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AHoOTAaLINA

VY nepexiaganbkoMy MPOEKTI 311IHCHEHO MepeKIiaj] Ta aHali3 (parmMenTiB kKHuru boo6i
Osgcinceki The Recording Engineer s Handbook (4th Edition). IlepeknaganibKuii MPOEKT CKIIAAETHCS 3
JIBOX OCHOBHUX YaCTHH: IEpIlla YaCTHHA MPUCBsUEHA 0e3M0CepeIHROMY MEPEKIIaay TEKCTY, Ipyra —
TEOPETUYHOMY aHaJIi3y BUKOPHCTAHUX MEPEKIalallbKuX CTpaTerii. Y Xoai poOOTH HaJ MepeKIIa oM
30epeKEHO TePMIHOJIOTIYHY TOYHICTh, TPaMaTUYHY BiAMOBIIHICTD 1 CTHIIICTUYHI OCOOIUBOCTI MOBU
OpHTiHaY, a TAKOX a/IallTOBAHO 1HCTPYKTUBHHM CTHJIB i peajii yKpaiHChKOi TEXHIYHOT JIiTepaTrypu.
Oco0nuBYy yBary npHuaijIeHO )KaHPOBO-CTHILOBUM OCOOJIMBOCTSIM OPUTIHATY — IOE€THAHHIO
TEXHIYHOTO OIHCY 3 PO3MOBHOIO 1HCTPYKILI€I0. Y TEOPETUYHOMY PO3/1JIi MPOAHaIi30BaHO JIEKCUYHI
TPYAHOII, 30KpeMa: TEPMIHOJIOTIUHY HACUYCHICTh, JICKCHYHI MPOTAJIMHHU, TTOJIICEMII0, CTUITICTUIHY
BapiaTHUBHICTb, & TAKO)XK BUKOPUCTAHHS TMEPEKIaJallbKIX TEXHIK, 30KpeMa KaJlbKyBaHHsI, 3al103MUCHHS,
amrLTi(hiKaIito, aganTallio, MOAYJIAII0 Ta KOMIICHCaIlit0. METOr POEKTY € CTBOPEHHS aJIeKBAaTHOTO Ta
(YHKLIOHATIBHOTO MEpeKIIaay Al YKpaiHChKOT HUTbOBOT ayquTOpii — (axiBIiB y rainys3i 3ByKO3aIucy
Ta ay/lI0TEXHIKH.

KitouoBi cioBa: TEXHIUHUI NEpeKiiaja, 3ByKOpEKUCypa, MepeKIa anbKi TEXHIKY, JTEKCHYH1

TPYHOIL, aJanTalis CTUIIIO.
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Foreword

Technical literature plays a crucial role in developing various professional fields, particularly
those related to modern technology and creative industries. One such area is sound recording, an
essential part of music production, broadcasting, filmmaking, and multimedia. The knowledge and
skills of a recording engineer directly impact the quality of the final audio product, which is why
professional literature on this topic is so valuable.

The current translation project is based on The Recording Engineer's Handbook (4th edition) by
Bobby Owsinski, a comprehensive, well-structured guide for novice and experienced audio engineers
alike. It offers detailed information on technical, creative, and practical aspects of recording;
microphone techniques; signal chains; studio setup; and communication within a recording
environment. It includes expert interviews, diagrams, and case studies that enrich the reader’s
understanding of modern recording processes.

Technical texts are characterized by a high density of terminology, a concise style, and clear
instructions. Translating them is a complex task that requires linguistic competence and a deep
understanding of the subject matter. During the translation process, special attention is given to
preserving the accuracy of technical terms, register consistency, and the stylistic neutrality typical of
instructional and professional texts.

The main goal of the translation project is to produce a high-quality Ukrainian version of
selected parts of the handbook that focuses on terminological accuracy and stylistic adequacy.

The objectives of the translation project are:

- to analyze the genre and stylistic characteristics of technical literature in the field of sound recording;
- to examine lexical challenges in translating the language of sound, based on The Recording
Engineer's Handbook (4th Edition) by Bobby Owsinski,

- to identify and translate core terminology and specific expressions;

- to explore translation strategies for rendering complex technical content clearly and effectively in
Ukrainian,;

The structure of the translation project.

The translation project consists of a foreword, two chapters, a bibliography, an annotation, and
appendices. The source text comprises approximately 57923 characters; the translated Ukrainian text
comprises 61546 characters. The total volume of the translation project is 67 pages.

This translation project will be useful for students, translators, and professionals working in the
fields of audio engineering.



Chapter 1.

Translation of the recording engineer's handbook 4th edition

SL

TL

How Microphones Work

Microphones appear in an almost endless variety of shapes, sizes,
and design types, but no matter what their physical attributes, their
purpose is same; to convert acoustic vibrations (in the form of air
pressure) to electrical energy so they can be amplified or recorded.
Most achieve this by the action of the air vibrating a diaphragm
connected to another component that either creates or allows a
small electron flow.

There are three basic mechanical techniques that are used in
building microphones for professional audio purposes, but all three
types have the same three major parts:

A Diaphragm: Sound waves strike the diaphragm, causing it to
vibrate in sympathy. To accurately reproduce high frequency
sounds, it must be as light as possible.

