compensate for this, the diaphragm is damp&ddB per octave.

A As long as the sound source is far from the microph@raeField Responsgjhe Gradient Componeris consid-
erablylarger than thenverse Square Compone(the sound pressure level of thisroponent drops rapidlys6
dB for each doubling of the distanca)d theOverall Frequency Resporisdinear (with damped diaphragm)

A The Inverse Square Component is howealezadylinear in responsgdue to the diaphragm equalizatiors(dB
damping per otave), it appears to have much magaergy in thdow frequencyrange

Far-Field Response

A Undamped Diaphragm A Damped Diaphragm

Qverall Frequency Response

Gradient Component

Pressure Difference
Pressure Difference

Inverse Square Component

N I
> >
Frequency Frequency

Figurel8: FarField Response of a Pressure Gradient Microphone, shahénfjequency response of the
Inverse Square Component and the Gradient Componadtit,indamped and Damped Diaphragm
The Overall Frequency Response only depends on the Gradient Component.

A As thesound sourcenoves closeto microphone the Inverse Square Componebécomes larger, eventually
overtaking theGradient Component Once this lppens, the Inverse Square Component contributes todker-
all Frequency Respongausing a boost of the lower frequencies.

Near-Field Response

A Undamped Diaphragm A Damped Diaphragm

o
. ?\@5()0
eU‘)anc‘ c:“e(\\
2 e G‘J‘“g
ove Tt
G
/ Inverse Square Component

Frequency Frequency

=~ Overall Frequency Response

Gradient Component
I‘J)V@rs
e

Pressure Difference
Pressure Difference

v
v

Figurel9: NearFieldResponse of a Pressure Gradient Microphone, showing the frequency response of the
Inverse Square Component and the Gradient Component, with Undamped and Damped Diaphragm.
The Inverse Square Component is larger than the Gradient Component and contributes to the

Overall Frequency Responesausinga boost of the lower frequenes
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A Largediaphragmmicrophonesare not as sensitive tthe proximity effect: therefore, they are ideal for close vocal
or instrumental recording

A True Omnidirectional (single diaphragm) microphones are not affected by the proximity effect.

A Somedirectionalmicrophmes (like the Shure Sg7 and SM68) aredesignedo be used extremely close to the
sound source (voice, drums, percussion, guitar amps, atcl featurean optimizedfrequency response wita
a N2 ff ifi the low rangdo compensate for the proximity &fct, as well ag boost in the miehigh range to add
clarity. Other models (like the Neumann U87, or the AKG C414) feature a switchahtatléilier.

CLIPPING AND DISTGR

A Consider theSPL range of thgound sourcéquiet, loud) to be recordednd doose your microphonearefully!

A Remembercondenser and ribbon microphones are usually topping around1¥8dB maximum SPL, while
mostdynamic ones can easily handle 1600 dB SPL.

A When recordinglrumsveryclose to the drum skin, peaks beyond 140 ¢®&n occur

A When recordingguns and riflesvith live ammunition(example:sound design for a videogame or a movie), peaks
beyond 140 dB SPL at 1m distace& occur

A Closer to the muzzle, SPeaks up tadl60-180 dB SPtan occurAs can be expectedud peaks can not only de-
stroy most microphones, but also cause irreparable damage to the hedfingshould in any case wear hearing
protection when working with high SPL sound sources!

A Even if the microphone is not damaged, wibe SPL exceeds the maximuhat can be handletly the elec-
tronic or mechanic componentslipping and distdion will occur.

A In the past, this mearthe recordingwas compromised beyond repair. Nowadays it is possible to partly recon-
struct the peaks of a clipped recording usipgsal Sound Restoration Software (such as iZotope Studio RX

Figure20: Aclippedsnare drum hit before and after being processed witie & 5 S / feinktibdéin Studio RX
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COMB FILTERING

Microphones should never be placadarlargeand hardreflecting sirfaces (walls, floor, ceilinghe reflected
soundwave will reach the microphone with just a small thelay compared to theoundwave coming directly

from the sound source

The interference from the direct and delayedusml wave cause a type of phase interfereredledocomb filter-

ingg OFNRY (KS &aKILIS 2F {KS solbdsiketa$ekyyuahatdralBlihty@tsllo §pe NB a L2 v
of coloration / distortion.

Comb filtering can alsoccur whenmixing togetter signals from multiple microphongslaced at different dis-

tance from the sound source.

Comb filtering, once it occurs, cannot be removed from the recorded signal using EQs or any other form of post
processing: it is very important to be aware of thisddake the necessary measuresforethe signal is rec-

orded.

It can be empirically demonstrated that comb filtering will not be noticeable if the delayed sound wave is at least
18 dB quieter than the original one.

W ‘\"u w'“"' |}' IL, "w"Jv e\ | ;' Wi MU» Wﬂ |

Il
Mﬂ . lllw ". M' 'M\ A
W Hf \" \ll' ‘uJ |(\ AM ‘|N|

1T,

Figure21: Ldt, the normal spectrum of a sound source; right the resultin®2 Yo FAf G SNAyYy 3¢ FFAISNI I RRAY 3 (K
delayed just 1 ms (that correspositb an additional sound path of 34 cm)

ExceptionBoundary Layer Microphone&renzflachemikrophone),
or P2V (Pressure Zone Microphone) are designed to work best wt
placed directly on surfaces; they use the boost in level in proximity
of a surface to optimize sensitivity, and because they just cannot ¢
the reflected wave from the surface (as they are plaoadhe sur-
face itself), they sound very natural and uncolored (no comb filter
fect).

