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Zusammenfassung 

Die vorliegende Arbeit beschreibt die Entwicklung eines interaktiven Online-

Werkzeugs, das Filmtonmeister über Mikrofone und deren geeigneten Einsatz für die 

Dialogaufnahme am Drehort umfangreich informiert. Dabei wird zunächst auf den 

Charakter der menschlichen Stimme als primäre Tonquelle eingegangen. Des 

Weiteren werden die technischen Eigenschaften der einzelnen Mikrofone dargestellt 

und ihre geeignete Anwendung in unterschiedlichen, sowohl typischen als auch 

speziellen Situationen, ausgeführt. Ein wichtiger Teil der Arbeit bildet die Erstellung 

von fünf Kurzfilmen zur praktischen Demonstration der theoretisch erklärten Aspekte. 

Mit modernem HTML5 wurde dazu in einem aufwändigen Verfahren ein individueller 

Videoplayer konstruiert, der es dem Benutzer erlaubt, während der Wiedergabe 

zwischen mehreren Tonspuren des Videos störungsfrei umzuschalten, um so einen 

gezielten Einblick über die unterschiedliche Funktion der Mikrofone und ihr Verhalten 

zu erlangen.      

Die Arbeit wurde für die Rubrik ĂAnwendungenñ des Internetauftritts der Firma Schoeps 

erstellt und bildet das Fundament eines in Zukunft wachsenden Projekts zum Thema 

Filmton, an dem zahlreiche Autoren beteiligt sein werden.   

 

Abstract 

This thesis describes the development of an interactive online tool which 

comprehensively informs production sound mixers about microphones and their proper 

application for professional dialogue recording on location. The first chapter 

contemplates the fundamental characteristics of the human voice as the primary sound 

source. The technical specifications of all used microphones are going to be introduced 

and their suitable deployment in different both typical and rare situations are being 

described in detail. An important part of the thesis is the creation of five short films in 

order to give a practical demonstration of all theoretical aspects. For presentation 

purposes a complex individually designed video player was built, using up-to-date 

HTML5 technology. The player allows the user to smoothly switch between multiple 

audio tracks while playing the video to gain an in-depth view of the function of the 

different microphones and their behavior. 

The thesis was made available for the web presence of Schoeps under the category 

ñapplicationsò. It is the groundwork of a new resource for film sound; an ongoing and 

growing project with lots of different authors in the future.     
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|| Introduction 
 

In film business it is a common opinion that the whole topic of production sound and 

dialogue recording on location rarely brings radical new findings and unprecedented 

news these days. Although itôs a fairly new craft, people have been recording dialogue 

successfully since the late 1920s. Since then the challenge has always been the same: 

Capture clean, consistent and intelligible audio. 

For this reason, science continued to help invent better equipment that is used today 

and provides new standards and very applicable tools so sound mixers can get the 

best results in difficult recording situations and noisy sets.  

The microphone manufacturer ñSchoepsò has sensed the necessity of research that 

needed to be done in the environment of recording sound for picture and pursued to 

develop high-end condenser microphones, both analog and digital, including all 

accessories that are now used on numerous film sets all around the world.  

One of their prime concerns is to not only provide their customers with the best 

equipment, but also enhance their service by adding useful tools showing their 

products in action.  

In 2008 four students of the University of Media in Stuttgart created the Schoeps 

Showroom, an interactive application that shows Schoeps microphones in use for 

piano, ensemble, and vocal recordings. The advantage lies in the approach of how the 

recordings were done and the way they are being presented: The user can now switch 

through a number of microphones and microphone set ups and listen to the different 

ways they sound while the file is playing. It also presents information about the 

company itself, their microphones etc. 

Since the showroom has been the only application on the Schoeps website for years, 

it was the companyôs intention to create yet another application, dedicated to the area 

of film sound. The original idea was to deliver information similar to the already existing 

showroom while keeping it a whole new and separate application.  

The function of this thesis is now to serve as kick-off for this project that is way overdue, 

according to Schoeps themselves. 

It is the development of an online tool to not only give international customers the 

chance to learn about Schoeps products for film sound in a very interactive and 

demonstrative way, but also to help them understand all the details, specifications, 

odds and ends that there are to film sound. This thesis starts the project by covering 



the topic of microphone selection and placement for professional dialogue recording 

on location.    

The application is designed and implemented in latest HTML5 technology which 

supports the interchangeability of content and also allows to be expanded whenever 

needed. The Schoeps film sound application is going to be a hands on and growing 

project with lots of authors sharing their knowledge, tips and experience with sound 

mixers worldwide.    
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|| The Human Voice 
 
 

Recording production sound really is only about one thing: ñCapture clean, consistent 

and intelligible audioò1. Production sound primarily consists of dialogue recordings. It 

has often been said that dialogue in a film should never distract the audience from the 

action on screen2, so it has to come across as naturally and realistically as possible. 

For this reason it is very important to discover and understand the source of sound that 

is to be recorded primarily: the human voice.  

What seems to be trivial and obvious at first really becomes vital and deep by taking a 

closer look at what the human voice actually is and does. Itôs not a question of how to 

record just words that are put into sentences, itôs rather a question of how to record 

phonemes, words and phrases that are thoughtfully put together, arranged and 

performed by the talent in order to communicate emotion, sentiment and passion. Itôs 

the sound mixerôs part to get exactly that on audiotape, or HDD nowadays:  

 

 ĂDas Verständlichste an der Sprache ist nicht das Wort selber, sondern 

Ton, Stärke, Modulation, Tempo, mit denen eine Reihe von Wörtern 

gesprochen wird, kurz, die Musik hinter den Worten, die Leidenschaft 

hinter dieser Musik, die Person hinter dieser Leidenschaft: Alles das also, 

was nicht geschrieben werden kann.ñ ï Friedrich Nietzsche3 

 

In this first chapter we are going to look at how the voice is being evolved.  We will 

then break it down to the differences of male and female voices. The directivity 

behavior of the sound field around the human talker will sum it all up. 