A Transducer: The mechanical vibrations of the diaphragm are
converted into an electronic signal by the transducer.

A Casing: As well as providing mechanical support and protection
for the diaphragm and transducer, the casing can also be made to
help control the directional response of the microphone.

Sk nparrorTh MikKpohoHU

Mikpodonu OyBaroTh HaPI3HOMAHITHIIIUX (OPM, PO3MIpIB i
KOHCTPYKIIi#, MPOTe IXHE MPU3HAYCHHS 3aBXK/I1 OJHAKOBE:
MEePETBOPIOBATH aKyCTHUYHI KOMTUBAHHS (y BUIVISIIL 3MiH TUCKY
MIOBITPSI) B €IEKTPUYUHY €HEPTito, 100 CUTHAI MOXKHA OyII0
MiACUIUTH a00 3anmucaru. bibmicTe MiKpo(OHIB IPAIIOE 3aBISIKH
TOMY, 1110 TTOBITPSIHI KOJIMBAaHHS 3MYUIYIOTh BiOpyBatu miadparmy,
siKa 3’€JIHAHA 3 IHIIMMHU €JIEMEHTAaMH, 1110 CTBOPIOIOTH 200
PETYIIOIOTH TOTIK €JIEKTPOHIB.

IcHy€e Tpr OCHOBHI MEXaHIYHI TEXHOJIOT1, SIKi BAKOPUCTOBYIOTBCS
JUIS CTBOPEHHS MiKpOoQoOHiB y npodeciiHoMy ayaioobiaaaHaHH1. Yci
TPH TUIH MAIOTh TPH KITFOUOBI CKJIAJIOBI:

Hiadparma: 3ByKOBi XBHJII TOTPAIUISAIOTE HA Aladparmy,
BHKJIMKa04H 11 komuBaHHs. 1[0 TouHO BiATBOpIOBaTH
BHCOKOYACTOTHI 3BYKH, BOHAa Ma€ OyTH SKOMOTa JIETIIIO0.

[TeperBoproBau (TpaHCABIOCED): MEXaHIYHI KOJMBAHHSA JTiadyparMu
MEPETBOPIOIOTHCS B €IICKTPUYHUI CUTHAIL.

Kopmyc: 3a6e3nedye MmexaHiuHy TIATPUMKY Ta 3aXUCT aiagparMu i
MIEPETBOPIOBAYA, a TAKOK MOXKE BILTUBATH HA Jlarpamy
CIPSIMOBAHOCTI MiKpodoHa.




Let’s take a closer look at the three types of microphones.
The Dynamic Microphone

The dynamic microphone is the workhorse of the microphone
breed. Ranging from fairly inexpensive to moderately expensive,
there’s a model of dynamic mic available to fit just about any
application.

How It Works

In a moving-coil (or more commonly called dynamic) microphone,
sound waves cause movement of a thin metallic diaphragm and an
attached coil of wire that is located inside a permanent magnet.
When sound waves make the diaphragm vibrate, the connected
coils also vibrate within the magnetic field, causing current to flow
because of what’s known as electromagnetic induction.

Because the current is produced by the motion of the diaphragm
and the amount of current is determined by the speed of that
motion, this kind of microphone is also known as velocity sensitive
(see Figure 1.1).

The ability of the microphone to respond to transients and higher
frequency signals is dependent upon how heavy the moving parts
are. In this type of microphone, both the diaphragm and the coil
move, so that means its moving parts are relatively heavy, more
from the coil than anything else. As a result, the frequency
response falls off above about 10kHz because it just can’t respond
quickly enough to reproduce the higher frequencies due to the
weight of the coil and diaphragm.

The microphone also has a resonant frequency (a frequency or

Po3rnsiHemMo feTanbHille TPH TUIH MIKpO(OHiB.
JluHamiuHUN MiKpohOH

JlnHaMi4HUN MIKpO(QOH — II€ CIpPaBKHA «poOoya KOHAUKA» Cepel
ycix MiKpoQoHiB. BOHU MOXYTb KOIITYBaTH SIK BITHOCHO HEIOPOTO
TaKk 1 JIOCUTh 3HAYHUX KOIITIB i CE€pe]] HUX MOKHA 3HAUTH MOJENI
TSl Maibke Oynib-aKoi chepr 3acTOCyBaHHS.

Sk e npaigroe

Y MikpodoHi 3 PyXOMOK KOTYIIKOIO (MOro Ie Ha3UBaIOTh
JUHAMIYHUM MIiKpO(OHOM) 3BYKOBI XBHJI 3MYIIYIOTh KOJHBATHCS
TOHKY MeTajeBy JiapparMy Ta MPUKPIIUIEHY A0 Hel KOTYLIKY
ApOTy, 110 PpO3TalllOBaHA BCEpeHHI MOcTiiiHOro marhity. Komm
niapparma BiOpye MiJ Ji€l0 3BYKOBHUX XBHJIb, KOTYIIKA TaKOX
PYXa€eTbCsl B MeXKaxX MAarHiTHOTO NOJs, IO CHPUYHMHSAE TOSBY
CIIEKTPUYHOTO  CTPYMy  3aBISKH  SIBUILY, BIiJOMOMY  SK
€JIEKTPOMAarHiTHa 1HTYKIIis.