Figure22: Beta 91 by Shure, a PZM microphone
specially designed to record the bass drum
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USING MULTIPLE SURFQMICROPHONES

How to avoid comb filtering when using multiple support microphones: use the so dalRdle

The combination of 4x the distare (a drop 0f12 dB) plussetting the microphones at such an angle that allow to

take advantag®f the side attenuation in @ardioidpolar pattern(-6 dB),gives-18 dB difference for the record-

inglevel of an instrument (in Figure 1the Cellg in itsown support microphon& | yR G KS af SF { Ay 3¢
support microphone of the nearby instrument figure 11the Viold).

This way, the same signal will baptured by thesupport microphoneof the nearby instrumenwith a-18 dB

drop in level(plusadditional attenuation due to different pasettingg andthere will be no noticeable comb fil-

tering.

Source

90 dB SPL 84 dB SPL 78 dB SPL

® \ o

Cello Violin 1

Viola . . Violin 2

Figure2dY (KRBzE SEE (2 | 2AR 02Y06 TFAfGSNAY3I 6KSy NBO2NRAYy3I sAGK Yo

5.2 SPEECH RECORDINBS

To record speech professionally, pledsiow these simpleguidelines

Use a larg@iaphragmcardioid condenser microphone, such as NT 1000, AKG C414, Neumann U87, AT 4050, etc.
or a specific vocal/speech dynamic microphone, such as Shu&8SM

Use professinal digital recording equipmerthat can provide stable phantom power

Record at 24bit quantizing precision, 44.1 (for CD) or 48 kHz (for video / DVD) sampling frequency

Set the recording level manually, do not use automatic input level regulation!

Leaveenough headroonii 2 | @igphdR (sefithe level so that the average is abeli2 dBFS and the peaks
about-6 dBFS; the level should never reach 0 gBFS

Pace the microphone about@30 cm from the speaker, depending oricrophonetype and directionapattern
Do not place the microphone directly in front of the mouth to avoid wimdl @op noisegexception: SM68 dy-
namic microphone, and other mics designed for extreme close setup)

Use a pofilter (for example from K&M)

Avoid reflecting surfaces betvem microphone and speaker; for example, if youstrecord on a table, place
some absorbing material (like a thick blanket, or acoustic foam) on it to avoid reflections anditteniy.
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6. RECORDING SETUPS

6.1 JAZZ ENSEMB({IOLO VOCALS, VIOIANDUSTIBASSDRUM KIT, VIBRAPHONE)

DRUMKIT

Figure25: Drum Kit: @tail of the Schoeps CMC 541 overheads in NOS configuration
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Figure26: Snare drum, recorded withKG C414 and Sennheiser MD424ss drum, recorded with Neumann Fet47 and Sony C37A

ACOUSTIC BASS

Figure27: Acoustic bassecorded with Brauer Phantom and internal DPA pipk
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VIBRAPHONE AND VOSAL

Figure28: Vibraphone, recorded with RODENT 1000 (sort of /8 stereo) SoloVocals, recorded with Brauner Phantom

6.2 ELECTRIC GAR

MINI-AMP

Figure29: DNS recording: electric guitar Vox rramnp, recorded with Cascade FatHead Il (ribbon) and H&DBRdynamic) microphones
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LARGE-&SPEAKERS AMP

Figure30: Electric guitar ampwith 4 speaker}, recorded with Royer-R21 (ribbon) and Shure SBV (dynamic) microphones,
both placed very close to the amp speaker cone. Solnttg://www.royerlabs.com/rectips electricquitar.html

Figure31: the same combination of amp and microphontss time with the Shure SM¥7 placedup close, and the RoyerR21
at about 50 cm distanceapturingt  f Sa a RA NB Onil.Souvtehitidd/wvint rdyeri@bs.com/geatips _electricquitar.html
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6.3 CLASSICAIRIO

PIANO AND TWO VIOBI(OVERVIEW)

Figure32: DNS recording, featuring a OSSmsereo pai(DPA 4006)grand piano with NO&@x RODE NT 1000) and two violins (2x Brauner Phantom)

GRAND PIANMETAIL)

|

Figure33: Steinway D grand piandetail of theNOS stereo pair (RODE NT 1000)

Copyright 20022016 Michele Gaggiawww.DigitalNaturalSound.comAll rights reserved




FH Salzburg MMAAUDIOMICROPHONES ARECORDING TECHNIQ{ F=R)e27 of 31

6.4 MIXEDINSTRUMENTAL/VOCEBNSEMBLE

GRAND PIANO, GUITARBODWINDS, TRUMRPERCUSSION, CHIERKEHOIR, SOLI

v
ﬂlll L/

BeEA
-

Figure34: DNS recording setup fomaixed ensemble conducted by Albert Anglberger in@reRe UniversitatsaulSalzburg)eaturing OSS maireseo
pair (DPA 4006NOSfor the grand piano, AB-GD group (NT 1000) for the children choir (on the right), 28@35 for the percussion, 4x NT 1000 for the
woodwinds and the trumpet, AKG C414 for the acoustic guitar, Sennheiser MD 421 for the gleriamplifier, 2x Brauner Phantom for solo vocals

Copyright 20022016 Michele Gaggiawww.DigitalNaturalSound.comAll rights reserved




FH Salzburg MMAAUDIOMICROPHONES ARECORDING TECHNIQ{ =28 of 31

6.5S0OLO VOCALS

Figure35: DNS recording @ die:mischbatterie for Placido Domingo, featuring OSS main stereo pair and vintage
Neumann W47 valve condenser microphone

Figure36: detail of the Neumann U47 and K&M pop filter
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