 

 

 

                                                             
1 Ric Viers, The Location Sound Bible: How to Record Professional Dialogue for Film and TV (Studio City, CA: 
Michael Wiese Productions, 2012), p. 4. 
2 see Viers, pp. 1ς2. 
3 Wolf Schneider, 5ŜǳǘǎŎƘ ŦǸǊ YŜƴƴŜǊΥ ŘƛŜ ƴŜǳŜ {ǘƛƭƪǳƴŘŜ όaǸƴŎƘŜƴΥ tƛǇŜǊΣ мффсύΣ ǇΦ момΦ ; The most 

understandable of speech is not the word itself, but rather tone, power, modulation, tempo with what a set of 
words is spoken, in short, the music behind the words, the passion behind this music, the person behind this 
passion: Everything that cannot be written. 
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1. Steps to Create Voice 

The human voice originates in the larynx. It contains cartilages and ribbons, but is 

mostly hollow on the inside. Only the vocal folds are located there. These are elastic 

ribbons about 15 ï 20mm in length. While the talent is breathing, the vocal folds are 

completely relieved. Now when the talent decides to speak, the vocal muscles force 

the vocal folds to close. But since air from the lungs pushes against the vocal folds, 

trying to open the crack (glottis) between them, they begin to oscillate.4 

Depending on length and size, they oscillate at about 120 Hertz (men) or 220 Hertz 

(women).5  

Position of rest           Position while speaking   Position of closed vocal folds 

Figure #16 

This is called the neutral pitch of a voice. The amplitude of the oscillation is at maximum 

which means that the talent can speak very powerfully and over a long period of time 

at this pitch. All regular speech is nearby this frequency and definitely in the same 

octave, the lower two-thirds of the whole speech range.7 Changes in pitch are achieved 

by straining the muscles in and around the larynx (for higher pitch), or by relieving 

strain to lower the pitch.   

The glottis produces the fundamental frequency at roundabout 100 Hz (200 Hz 

respectively) and many more harmonics at 200Hz, 300Hz, 400Hz etc.  

 

 

 

                                                             
4 see Heidi Puffer, !./ ŘŜǎ {ǇǊŜŎƘŜƴǎΥ DǊǳƴŘƭŀƎŜƴΣ aŜǘƘƻŘŜƴΣ «ōǳƴƎŜƴ (Leipzig: Henschel, 2010), pp. 52ς53. 
5 see Marita Pabst-Weinschenk, Grundlagen der Sprechwissenschaft und Sprecherziehung: mit 32 Abbildungen 
und 15 Tabellen όaǸƴŎƘŜƴ ώǳΦŀΦϐΥ wŜƛƴƘŀǊŘǘΣ нллпύΣ ǇΦ ннΦ 
6 Heinz Fiukowski, Sprecherzieherisches Elementarbuch (Berlin: Walter de Gruyter, 2010), p. 37 
<http://site.ebrary.com/id/10498672> [accessed 13 February 2014]. 
7 see Fiukowski, p. 46. 

Vocal folds Larynx 
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2. Timbre, Formants & Loudness  

The area above the glottis, the vocal tract (all the way up to oral and nasal cavity), is 

now significant for building the final vocal tone. Each and every vocal tract has its own 

natural resonance to make for intensifying on harmonics or dampen them ï in this way 

formants, ñthe spectral peaks of the sound spectrum of the voiceò8, are formed giving 

each voice its unique kind and character.  

Different vowels can change the form of the vocal tract and ultimately its resonating 

behavior. Basically, vowels are considered emphases on formants. High frequencies 

(vowel ñeò, emphasis on 200-400Hz & 3-3.5kHz) resonate in the head area, mid-

frequencies cause the nasal cavity to vibrate and lower frequencies are perceived 

further down in throat and mouth cavity, all the way down into the chest area (vowel 

ñuò, 200-400Hz).9 Consonants are mostly unvoiced (frequency above 500Hz)10 with a 

few exceptions depending on words and language, e.g. ñvanillaò, ñtheyò, ñzeroò.11  

Another component is the loudness of a voice. Since high pressure air is being moved 

through the glottis in order to produce a loud sound, molecules in adjacent resonating 

cavities are more likely to fall into their own oscillation process, too. The reason is 

because the vocal folds now oscillate at higher amplitude (not frequency). As a result 

the molecules inside the vocal tract have a higher sound particle velocity (thus higher 

sound pressure ᵼ higher sound intensity)12 compared to low pressure air, causing 

more other molecules to resonate. This of course changes the sound of the voice. 

Additionally, when the voice is raised ñthe emphasis in the speech spectrum shifts one 

or two octaves towards higher frequenciesò13, Appendix figure #1.   

The distinct sound of a voice is therefore defined by fundamental frequency, number 

and amplitude of harmonics and loudness.14 

                                                             
8 ΨCƻǊƳŀƴǘΥ ²Ƙŀǘ Lǎ ŀ CƻǊƳŀƴǘΚΩ ғƘǘǘǇΥκκǿǿǿΦǇƘȅǎΦǳƴǎǿΦŜŘǳΦŀǳκƧǿκŦƻǊƳŀƴǘΦƘǘƳƭҔ ώŀŎŎŜǎǎŜŘ мо CŜōǊǳŀǊȅ 
2014]. 
9 ǎŜŜ Ψ- ²ŀƎƴŜǊψ!ǊƴŜǘƻƴΦǇŘŦΩΣ ǇΦ с ғƘǘǘǇΥκκǿǿǿΦƘŘƳ-stuttgart.de/~curdt/Wagner_Arneton.pdf> [accessed 14 
February 2014]; see Puffer, pp. 78ς83. 
10 ǎŜŜ Ψ5t! aƛŎǊƻǇƘƻƴŜǎ ΥΥ CŀŎǘǎ ŀōƻǳǘ {ǇŜŜŎƘ LƴǘŜƭƭƛƎƛōƛƭƛǘȅΩΣ ǇŀǊŀΦ м 
<http://www.dpamicrophones.com/en/mic-university/technology-guide/facts-about-speech-
intelligibility.aspx> [accessed 14 February 2014]. 
11 ǎŜŜ Ψ/ƻƴǎƻƴŀƴǘǎΥ ±ƻƛŎŜŘ ŀƴŘ ¦ƴǾƻƛŎŜŘ μ 9 [ŜŀǊƴ 9ƴƎƭƛǎƘ [ŀƴƎǳŀƎŜΩ 
<http://www.elearnenglishlanguage.com/blog/learn-english/pronunciation/consonants-voiced-unvoiced/> 
[accessed 14 February 2014]. 
12 ǎŜŜ Ψ{ŎƘŀƭƭŦŜƭŘƎǊϧƻǳƳƭΤϧǎȊƭƛƎΤŜƴ - Die Schallschnelle von Ivar Veit Nahbesprechungseffekt - Schallschnelle-
±ŜƛǘΦǇŘŦΩ ғƘǘǘǇΥκκǿǿǿΦǎŜƴƎǇƛŜƭŀǳŘƛƻΦŎƻƳκ{ŎƘŀƭƭǎŎƘƴŜƭƭŜ-Veit.pdf> [accessed 13 February 2014]. 
13 Ψ5t! aƛŎǊƻǇƘƻƴŜǎ ΥΥ CŀŎǘǎ ŀōƻǳǘ {ǇŜŜŎƘ LƴǘŜƭƭƛƎƛōƛƭƛǘȅΩΣ ǇŀǊŀΦ 1. 
14 ǎŜŜ DǸƴǘŜǊ ²ƛǊǘƘΣ {ǘƛƳƳǎǘǀǊǳƴƎŜƴΥ [ŜƘǊōǳŎƘ ŦǸǊ &ǊȊǘŜΣ [ƻƎƻǇŅŘŜƴΣ {ǇǊŀŎƘƘŜƛƭǇŅŘŀƎƻƎŜƴ ǳƴŘ {ǇǊŜŎƘŜǊȊƛŜƘŜǊ 
όYǀƭƴΥ 5ŜǳǘǎŎƘŜǊ &ǊȊǘŜ-Verlag, 1995), pp. 86ς87. 
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3. Male vs. Female Voice 