OCKIIBbKM CTPYM YTBOPIOEThCS BHACIIIOK pyXy Jiadparmu, a ioro
BEJIMYMHA 3aJIeKUTh BiJl HIBUAKOCTI LOTO PyXY, Taki MIKpo(oHU
TaKO)X HAa3WBalOTh YYTIMBHUMH JI0 IMIBUAKOCTI (velocity sensitive).
([us. pucynok 1.1).

3narHicTh MiKpo(OHA TOYHO TepelaBaTH TPAH3IEHTH (ITOYATKOBI
MOMEHTH BHMHUKHEHHS 3BYKy) Ta BHCOKOYACTOTHI CHUTHAJU
3aJIeKUTh Bl MacH MOro pyxoMHX YacTHH. Y LbOMY THIII
MikpodoHa pyXawTbesa SK Aiadparma, Tak 1 KOTYIIKa, MPHUOMY
HaWOUIbIIy Bary Mae caMe KoTymka. Yepe3 1e dYacToTHa
XapaKTepUCTUKa [OYMHae crajgatu micas npubmuszno 10 kI,
OCKUTbKM  MIKpOOH HE BCTHra€ IIBHIKO pearyBaTH Ha
BHCOKOYACTOTHI KOJIMBAHHS.

Takoxx TUHAMIYHHA MIKpO(OH Mae pe30HAHCHY YacTOTy (Y4acToTy




group of frequencies that is emphasized) that is typically
somewhere from about 1k to 4kHz. This resonant response is
sometimes called the presence peak, because it occurs in the
frequency region that directly affects voice intelligibility. Because
of this naturally occurring effect, dynamic microphones are often
preferred by vocalists, especially in sound reinforcement.
Dynamic microphones with extended frequency range and a flat
response tend to be moderately expensive because they’re
somewhat complex to manufacture with the required precision, but
they’re generally very robust (you can actually hammer nails with
some of them and they’ll still work!) and insensitive to changes in
humidity.

The Ribbon Microphone

The ribbon microphone operates using almost the same principle as
the moving-coil microphone. The major difference is that the
transducer is a strip of extremely thin aluminum foil wide enough
and light enough to be vibrated directly by the moving molecules
of air of the sound wave, so no separate diaphragm is necessary.
However, the electrical signal generated is very small compared to
that of a moving-coil microphone, so an output transformer is
needed to boost the signal to a usable level (see Figures 1.2 and
1.3).

As with the dynamic microphone, the high-frequency response is
governed by the mass of the moving parts, but because the
diaphragm is also the transducer, the mass is usually a lot less than
a dynamic type. As a result, the upper frequency response tends to
reach higher than that of a dynamic mic, typically up to around
14kHz. The frequency response is also generally flatter than for a
moving-coil microphone.

a0o0 rpyIy 4acToT, AKi MiJACUIIOITHCA), KA 3a3BUYall 3HAXOAUTHCS
B niana3zoni 14 kI'u. Ilei pe3oHaHcHU# MigiioM 4acTo HA3WBaIOTh
MmiKOM TOpucyTHOCTI (presence peak), OCKIIBKM BiH BIUIMBAa€E Ha
pO30IpIUBICTE TOJIOCY. 3aBOsAKH 1[I OCOOJMBOCTI JAWHAMIYHI
MIKpO()OHH 4acTO BUKOPUCTOBYIOTHCS BOKAJIICTAMH.

JluHamMiuHI MIKpO(OHH 3 PO3LUIMPEHUM YAaCTOTHUM Jiara3oHOM Ta
PIBHOIO  aMIUIITyAHO-4aCTOTHOI  XapakTepuctukorwo  (AUX)
3a3BMYail KOLITYIOTh JOPOXKYE, OCKUIBKM IXHE BHPOOHHUIITBO
notpedye BUCOKOI TOUHOCTI. [IpoTe BOHM ayke MilHI (IEeIKUMHU 3
HUX MOXHa OyKBaJdbHO 3a0MBaTH LBAXHM, 1 BOHU BCE OJHO
MPaIOBaTUMYTh!) Ta HEUYTIUBI O 3MiH BOJIOTOCTI, III0 POOUTH X
YyOBUM BUOOPOM JUIsl PI3HUX YMOB €KCILTyaTaIlii.

CrpiukoBuii MikpohoH

CrpiukoBuii MIKpO(GOH TMpaLOe€ 32 MPUHIMIIOM, CXOXHM Ha
OUHAMIYHUNA ~ MIKpOQOH 13 pYyXOMOKO KOTymikoro. OcHOBHa
BIIMIHHICTb IOJISITA€ B TOMY, L0 NEPETBOPIOBAYEM € HAJ3BUYANHO
TOHKa aJIOMIHIEBA CTpIYKa, SIKa JOCHUTH IIMPOKA Ta JIerKa, 00
KOJIMBATHCS MiJA JI€I0 PyXy MOJIEKYJ MOBITPS B 3BYKOBIM XBHUIL
Tomy okpema niadparma B TakoMy MiKpo(oHi He noTpiOHa. OHaK
€JIEKTPUYHHUN CUTHAJ, I10 T€HEPYEThCS CTPIYKOBUM MIKPO(HOHOM,
3HAYHO Ca0ImMiA, HIX y MiKpodoHa 3 PyXOMOIO KOTYIIKOK. Yepes
1€ HeoOX1AHUN BUXIAHUN TpaHcOpMATOp, KU MiACUIIOE CUTHAT
70 piBHS, TIpUAATHOTO aJisi BukopuctaHHs. ([us. pucynkum 1.2 1
1.3).

Sk 1 B nuHaMiYHOMY MIiKpOQOHI, BEpXHS MeXa YaCTOTHOTO
Jlana3oHy CTPIYKOBOrO MIKpo(oHa 3aliekUTh BIJ Mach HOro
pyxomux wyactuH. I[Ipore, ockiiabku niapparMa TYT OAHOYACHO
BUKOHY€ (DYyHKIIIFO TIEpeTBOpIOBaYa, ii Maca 3HaYHO MEHINA, HIX y
JUHAMIYHOTO MiKpo(oHa. 3aBIsSKU IIbOMY BEPXHsS MeXa YaCTOTHOI
XapaKTePUCTUKNA CTPIYKOBOTO MiKpOQoOHa 3a3BUYall BUINA, HIK Y
TUHAMIYHOTO, 1 mocsrae mpubauszno 14 k' Kpim Toro, yactorHa




All good studio ribbon mics provide more opportunity to EQ to
taste because they “take” EQ well. Ribbon mics have their
resonance peak more toward the bottom of their frequency range,
which means that a ribbon doesn’t inherently add any extra
highfrequency hype like condenser mics do.

A Short History Of Ribbon Microphones

You’re going to read a lot about ribbon microphones in this book
because they have been rediscovered and returned to widespread
use in recent years. As a result, a bit of history seems in order.

The ribbon-velocity microphone design first gained popularity in
the early 1930s and remained the industry standard for many years,
being widely used on recordings and broadcasts from the *30s
through about the early *60s.

Ribbon microphone development reached its pinnacle during this
period. Though they were always popular with announcers and
considered state-of-the-art at the time, one of the major
disadvantages of early ribbon mics was their large size, since the
magnet structures and transformers of the time were bulky and
inefficient. When television gained popularity in the late 1940s,
their size made them intrusive on camera and difficult to maneuver,
so broadcasters soon looked for a replacement more suitable to the
television on-camera environment.

XapaKTepUCTUKA CTPIYKOBOTO MiKpodoHa 3a3BMYail OLTBII piBHA
MOPIBHSIHO 3 MIKPO()OHOM 13 pyXOMOIO KOTYLIKOIO.

VYei gkicHI CTyAiiHI CTpIYKOBI MIKpOoQOHHU 100pe MiAJaroThCs
eKBaJi3aiii, To0To X MOXKHA JIETKO HAJAIITOBYBATH 3a JOTIOMOTOIO
EQ 0e3 3Ha4HOTO CLIOTBOPEHHS 3BYKY.

Koportka ictopis cTpiukoBUX MiKpo(OHIB

VY wmilf kHU31 BM 0arato Ji3HA€TECh MPO CTPIYKOBI MIKPOQOHH,
OCKIJIbKM BOHH OYJIM MEPEOCMHUCIICHI Ta 3HOBY HaOylU HIMPOKOTO
BUKOPUCTaHHS B OCTaHHI poku. Tox Tpoxu icTtopii Oyzne LIIKOM
JOPEUHUM.

KoHcTpykiisi cTpiukoBoro Mikpo)oHa Ha OCHOBI MPUHIIMITY
mBUaKoCTI  (ribbon-velocity microphone) Bmepme HaOyma
nonyJsipHOCTI Ha nmovarky 1930-x pokiB 1 3ajMIanacs rajxy3eBUM
CTaHJapTOM MpoTAroM Oaratbox pokiB. 3 1930-x 1 nmpubau3HO 10
novarky 1960-x BOHM IIMPOKO BHKOPUCTOBYBAJIMCS B 3BYyKO3aIMCI
Ta pa/liloOMOBJICHHI.

Came B 1el mepiofl pO3BUTOK CTPIYKOBUX MIKPO(DOHIB JAOCSITHYB
CBOTO TIiKy. [X 0COGNMBO LiHyBaJ¥ AMKTOPH, i HA TOH Yac BOHH
BBAKAJIKCS HalCyyacHIIMMM mnpucTposiMu. OnHaK OAHUM 13
TOJIOBHUX HEAOJIKIB MEPUIMX CTPIUKOBUX MIKpOQOHIB Oyna ixHs
BEJIMKAa Bara Ta IPOMI3IKI PO3Mipu depe3 Hee(EeKTHBHI MarHiTHI
cucremMu Ta TpaHchopmaropu. Komm nHampukinui 1940-x pokis
TeneOaueHHs  No4yaso  HaOWpaTu  MOMYJSIPHICTh,  PO3MIPH
CTPIYKOBHX MiKpO(hOHIB 3p0OUIHN X HE3pYUYHHUMH y BUKOPUCTAHHI
nepea Kameporo. BoHM BUIIIAZaNM HAATO TPOMI3IKMMHU Ta Oyiu
CKIaJHUMM Ui MaHEBpPYBaHHS, TOMY TEJIEBI3IMHUKM IOYyaiIu
IIYKaTH albTepHATUBY, SKi Kpalie MiAXOAWIH 1 poOOTH B Kapi.