The frequency range can be from F1( 43Hz) up to e4(2607Hz, sound of a newborn).15 

The following picture shows the average ranges for male (basso, baritone, tenor) and 

female voices (alto, mezzosoprano, soprano). 

 

Figure #216 

 

The frequency ranges shown above do not refer to the average fundamental 

frequencies but rather the average timbre of a voice.17 

As mentioned before, the usual speech range doesnôt exceed the area from a quint to 

octave around the fundamental frequency. The whole range is between two and 

maximum three octaves. The mid pitch of the voice (always nearby fundamental 

frequency) and all other important parts determining the difference of voices can be 

estimated as follows:18  

 Men Women 

Mid Pitch  98 - 131Hz 196 - 262Hz 

Timbre Basso: Dull Soprano: Bright  

Vocal Tract Basso: Big, long Soprano: Small, short 

Larynx Basso: Big, wide Soprano: Small, narrow 

Vocal folds Basso: 24-25mm Soprano: 14-17mm 

Chest Basso: Long, flat Soprano: Squarish 

 

                                                             
15 see Wirth, p. 95. 
16 Wirth, p. 118. 
17 see Wirth, p. 118. 
18 see Wirth, p. 123. 
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The whole physiological dynamic range of the human voice is 50-55dB. The loudness 

of regular speech ranks at 70-80dB19, other literature states at roundabout 60-65dB20 

at a listening distance up to 1m21. For comparison, a clean and intelligible voice record 

requires a level of at least 50dB. As speech can have a dynamic range of 27dB for 

adults (5-12dB for children) over a longer period of time, the momentary speech level 

alternates too, approximately 5dB.22 

 

4. Intelligibility and Directivity behavior of Sound Field 

around the Human Talker 

On one hand, the vowels show the true sound of a human voice, on the other hand, 

especially in Western languages, itôs the consonants that are crucial for speech 

intelligibility. Both are to be captured as best as possible. Therefore itôs important to 

know what the dispersion of speech looks like. Tests show that applying a high-pass 

filter (e.g. at 500Hz) indeed reduces the speech energy, but the signal remains 

understandable. On the flipside, a low-pass filter (cutting at 1 kHz) sucks in about 60% 

of the intelligibility. One should avoid to cover or completely mask the frequencies 1-4 

kHz by background noise in order to obtain a good ease of understanding. Figure #4 

shows the formants of speech and their frequencies. 

Figure #423                        Figure #524 

Also, too much 

reverb will be 

perceived as 

noise and worsen 

intelligibility. Therefore a high signal-to-noise-ratio is 

key. Background noise below 40dB(A) is not 

considered a problem if speech level is constant 

(referring to a listening distance of 1m). If the noise 

level increases to 40dB(A) and above, optimum speech level shows a s/n-ratio of 15dB 

                                                             
19 see Wirth, p. 98. 
20 ǎŜŜ Ψ5t! aƛŎǊƻǇƘƻƴŜǎ ΥΥ CŀŎǘǎ ŀōƻǳǘ {ǇŜŜŎƘ LƴǘŜƭƭƛƎƛōƛƭƛǘȅΩΣ para. 1. 
21 ǎŜŜ Ψ5t! aƛŎǊƻǇƘƻƴŜǎ ΥΥ CŀŎǘǎ ŀōƻǳǘ {ǇŜŜŎƘ LƴǘŜƭƭƛƎƛōƛƭƛǘȅΩΦ 
22 see Wirth, p. 100,121. 
23 Michael Dickreiter, aƛƪǊƻŦƻƴπ!ǳŦƴŀƘƳŜǘŜŎƘƴƛƪΥ !ǳŦƴŀƘƳŜǊŅǳƳŜΣ {ŎƘŀƭƭǉǳŜƭƭŜƴΣ aƛƪǊƻŦƻƴŜΣ wŅǳƳƭƛŎƘŜǎ 
IǀǊŜƴΣ !ǳŦƴŀƘƳŜǾŜǊŦŀƘǊŜƴΣ !ǳŦƴŀƘƳŜ ŜƛƴȊŜƭƴŜǊ LƴǎǘǊǳƳŜƴǘŜ ǳƴŘ {ǘƛƳƳŜƴ (Stuttgart [u.a.]: Hirzel, 2003), p. 69. 
24 Ψ5t! aƛŎǊƻǇƘƻƴŜǎ ΥΥ CŀŎǘǎ ŀōƻǳǘ {ǇŜŜŎƘ LƴǘŜƭƭƛƎƛōƛƭƛǘȅΩΦ 
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or more. An increase of the speech level in postproduction will have a significant impact 

on how noise is being perceived as its level increases too. As figure #5 displays, no 

matter if s/n-ratio is positive or negative, the ideal speech level is identified at 60~75dB. 

Noise will seem louder and more interfering at higher levels.25   

While frequency and level influence the comprehensiveness of the voice, it is very 

much important to also take a look at the directivity behavior of the human talker and 

the effect that not only the vocal tract has on it, but also the body and head. Below 

there are two polar patterns showing the differences of directivity in all directions. The 

level decreases almost exactly 7dB comparing front to back. Front to side is about 3dB 

less. The little boost at 330° vertical is interesting and has to be ascribed to the 

reflection off of the chest. The overall behavior is similar for both male and female 

performers. 

Figure #6, levels are A-weighed, measured at 1m26 

The frequency dependent polar pattern then gives a better idea of how the directivity 

increases as frequency increases ï for higher frequencies the polar pattern becomes 

more the shape of a cardioid, revealing a drop of 18dB from 160Hz to 8 KHz at 

180°.Appendix figure #2  

As proven in a recent and very accurate test by the National Center for Voice and 

Speech, University of Utah, the directivity indeed grows further for the highly important 

HFE27, especially concerning male voices28. Another yet very subtle effect (starting at 

                                                             
25 ǎŜŜ Ψ5t! aƛŎǊƻǇƘƻƴŜǎ ΥΥ CŀŎǘǎ ŀōƻǳǘ {ǇŜŜŎƘ LƴǘŜƭƭƛƎƛōƛƭƛǘȅΩΣ ǇŀǊŀΦ нΤ ǎŜŜ Ψ!±Υ !ƴ 9ȄŀƳƛƴŀǘƛƻƴ hŦ .ŀƴŘwidth, 
Dynamic Range And Normal Operating Levels - tǊƻ {ƻǳƴŘ ²ŜōΩΣ ǇΦ н 
<http://www.prosoundweb.com/article/an_examination_of_bandwidth_dynamic_range_and_normal_operati
ng_levels/P2/> [accessed 14 February 2014]. 
26 Ψ5ŜǘŀƛƭŜŘ 5ƛǊŜŎǘƛǾƛǘȅ ƻŦ {ƻǳƴŘ CƛŜƭŘǎ !ǊƻǳƴŘ IǳƳŀƴ ¢ŀlkers - ǊǊмлпΦǇŘŦΩΣ ǇΦ мп ғƘǘǘǇΥκκŀǊŎƘƛǾŜΦƴǊŎ-
cnrc.gc.ca/obj/irc/doc/pubs/rr/rr104/rr104.pdf> [accessed 14 February 2014]. 
27 HFE = High Frequency Energy; the energy of 8 and 16 kHz octave bands 
28 Due to larger mouth sizes 
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1 kHz) is that loud speech becomes more directional (~3dB deviation)  versus soft 

speech.29  

1m of distance gives a good overall perspective on directivity and frequency behavior. 

But for film sound the microfone most likely gets placed even closer to the mouth. Eddy 

B. Brixen investigated the positions at 10, 20, 40 and 80cm from the mouth at 0°, 45° 

and 315° and presented his results at the AES convention 104. If the change of 

distance and direction (later referred to as distance and angle) had no effect on the 

frequency spectrum, the curves would be straight lines. However the charts teach us 

that the deviation at 45° is pretty narrow which means that the distance of the microfone 

doesnôt effect the sound too much at this angle. 

0° on-axis shows that the spectrum changes as the distance changes in a passable 

manner. The chart from a microphone position at 315° clearifies that the spectrum is 

effected tremendously by varying the microphone position ï the influence of the body 

reflection gives a boost at 1400Hz.30 

 

Figure #731 

Now that weôve discovered the fundamentals, physical aspects and ways that underlie 

the behavior patterns of how the human voice óworksô, in the following chapters we are 

going to come back to this information in order to see how the knowledge about the 

human voice as a source of sound effects the work of the production sound mixer.

  

                                                             
29 ǎŜŜ ΨIƻǊƛȊƻƴǘŀƭ 5ƛǊŜŎǘƛǾƛǘȅ ƻŦ [ƻǿ- and High-CǊŜǉǳŜƴŎȅ 9ƴŜǊƎȅ ƛƴ {ǇŜŜŎƘ ŀƴŘ {ƛƴƎƛƴƎΩ 
<file:///C:/Users/Markus/Desktop/Studium%20Film/7.%20Semester/Themengebiete/Richtcharakteristik%20Sti
mme/Horizontal%20directivity%20of%20low-%20and%20high-
frequency%20energy%20in%20speech%20and%20singing.htm> [accessed 14 February 2014]. 
30 ǎŜŜ Ψ5t! aƛŎǊƻǇƘƻƴŜǎ ΥΥ CŀŎǘǎ ŀōƻǳǘ {ǇŜŜŎƘ LƴǘŜƭƭƛƎƛōƛƭƛǘȅΩΣ ǇŀǊŀΦ оΦ 
31 Ψ!9{ 9-[ƛōǊŀǊȅ η bŜŀǊ-CƛŜƭŘ wŜƎƛǎǘǊŀǘƛƻƴ ƻŦ ǘƘŜ IǳƳŀƴ ±ƻƛŎŜΥ {ǇŜŎǘǊŀƭ /ƘŀƴƎŜǎ 5ǳŜ ǘƻ tƻǎƛǘƛƻƴǎΩ 
<http://www.aes.org/e-lib/browse.cfm?elib=8452> [accessed 14 February 2014]. 
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   Microphones Used for  
|| Location Sound 

 

The variety to choose from is almost endless. Microphones come in all kinds of different 

sizes, shapes and colors these days. The question of which ones to use for dialogue 

recording on a film set becomes most important during the process of pre-production. 

Acquainting oneself with the different locations and concerns they bring along as well 

as studying shot lists, learning about technical equipment that is going to be used (loud 

rain- or wind machines etc.)  and, never least, talking to the wardrobe department is 

crucial in order to wrap oneôs mind around the circumstances that are going to come 

up regarding sound recording for a movie.  

Certainly it is not so much about size, shape or color than it is about the performance 

of the microphone in a specific situation. As far as construction types of microphones 

for film sound are concerned, three main aspects are most important: The transducer 

principle, frequency response, and the microphone polar pattern. In this chapter we 

are going to look at microphones in general and which ones are used in the particular 

recording situation. For this thesis realistic comparative field tests have been done on 

inside and outside locations (see page 38). Schoeps small diaphragm microphones 

(CCM series) were used and examined during all tests and will serve as general 

examples.  