About that time, a newer breed of condenser and dynamic
microphones that were a lot more compact and far more rugged
were developed. As a result, television and radio began to replace
their ribbon mics with these new designs. Since ribbon mics were
being used less and less, further development was considered
unnecessary, and the mic soon suffered a fate similar to that of the
vacuum tube when transistors hit the market.

Although ribbon mics might have been out of favor in broadcast,
recording engineers never quite gave up on the technology. While
always fragile, ribbon mics still provided some of the sweetest
sounds in recording, as most old-school engineers realized when
they A/B’d them against the latest microphone technology. As a
result, vintage ribbon mics commanded extremely high prices in
the used marketplace.

Recently, a few modern manufacturers have begun to not only
revive the technology, but improve it as well. Companies such as
Coles, Beyer, Royer, and AEA now make ribbon microphones at
least as good as, if not better than, the originals, and they are a lot
more robust as well. Thanks to recent developments in magnetics,
electronics, and mechanical construction, modern ribbon
microphones can be produced smaller and lighter yet still maintain
the sound of their vintage forbearers while achieving sensitivity
levels matching those of other types of modern microphones. Their
smooth frequency response, ability to handle higher sound pressure
levels, and phase linearity make them ideally suited for the digital
formats that dominate the industry today.

The Condenser Microphone

The condenser microphone has two electrically charged plates; one

[Tpubnu3Ho B 1ei camMuil 4yac 3 SBHJIMCS HOBI KOMIAKTHIIII W
MIIHII MOJEl KOHJACHCATOPHUX Ta IUHAMIYHMX MiKpodoHiB. Lle
OpU3BENIO A0 TOro, MO0 pagio- | TEJIEeMOBHUKH TOYAIH
BIIMOBJIATUCS BIJ] CTPIYKOBUX MIKPO(OHIB Ha KOPUCTh HOBHX
po3poOok. Yepe3 3MEHIIEHHS TMONUTY MOAAIBIINI PO3BUTOK
CTPIYKOBHX MIKpO(OHIB 3yIUHHUBCS, 1 BOHU 3a3HANU JOJ1, CXOXKOT
Ha JIAMIIOBI TEXHOJIOT1{, IKi BUTICHUIIM TPAH3UCTOPH.

[Toripu Te, 1m0 CTPIYKOBI MIKpPO(GOHU BTPATHIIM TMOMYJSPHICTH Y
MOBJICHHI1, 3ByKOPEKHCEPH HIKOJIM MTOBHICTIO HE BIIMOBJISTUCS Bif
miei TexHojorii. Xoua BOHM 3aBXKIU BBaKAIMCA KPUXKHMU,
CTpiukoBl  MikpodoHH 3a0e3nedyBajiu  TeIUle, HaTypaJibHE
3ByUYaHHsI, SIKE HaBiTh y MOPIBHAHHI 3 HAMHOBIIIMMU MiKpO(OHAMHU
3aBaJI0CA BUPA3HIIIMM 1 IPUEMHIIIUM. YHACII0K LbOTO BIHTaXKHI1
CTPIYKOBiI MiKpO(OHHU 3HAYHO MOAOPOILATH HA BTOPDUHHOMY PUHKY.

OnHak OCTaHHIM YacoM KUIbKAa Cy4aCHUX BUPOOHUKIB HE JIHIIE
BIIPOJIMJIN ITI0 TEXHOJIOTiIO, a ¥ 3HauHO ii mokpamuiau. Kommnanii
Coles, Beyer, Royer Tta AEA 3apa3 BHITyCKalOTh CTpPIUKOBI
MIKpOQOHH, $SIKI HE TOCTYHAalOThCsl KIACHYHUM MOZENsAM, a
NOJCKYIM HaBiTh MEPeBEpIIyIOTh iX. BOHM TakoX cTaiu 3Ha4HO
MIIHIIIUMHA Ta HAIIWHIIIUMHA. 3aBISIKH Cy4aCHUM JOCSITHEHHSM Y
MarHiTHUX MaTepianax, eJeKTPOHIll Ta MeXaHIuHil KOHCTPYKIii,
Cy4yacHl CTpPIYKOBI MIKpO(OHH Ternep MOXYTb OyTH MEHIIUMH Ta
JEeTHIMMH, 30epiraloud Mpu [bOMY 3BYy4YaHHS CBOIX BIHTQXHUX
nornepeaHuKiB. BoHu focsmin piBHS 4yTJIMBOCTI, KU BiJMOBiAA€E
iHIIMM THIAM CyYacHHMX MiKpo(oHiB. IXHS TaBHa yacTOTHaA
XapaKTEepPUCTHKA, 3JaTHICTb BUTPUMYBATU BHUCOKI PIBHI 3BYKOBOTO
TUCKY Ta JIiHIHHICTh $a3u poOiasaTh i MIKpO(OHH iAealbHUMU AJIs
uuppoBux Qopmari, 110 3apa3 JOMIHYIOTb B IHIYyCTpii
3BYKO3AIHCY.