 

1. Polar pattern, frequency response, transducer 

principle 

 ñThe microphones convert acoustic energy into electric energy through a process 

called transductionò1 as soon as sound waves hit the diaphragm inside the microphone 

capsule. This principle applies to all microphones even digital ones. The microphone 

only responds to either one physical quantity of a sound wave: Sound pressure, air 

pressure difference, or the particle velocity. This mainly determines the polar pattern 

of the microphone. 

 

 

                                                             
1 Viers, p. 13. 
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Pressure transducer 

Pressure fluctuation causes the diaphragm to oscillate as it is part of an airtight capsule 

(with a capillary, see below). Since pressure impacts the diaphragm from all directions 

in the same way, the pattern picks up sound in a 360° sphere around the capsule. This 

way a pressure transducer gets an omnidirectional polar pattern. For wavelengths 

smaller than the size of the capsule, a phenomenon called ópressure doublingô comes 

into effect, meaning that these sound waves are being reflected by the diaphragm. The 

reflected wave superposes the arriving frontal wave resulting in an increase of sound 

pressure level up to 6dB. In addition, sound waves coming from a 180° angle can only 

bend around the capsule up to a certain wavelength (approx. 5 kHz). So for frequencies 

above, the omnidirectional pattern becomes a more directional pattern. A third effect 

is called ówave interferenceô. High frequencies that are reflected by the microphone 

body to the side can cause interference with other sound waves to the point of 

complete cancelation. The polar pattern is therefore no perfect circle especially for very 

high frequencies.  In short: The smaller the capsule the better the ideal omnidirectional 

pattern. An important feature considering film sound is that pressure microphones are 

not sensitive to wind noise.2 

For professional dialogue recording, microphones with a flat frequency response are 

preferred since this means that all frequencies are reproduced without any 

amplification or attenuation (both in general called ócolorationô).3 The frequency 

response is influenced by capsule and transducer (see below). All following figures 

show the frequency response for sound coming from 0° (frontal). Since the diaphragm 

of a pressure microphone reacts differently towards high frequencies, one has to 

distinguish between diffuse field and free field frequency response: Diffuse sound field 

equalization is linear for diffuse high frequencies and shows a 6dB amplification in the 

free field. Free field equalization is linear for direct 

high frequencies and shows an attenuation of 6dB in 

the diffuse field. The Schoeps CCM 2 is a free field 

equalized omnidirectional microphone. 

  

1kHz    4kHz   8kHz    16kHz  

                                                             
2 ǎŜŜ ¢ƘƻƳŀǎ DǀǊƴŜΣ Mikrofone in Theorie und Praxis: mit 23 Tabellen (Aachen: Elektor-Verl., 2007), p. 
33,34,39; see Dickreiter, p. 94. 
3 see Viers, p. 17. 
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Figure #84 

Pressure transducers are 

optimal for low frequencies ï 

the diaphragm moves, no 

matter how slow or fast the pressure fluctuates. The cutoff-frequency is defined by a 

tiny hole in the capsule, the capillary. Without it, even a high pressure area would 

influence the diaphragm.5 

 

Gradient transducer 

This kind of microphone reacts to the air pressure difference or pressure gradient 

between front and backside of the diaphragm. Basically there are two ways of capsule 

construction.6 

1. If the sound waves get to the diaphragm without any hindrance, the microphone 

has a figure of eight (or bidirectional polar pattern). Since sound has to travel a 

short way from front to back, phase differences occur. These eventually lead to 

a pressure gradient meaning for sound incidence from 0° and 180° the pressure 

gradient reaches its maximum. Sound waves from the side (45° and 90° angles) 

are fully cancelled (waves hit the diaphragm from both sides at the same time, 

no phase difference).7  

It is important to mention that the pressure gradient is dependent on the 

frequency. Pressure gradients are rather small for low frequencies and increase 

to high frequencies. The maximum pressure gradient is reached when the way 

from front to backside of the diaphragm, A-B, equals ɚ/2 of the soundwave (ɚ/2 

Ḭ 180° phase difference ᵼ maximum pressure gradient, as the front wave 

entirely ñpushesò, the back wave entirely ñpullsò).  A-B is a fixed distance and 

therefore cannot stay smaller than ɚ/2 for all frequencies. The highest possible 

frequency with A-B = ɚ/2 is called transmission frequency. Pressure gradients 

for frequencies above will be decreasing. The length of A-B differs between 

                                                             
4 ΨYƻƳǇŀƪǘƳƛƪǊƻŦƻƴ //M 2 - Grafiken - {/Ih9t{ΦŘŜΩ ғƘǘǘǇΥκκǎŎƘƻŜǇǎΦŘŜκŘŜκǇǊƻŘǳŎǘǎκŎŎƳнκƎǊŀǇƘƛŎǎҔ 
[accessed 25 February 2014]. 
5 ǎŜŜ 5ƛŎƪǊŜƛǘŜǊΣ ǇΦ млсΣмлуΣмлфΤ ǎŜŜ DǀǊƴŜΣ ǇΦ орΣроΦ 
6 There are more; see further reading 
7 ǎŜŜ DǀǊƴŜΣ p. 35. 
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microphones; it depends on the microphone where the transmission frequency 

is set at.8     

2. By building in an acoustic delay element behind the diaphragm, sound waves 

coming from 180° have to take the same way to both back and front side of the 

diaphragm resulting in cancelation. For low frequencies this means an 

attenuation up to 20dB, becoming less as frequencies increase. Sound waves 

coming from 0° are getting delayed by the time they need to bend around the 

microphone plus getting through the acoustic delay element until they reach the 

back of the diaphragm; again, maximum pressure gradient is reached when A-

B Ḭ ɚ/2.     

Sound from the side only gets delayed by the time through the delay element to 

the back of the diaphragm, causing an attenuation of roughly 6dB.9 

For frequencies above the transmission frequency (depending on microphone 

size it is set at 4-10 kHz) the microphone has to work like a pressure transducer 

again in order to avoid a drop of the frequency response. The wave interference 

effect keeps the shape of the polar pattern of high frequencies similar compared 

to the one of low frequencies; pressure doubling (starting a little bit below the 

transmission frequency) even boosts the high frequencies to a certain extent 

and compensates a minimum. 

The more microphone diameter, length of A-B and transmission frequency harmonize 

with each other, the merrier the transition from gradient transducer to pressure 

transducer.10  

Depending on the amount of influence the acoustic delay elements have, there are 

different polar patterns and frequency responses from subcardioid to cardioid to 

supercardioid and hypercardioid. The following figure shows the Schoeps subcardioid 

CCM 21, Schoeps cardioid CCM 4 and supercardioid Schoeps CCM 41. 

                                                             
8 see Ψ.ƻǊŜψtŜǳǎψaƛƪǊƻŦƻƴŜΦǇŘŦΩΣ ǇǇΦ ммς14 <http://www.ak.tu-
berlin.de/fileadmin/a0135/Unterrichtsmaterial/Skripte/Bore_Peus_Mikrofone.pdf> [accessed 25 February 
2014]. 
9 see Dickreiter, p. 98,99. 
10 ǎŜŜ Ψ.ƻǊŜψtŜǳǎψaƛƪǊƻŦƻƴŜΦǇŘŦΩΣ ǇΦ мпҌнмΦ 
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CCM 21 

1kHz    4kHz     8 kHz    16 kHz 

 

                                                  

                 CCM 4 

1kHz    4kHz     8 kHz    16 kHz 

 

 

 

 

     CCM 41 

     1kHz    4kHz     8 kHz    16 kHz 

 

 

Figure #911 

The graphs show that gradient transducers have a very linear frequency response for 

most of the frequency range for both diffuse and direct sound. Due to physics (see 

above) low frequencies are not getting reproduced as well whereas pressure 

transducers are known for a good reproduction of the lows.12  

 

                                                             
11 ǎŜŜ ΨYƻƳǇŀƪǘƳƛƪǊƻŦƻƴ //a 2 - Grafiken - {/Ih9t{ΦŘŜΩΣ ǇǇΦ мнς14. 
12 see Dickreiter, p. 106. 
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In the diffuse field, unidirectional microphones have a directivity index of 3,17dB 

(subcardioid), 4,8dB (cardioid) and 5,72dB (supercardioid); see pages 46-49.13 

In the near field all gradient microphones experience an increase or decrease of sound 

pressure changing proportional to the distance of a sound source (1/d; d=distance). 

For this reason there is yet another, distance related, pressure gradient from A-B, next 

to the phase-dependent one explained earlier. As opposed to the phase-dependent 

pressure gradient, the distance related deviation is not dependent on frequency. Since 

low frequencies donôt cause such big phase differences from A-B, here the distance 

related pressure gradient comes more into effect. The result is a strong artificial 

amplification of low frequencies called óproximity effectô which is most intense for the 

figure of eight pattern and lessens towards non-directional patterns. For film sound 

recording the proximity effect is undesirable, but mostly unproblematic because the 

distance from microphone to mouth is almost always greater than 20cm. The following 

figure gives an idea of how different frequencies would affect dialogue recording within 

certain distances to the microphone. 

   Tune     Frequency    Distance 

Figure #1014 

Gradient transducers are therefore about 20dB more sensitive to impact sound, wind 

noise and plosives than pressure transducers. Many gradient microphones thus have 

a built in low-cut filter to compensate for the proximity effect.15, 16   

 

Velocity transducer 

Velocity transducers behave like gradient transducers and mostly have a figure of eight 

polar pattern. The diaphragm is a small electroconductive ribbon which gets moved 

directly by the air molecules oscillating around their rest position after a sound wave 

                                                             
13 Ψ¢ƘŜƻǊŜǘƛǎŎƘŜ aƛƪǊƻŦƻƴŘŀǘŜƴ ½ǳ 5Ŝƴ wƛŎƘǘŎƘŀǊŀƪǘŜǊƛǎǘƛƪŜƴ w99 5wC 5{C w9C w9. ¦5L C¢w DŀƳƳŀ - 
¢ƘŜƻǊŜǘƛǎŎƘŜaƛƪǊƻŦƻƴŘŀǘŜƴΦǇŘŦΩΣ ǇΦ мΣн ғƘǘǘǇΥκκǿǿǿΦǎŜƴƎǇƛŜƭŀǳŘƛƻΦŎƻƳκ¢ƘŜƻǊŜǘƛǎŎƘŜaƛƪǊƻŦƻƴŘŀǘŜƴΦǇŘŦҔ 
[accessed 3 March 2014]. 
14 DǀǊƴŜΣ ǇΦ пмΦ 
15 ǎŜŜ Ψ.ƻǊŜψtŜǳǎψaƛƪǊƻŦƻƴŜΦǇŘŦΩΣ ǇǇΦ мпς16. 
16 See information about Schoeps CMIT shotgun built-in filters  
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has activated them.  The ribbon is both diaphragm and electromechanical transducer. 

The light ribbons are very sensitive to wind and plosives hence not useful for dynamic 

dialogue recording.17    

 

Transducer principles 

There are two main principles of how mechanical oscillations are transduced to electric 

oscillations: Electrostatic and electrodynamic.18 The transducer principle influences 

frequency response, (see above), pulse fidelity and the emitted voltage.  

Condenser microphones use the electrostatic principle. The diaphragm is the front 

plate of a condenser which is powered by a constant voltage. The stored charge 

between the front and back plate, the capacitance, now changes as the diaphragm 

begins to oscillate forcing the distance between front and back plate to change too. 

This change then becomes the electric signal. To charge the capacitor, external power 

supply known as phantom power is needed. Back in the day, microphones used 12V 

(T-power), today phantom power is 48V ᵼ condenser microphones are active 

transducers reacting to the oscillation of the diaphragm.   

The capsule can use either AF audio frequency (used in Schoeps small diaphragm 

microphones due to better linearity19) or RF radio frequency to create the audio- 

frequency signal.20 

Considering true condenser microphones, the process to generate a linear frequency 

response is rather complex. Condensers are elongation transducers. Pressure 

transducers use light-weight high tension diaphragms and react to the oscillation of the 

diaphragm. At one point it reaches its maximum (resonant frequency) - the mass of the 

diaphragm blocks faster oscillation. The frequency response of the oscillation 

represents a low pass.   Therefore pressure transducers are high tuned in order to get 

the highest resonant frequency possible. For the final frequency response this is being 

combined with the high pass characteristic of the capacitor.  

The frequency range to the lows is only affected by the proportion of the high pass 

(suitable setting required for good representation of low frequencies).  