Konnencaropuuii MikpooH

Konnencaropauii MikpodoH CKIaga€eTbcsi 3 JBOX EJIEKTPUYHO




that can move, which acts as a diaphragm, and one that’s fixed,
called a backplate. This is, in effect, a capacitor (also known as a
condenser) with both positively and negatively charged electrodes
and an air space in between. Sound waves depress the diaphragm,
causing a change in the spacing between it and the backplate,
which in turn changes the capacitance. This change in capacitance
and distance between it and the backplate causes a change in
voltage potential that can be amplified to a usable level. To boost
this extremely small voltage, a vacuum tube or transistor amplifier
is incorporated into the mic itself. This is why a battery or phantom
power is required, because power is needed to charge the plates and
also to run the preamp. Because the voltage requirements to power
a vacuum tube are high (usually between 100 and 200 volts) and
therefore require some large and heavy components, some
condenser microphones have their power supply in a separate
outboard box (see Figure 1.4).

A condenser has an omnidirectional pickup pattern in its native
state. To make it directional, little holes are punched in the
backplate. The object of the holes is to delay the arrival of sound at
the rear of the diaphragm to coincide with the same sound at the
front, which then cancels out the sound. The size and position of
the holes determines the frequencies that will be cancelled.

Most large-diaphragm condensers are multi-pattern microphones.
This design is composed of a single backplate placed between two
diaphragms. By varying how much signal from each diaphragm is
fed to the preamp, the microphone can have selectable patterns

3apsyKeHuX TuiacTiH: OfHA 3 HUX pyXoMma, 110 (QYHKI[IOHY€E 5K
nmiapparma. IHma nnactuHa QikcoBaHa, i Ha3WBaIOTh 3aJHBOIO
mwiactuHoo  (backplate). B cykymHocTi 1i  ABI  MJIacTUHU
YTBOPIOIOTH KOHJEHcaTtop (capacitor), IO Ma€ IO3UTHBHO Ta
HETaTMBHO 3aps/DKEH1 eNeKTPOIU 1 MOBITPSHUM MPOMIKOK MIX
Humu. Konm 3ByKOBI XBWJIl BIUIMBAIOTH Ha Jiadparmy, BOHa
BIIABIIIOETHCA, 3MIHIOIOUM BIJCTaHbh MiX JiadparMoro Ta 3aJHBOIO
mnactuHowo. Lle, y cBoro uepry, 3MiHIOE €MHICTH (capacitance), a
3MiHa €MHOCTI Ta BiJCTaHI MDX IUIACTUHAMU BHKIIUKA€ 3MiHY
CIeKTPUYHOTO  ToTeHmiany. Jlas Toro mo0®  MmiABHIIUTH
eKCTpEMaJIbHO Majly Hampyry, y MikpodoH BOYIOBY€eThCS
MiJCHIIOBaY (Ha OCHOBI BaKyyMHOI JIaMITU 200 TpaH3UCTOpPa), IKUK
HiJABHILY€E Hampyry no pobodoro piBHsA. Lle i mosicHioe, yomy
KOHJIEHCATOpHUIM  MIKpo@oH mnoTpedye JKepena >KUBJICHHS.
[ToTpibHa eHepris ans Toro, MO0 3apsyyKaTH IUTACTUHU Ta
mpaioBaru 3 miacwioBadeM. OCKITbKH BUMOTH JI0 HampyTr JIst
KUBJICHHS BaKyyMHOI Jammnu BHcOKi (3a3Buuail Big 100 mo 200
BOJIBT), a 1€ MOTpeOye BHKOPUCTAHHS BEIHUKUX 1 BaXKKUX
KOMIIOHEHTIB, JEsKI KOHAEHCATOpHI MIKPO(OHU MAIOTh 30BHILLIHE
JOKEpeTIo KUBJIeHHS (quB. puc. 1.4).

Konnencaropuuii  MikpodoH Mae BCEHampaBleHy Jiarpamy
CIIPSIMOBAHOCTI y CBOeEMY NpHupogHoMmy craHi. 11106 3poburtu ioro
CHOpSIMOBaHUM, Y 3aJHIA TIJACTUHI TPOOUBAIOTHCS MaJEHBKI
oTBopH. IIpru3HaueHHs X OTBOPIB — 3aTpUMaTH INPUXiJ 3BYKY /10
TUJILHOT CTOPOHU MiadparMu Tak, 100 BiH 30iraBcst y 4aci 3 THM
CaMMM 3BYKOM, 1110 HAJIXOAMUTH criepeny. Y pe3ynbTari Bii0yBaeTbcs
B3a€MHE TIOTAlICHHS 3BYKOBUX XBWIb ((a3oBe aHYITIOBAHHSA).
Po3mip 1 posramnryBaHHsS OTBOpIB BH3HAUaIOTh, SIKI cCaMe YacTOTH
OyIyTh CKaCOBaHi.

BinpmicTe KOHACHCATOPHUX MIKPOQOHIB i3 BEIUKOIO TiadparMoro
€ OaraToHampaBiIeHUMH (MYIBTUPESKUMHUMHU) MikpodoHamu. Lls
KOHCTPYKIIiSl CKJIATIAEThCS 3 OAHIET 3aIHBOT TUTACTUHU, PO3MIIICHOT
MK ABoMa HAiadparmaMu. 3MIHIOIOUH, SIKAH CUTHAN 1 B SIKii Mipi




ranging from a tight cardioid to a figure-eight to full
omnidirectional, which is why the pattern control on older tube
mics is continuously variable.