                                                             
17 ǎŜŜ DǀǊƴŜΣ ǇΦ поΤ ǎŜŜ 5ƛŎƪǊŜƛǘŜǊΣ ǇΦ фпΦ 
18 ¢ƘŜǊŜ ŀǊŜ ƳƻǊŜ ōǳǘ ƛǊǊŜƭŜǾŀƴǘ ŦƻǊ ǘƻŘŀȅΩǎ ǳǎŜ ƛƴ ƘƛƎƘ ǉǳŀƭƛǘȅ ƳƛŎǊƻǇƘƻƴŜǎ  
19 ǎŜŜ ΨtǊƻŘǳƪǘƎŜǎŎƘƛŎƘǘŜ - {/Ih9t{ΦŘŜΩ ғƘǘǘǇΥκκǿǿǿΦǎŎƘƻŜǇǎΦŘŜκŘŜκƘistory_products> [accessed 27 February 
2014]. 
20 see Dickreiter, p. 100. for further reading 
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For gradient transducers the oscillation increases up to the cutoff frequency and 

decreases above; the frequency response of the oscillation equals a band pass. 

Gradient transducers are rather mid-tuned21; the combination of this band pass with 

the high pass characteristic of the capacitor delivers the final frequency response. 

Further electric filters and acoustical oscillators guarantee for a flattened, linear 

frequency response.22  

 

Dynamic microphones use the electrodynamic principle. The diaphragm is connected 

to a moving coil which is wrapped around a magnet. When the diaphragm starts to 

oscillate, induced voltage occurs because of the movement of the coil inside the 

magnetic field. Dynamic microphones can handle high SPL, are very robust and good 

to use in heavy weather conditions, but at the cost of a good transient response and 

reproduction of high frequencies. Dynamic microphones are passive transducers and 

react to the velocity of the diaphragm.23   

For professional dialogue recording, the true condenser with a small diaphragm is the 

most common transducer being used, for these condenser microphones have a very 

clear transient response, capture high frequencies over 20 KHz, have no undesired 

coloration like microphones with big diaphragm24,  and ñfaithfully reproduce subtleties 

in the sound waveôs dynamicsò.25  

Next to true condenser microphones there are passive AF transducers that donôt need 

a power supply to operate: Electret condenser microphones. Their back plate is a 

permanently charged Teflon foil. With the charge difference between front plate 

(diaphragm) and back plate, the electret condenser capsule eventually works just like 

a true condenser except the power supply is already built-in. However, most electret 

microphones use phantom power, or the power of an external battery, to operate their 

impedance converter. Electret microphones actually wouldnôt meet the standards for 

feature films as they are quite noisy compared to true condensers. Yet their capsules 

can be manufactured very small, so they are used in lavalier microphones.26     

 

                                                             
21 hǘƘŜǊ ƭƛǘŜǊŀǘǳǊŜ ǎǘŀǘŜǎ άƭƻǿ-ǘǳƴŜŘέΤ ǎŜŜ Ψόύ - aƛƪǊƻΦǇŘŦΩΣ ǇΦ мл ғƘǘǘǇΥκκǿǿǿΦǳƴƛ-koeln.de/phil-
fak/muwi/ag/umdruck/mikro.pdf> [accessed 17 March 2014]. 
22 ǎŜŜ DǀǊƴŜΣ ǇǇΦ рнς57. 
23 ǎŜŜ ±ƛŜǊǎΣ ǇΦ мпΣмрΤ ǎŜŜ DǀǊƴŜΣ ǇΦ поΣптΣроΣрпΦ 
24 ǎŜŜ DǀǊƴŜΣ ǇΦ мтсΦ 
25 Viers, p. 14. 
26 ǎŜŜ ±ƛŜǊǎΣ ǇǇΦ мсΣ нуΤ ǎŜŜ DǀǊƴŜΣ ǇǇΦ стΣ суΦ 
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2. Fulfill requirements 

Note: The following guidelines have been tested, tried and proven to be working very 

well. Yet they are to be considered general recommendations; different films and sets 

call for new paths in dialogue recording.  

Each microphone has its unique specialties affecting use and application as well. For 

professional dialogue recording, the requirements to uphold best recording results 

differ from studio vs. inside vs. outside location, noisy vs. quiet situations, weather 

conditions, lighting, number of talents to mic, microphone positions etc. These are all 

factors forcing the sound mixer to choose microphones carefully. There are some 

general standards that always have to be met and kept in mind when selecting 

microphones:   

The microphone must not be seen in the picture and still reach best intelligibility with 

low noise level, little to no background noise and a sound perspective matching the 

camera perspective. These are the main goals in order to achieve prime dialogue 

recordings. 

In addition, microphones inside run the risk of producing a colored sound, whereas 

microphones for outside locations have to be robust, rugged, and provide maximum 

reduction of disturbing noise while still not missing the goal of a good transmission 

range. 

Striving for consistency in tracks can be maintained by choosing the microphones 

before the recording of an entire scene using it during all shots. The sound source 

always has to stay on-axis, (best at 0°) even for non-directional microphones for high 

frequenciesô sake (see polar pattern above).27  

 

3. Boom Microphones 

There is no such thing as a boom microphone. It is a common term that refers to the 

microphone at the end of a boom pole reaching out to the talent as closely as possible. 

As production sound is mainly about dialogue recording, directional microphones are 

used on a boom to minimize unpleasant sound in the picture and also background 

noise. For inside locations and studios, a cardioid or supercardioid is recommended 

because of their directionality, linear frequency response (see above) and very natural 

sound. Exterior shots benefit from the use of a shotgun microphone with the ability to 

                                                             
27 ǎŜŜ ±ƛŜǊǎΣ ǇΦ нрΤ ǎŜŜ DǀǊƴŜΣ ǇΦ нпрΣнпсΦ 
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reduce noise from the sides to a much greater extent. Shotguns are a combination of 

line and gradient microphones. The ñlineò is a 10-40cm long tube with so-called phase 

ports (slits along the side) in front of a gradient transducer (supercardioid for CMIT 5 

U). Sound waves arrive at the microphone from all directions. The phase ports force 

them to ñarrive at the diaphragm at slightly different timings. These different timings 

cause a sophisticated phase cancellationò28. Sound waves coming from 0° are not 

influenced by the interference tube. The result is a polar pattern similar to a shotgun, 

where the name of the microphone originates. Figure #11 shows the polar pattern of 

the Schoeps CMIT 5 U and its frequency response. 