Condenser mics, however, always ring (resonate) a bit, typically in
the 8k to 12kHz range. A condenser mic’s pattern of resonances is
a major part of its character. Their built-in top-end response bump
limits the EQ you might want to add, since a little bit of

high-frequency boost can start to sound a bit “edgy” rather quickly.

The Electret Condenser

Another type of condenser microphone is the electret condenser.
An electret microphone uses a permanently polarized material
(called electret) as a diaphragm, thus avoiding the necessity for the
biasing voltage, as is required in a conventional condenser.
Electrets can be made very small and inexpensively and are the
typical microphones found on items such as phones and portable
recorders. Better-quality electret condensers incorporate a
preamplifier to match their extremely high impedance and boost
the signal. One of the problems with many of the early electret
condenser microphones is that the electret material loses its charge
over time, causing the output and frequency response to diminish,
but this is less of a concern with modern versions.

Condenser Microphone Fallacies
Here are a number of popular misconceptions about condenser
microphones, along with the explanations as to why they’re not

true.

A large-diaphragm condenser has more low end than a

HAIXOOWTh B KOXKHOI AiadparMu A0 MiJCHIIOBaYa, MIKpOQOH
MOXK€ MaTh pi3HI JlarpaMyd CIHPSIMOBAHOCTI — B1J BY3bKOI
KapaioigHOi 10 BiCIMKOTIOAIOHOT 00 BCEHAPABIEHOI.

OnHak KOHJEHCATOpHI MIKPO(QOHU 3aBXKAU TPOXHU PE3OHYIOTH,
3a3BMuail y niamasoni Big 8 nmo 12 kI'm. Xapakrep pe3oHaHCIB
Takoro MikpodoHa € BaXKIMUBOIO CKJIAIOBOIO MOTO 3By4YaHHS.
BOynoBane mificuiIeHHS Y BEpXHbOYAaCTOTHOMY Jliara3oHi 0OMexye
MOJKJIMBOCTI MOJAJIBIIOI €KBajli3allil ,0CKIILKYA HAaBiTh HE3HAYHE
MiJICUJICHHS BHMCOKHMX 4YacTOT MOXKE IIBMJIKO HagaTh 3BYKY
HAJMIPHOT P13KOCTI.

Enexrpernuii mikpodon

[HIIMM THUOOM KOHJEHCAaTOPHOTO MIKpOGOHA € €eJIeKTPETHUN
KOHJZIeHcaTopHuM.  EnexkrpetHuit  MIKpo)OH  BHKOPUCTOBYE
MEPMAHEHTHO TOJIAPU30BAHUM MaTepiayi (HA3MBAETHCS EIIEKTPET)
AK gladparmy, 1o ycyBae HEOOXiTHICTh B 0a30Biil Hampysi, sKa
NoTpiOHa y 3BHYAWHUX KOHJEHCAaTOpHUX MikpodoHax. Enexrperu
MOXYTh OyTH BUTOTOBJIEHI JyXK€ MaJIUMH Ta JACUIEBUMHU, TOMY iX
4acTO BUKOPUCTOBYIOTh B MOOUIbHUX TellehoHaX Ta MOPTAaTUBHUX
pexopzepax. Buimoi sSKocTi el1eKTpeTHI MIKpO(QOHHU BKIOUYAIOTh
MIJICUJTIOBAY, 00 BpaxyBaTH iX BUCOKWH IMIENAHC Ta MIICHUIUTH
curHas. OfHi€r0 3 MPOOJIEM CTapuX eIeKTPETHUX MIKpO(]OHIB € Te,
10 €JEeKTPETHUH Marepian BTpayae 3apsii 3 4acoM, IO MOXe
NPU3BECTH [0 3HW)KEHHS BHUXIJHOTO CHUTHaldy 1 YacTOTHOI
BianoBiai. Ilpore 1 mpoGinema crama MEHII akTyajlbHOIO B
CY4YaCHUX MOJIEIISX.

Micdwu npo KoHIeHCaTOpHI MiKpOhOHH

Ochb KiIbKa MOMYISIPHUX HENOPO3yMiHb LIOAO KOHIECHCATOPHUX
MiKpo(OHIB, pa3oM i3 MOSCHEHHSIMH, YOMY BOHU HE BiJIOBIIAIOTh
IIHACHOCTI.

IcHye mommpene ysBIE€HHA, 10 MIKPOGOHU 3  BEIHKOIO
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small-diaphragm condenser. This is not necessarily true. In many
cases, small-diaphragm condensers reproduce the low end just as
well as their larger kin.

A cardioid condenser has a better low-end response than an omni.
Not true. In condenser mics with an omnidirectional polar
response, the bass response is only limited by the electronics. Even
a very small-diaphragm mic can have a flat response down to
below 20Hz.

A large-diaphragm condenser has a flatter response than a small
diaphragm condenser. Not true. Large-format capsules are prone to
lowfrequency resonance, which means that they can have trouble
reproducing low frequencies at a high level. They can also “bottom
out” as a result of the diaphragm hitting the backplate, which is the
popping that can occur when a singer is too close to an unfiltered
microphone. To minimize this, some microphones over-damp the
capsule, making the mic sound either thin or alternatively lumpy in
response, while some address this by adding a lowfrequency
roll-off or EQ circuitry to try to put back frequencies suppressed in
the capsule.