 CMIT 

 1kHz     4kHz     8kHz     16kHz 

 

 

Figure #1129 

 

It is self-explanatory that the frequency response curve does not look the same for 

different angles of incidence as the rejection by the interference tube has variant 

influence on each frequency.Appendix figure #3  

Shotgun microphones actually have two polar patterns. The interference tube only 

comes into play for high frequencies with wavelengths shorter than tube length. The 

microphone behaves like a supercardioid for lower frequencies with greater 

wavelength. There are long shotguns (26cm of tube length) for great damping toward 

low frequencies. 30  

With their SuperCMIT 2 U, Schoeps offers a new kind of solution: The microphone has 

a second, rear-facing capsule (cardioid), set behind the forward-facing capsule and the 

interference tube. A DSP compares and analyzes the two signals for frequencies below 

6 kHz and deduces which part of the signal is diffuse arriving sound. This part of the 

                                                             
28 Viers, p. 26. 
29 Ψ{ŎƘƻŜǇǎ /aL¢ aŀƴǳŀƭΦǇŘŦΩΣ ǇΦ нрΦ 
30 ǎŜŜ DǀǊƴŜΣ ǇΦ упΣурΤ ǎŜŜ ±ƛŜǊǎΣ ǇΦ нсΤ ǎŜŜ 5ƛŎƪǊŜƛǘŜǊΣ ǇΦ ммнΦ 



P a g e | 18 

 

sound is then suppressed 5-10dB depending on the impact the DSP gets on the 

microphone signal (user can switch between two presets). Frequencies above 6 kHz 

are not further being processed, the interference tubeôs effect totally sufficient.31, Appendix 

figure #4    

It should be avoided to use shotgun microphones inside. Room reflections of high 

frequencies are not represented as much, causing diffuse sound to end up with a high-

frequency rolloff. The result is an unnatural dull sound. Also, the tail in the polar pattern 

might be a problem enhancing the reverberation of a room. Echoes from a small room 

might bounce back into the microphone and not be completely cancelled out. There 

will be outphasing and maybe an echoey sound result.32 To compensate for this (and 

to ensure speech intelligibility), a high frequency boost filter can be applied. Also, 

narrow lobes of the polar pattern may cause unwanted comb-filter-effects when 

microphone or talent are in motion.  

Shotgun microphones usually come with a low-cut filter at 80Hz with an 18db/oct slope 

to countersteer disturbing low frequencies such as wind. The Schoeps CMIT even 

provides a second filter at 300Hz with a 6dB/oct slope to compensate for the proximity 

effect.33     

       

4. Lavalier Microphones 

Lavalier microphones are (most of the time omnidirectional) electret microphones with 

a very small diaphragm and therefore noisier than true condensers. Yet they are the 

go-to alternative when shots are too wide for a long shotgun microphone to get 

intelligible and crisp sound, or on narrow locations where booming is no option. 

Lavaliers are specially made to be mounted directly on the talent preferably in their 

chest area at about 15-25cm away from the mouth. The chest resonant frequency is 

at roundabout 800 Hz (for men at 700 Hz)34 which lavaliers are not as responsive in 

this frequency range. The chest area on the other hand lacks high frequencies, so they 

are emphasized. The intention of this unusual equalization curve (standardized by the 

                                                             
31 ǎŜŜ Ψ{ŎƘƻŜǇǎ {ǳǇŜǊ/aL¢ aŀƴǳŀƭΦǇŘŦΩΣ ǇΦ мнΦ 
32 ǎŜŜ ΨtǳǇ ¢Ŝƴǘ aŜŘƛŀ н - Sennheiser 816 Shotgun vs Audix SCX-1 HC Shoot Out in Small Studio - ̧ ƻǳ¢ǳōŜΩΣ ǇǘΦ 
нΥосƳƛƴ ғƘǘǘǇΥκκǿǿǿΦȅƻǳǘǳōŜΦŎƻƳκǿŀǘŎƘΚǾҐLǊŎтvфŜƪлWпҔ ώŀŎŎŜǎǎŜŘ ну CŜōǊǳŀǊȅ нлмпϐΤ ǎŜŜ Ψ{ŎƘƻŜǇǎ /aL¢ 
aŀƴǳŀƭΦǇŘŦΩΣ ǇΦ мтΤ ǎŜŜ ±ƛŜǊǎΣ ǇΦ нсΦ 
33 ǎŜŜ Ψ{ŎƘƻŜǇǎ /aL¢ aŀƴǳŀƭΦǇŘŦΩΣ ǇǇΦ мтς19. 
34 ǎŜŜ Ψ.ƻǊŜψtŜǳǎψaƛƪǊƻŦƻƴŜΦǇŘŦΩΣ ǇΦ слΦ 
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IRT35) is to receive a linear frequency response curve in the end. The following figure 

shows the IRT curve and the polar pattern of a DPA 4071 lavalier microphone.  

 

Figure #1236 

 

 

Many lavalier microphones however do not possess an equalized curve. The 

necessary adjustments for proper sound have to be done by the mixer manually.   

Lavalier microphones used for film sound usually are pressure transducers with an 

omnidirectional polar pattern. The advantage is that they are much less sensitive to 

clothing rustle and plosives than cardioid gradient microphones.37 Occasional turns of 

the talents head and fast movements are not resulting in altered, or ñfallen outò sound 

due to a unidirectional pickup pattern. There are side-address and top-address lavalier 

microphones, giving multiple and different mounting ability. The construction has also 

an influence on sound itself, so mixing two different models together in the same scene 

is to be avoided.38 Lastly, not every lavalier sounds well for every voice; they have to 

be carefully selected for each actor.  

 

5. Planted Microphones 

Planted microphones can be any type of microphone that is hidden directly on the set. 

They are very useful for single lines of dialogue that cannot be picked up by the boom 

microphone. This can be an actor leaving the room, looking out the window, bending 

down under a table etc. Small diaphragm microphones or lavaliers are very convenient 

to accomplish most types of tasks - the choice of what kind and which pickup pattern 

                                                             
35 Institut für Rundfunktechnik (Germany) 
36 DǀǊƴŜΣ ǇΦ тфΤ Ψ5t!-плтмΦǇŘŦΩΣ ǇΦ н 
<http://www.dpamicrophones.com/en/download/~/media/PDF/Download/Users%20Manuals/DPA-4071.pdf> 
[accessed 3 March 2014]. 
37 ǎŜŜ DǀǊƴŜΣ ǇΦ туΣтфΤ ǎŜŜ 5ƛŎƪǊŜƛǘŜǊΣ ǇΦ ммлΦ 
38 see Viers, p. 30,32,67,68. 