A small-diaphragm condenser is quieter than a large-diaphragm.
Not true. The difference in the size of the diaphragm translates into
a difference in signal-to-noise ratio. The bigger diaphragm provides
more signal for a certain electrical noise level and therefore can be
quieter than the small diaphragm.

Condenser mics have consistent response from mic to mic. They’re
not as close as you might think. Despite what the specs might say,
there can be vast differences in the sound between two mics of the
same model, especially in the less expensive versions. This
particularly applies to tube-type mics, where there are not only

niagparmMoro MaroTh Kpally nepeaady HU3bKUX 4acTOT MOPIBHSHO 3
MikpodoHamMu 3 Manoro aiadparmoro. Ilpore 1e TBepIKEHHS He
3aBKAM Bigmoimae nidicHocTi. HacmpaBni, mano npiadgparmosi
KOH/ICHCATOPHI MIKPO(OHH YacCTO BIATBOPIOIOTH HU3bKI YACTOTH HE
ripure, HK IXHi "BEJIHK1" aHAJIOTH.

Kapnioigauii koHIeHCcaTop Mae Kpaily HU3bKOYaCTOTHY BIAMOBIIb,
HDK omHI. lle HempaBma. Y MikpodoHax 3 OMHIZIpPEaKTUBHUM
MOJIIPHUM XapaKT€pOM HHM3bKOYACTOTHA BIANOBIAb OOMEXKYETHCS
JuIe eJeKTpoHikor. HaBiTh myke MajeHbKHM iagparMoBHii
MiKpo¢OH MOKE MaTu piBHY BiamoBiab 10 20 I'm.

Konpencarop 3 Benukoro miadparMor0 Mae TJIOCKINTY YaCTOTHY
BIJIMOBiAb, HIK MIKpOQOH 3 ManeHpkow mgiadparmoro. ILle
Hempapaa. Benuki kamcynu CXWIIbHI 10 PE30HAHCY Ha HU3bKHX
4acToTax, L0 MOXE YCKJIaJHUTH BiITBOPEHHS HU3BKUX YACTOT Ha
BUCOKIH I'yyHOCTi. BOHM Takox MOXyTh "NpoBaitoBaTucs', KOJIu
niapparmMa BrapsieTbCsi 00 3aJHIO IUIACTHHY, IO CIPUYMHSE
nmon-e(eKTH, SKi MOXXYTh BUHHMKHYTH, SIKIIO CHIBaK 3HAXOIUTHCS
3aHanTo OnMM3bKo 10 MikpodoHa 6e3 inbrpy. o6 3mMenmuTH 11€,
Nesiki MIKpO(OHH MEepPEeBaHTAXKYIOTh KaIlCyily, 10 MOX€E MPU3BECTU
10 3aHanTo "ToHKoro" abo '"ropOucToro" 3BYKY, a iHIII JOAAIOThH
HU3bKOUACTOTHE  BiJpi3aHHA abo cxeMorexHiky EQ, w106
BITHOBUTH YacTOTH, 1110 IPUTHIUYIOTHCS B KarCyli.

MikpodoH 3 MaJeHbKOI Jia)parMor0 THUXILIIMHA, HIK 3 BEIHUKOIO
miagpparmoro. lle HempaBna. PizHuus B po3mipax aiagpparmu
MPU3BOIUTH JO pI3HMII B BiJHOIICHHI CHUTHAN/IIyMm. binbiia
niadgparma gae OuTbIE CUTHATY JUIS TIEBHOTO PIiBHS €JIEKTPUYHOTO
IyMy 1 TOMy MOXe OyTH THXIIIOIO 32 MaJeHbKY Jiadparmy.

Konnencaropni MikpoQoHH MarOTh OJHAKOBY BIANOBIAb BiJl
MikpodoHa 10 MikpodoHa. L{e He 30Bcim Tak. Hezpaxkaroun Ha Te,
mo cnenudikamii MOXYyTh 1€ MIATBEpIKYyBaTH, MK JBOMA
MiKpo()OHaAMH OFHOTO 1 TOTO X MOJENI MOXYTh OyTH 3HauHi
BIIMIHHOCTI B 3Byli, OCOOMMBO Yy JemieBmKX Bepcisx. Lle
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differences between the capsules, but also matching of the tubes,
and 1s usually the result of not enough attention being paid to small
details during design and manufacture.

Unless two mics are specifically matched in their frequency
response, differences between them are inevitable. That said, the
value of precise matching of microphones is open to much debate.
One school of thought says that you need closely matched response
for a more precise stereo soundfield, while another school thinks
that the difference can actually enhance the soundfield.

Condenser Microphone Operational Hints

Condenser mics can sometimes require some extra attention. Here
are a number of tips that can not only prolong the life of your mic,
but also keep its performance as high as the day it left the factory.

The most commonly seen problem with condenser microphones is
dirt on the capsule, which causes the high-end response to fall off.
Since a condenser is always carrying a static charge when
operating, it will automatically attract small airborne particles. Add
to this people singing and breathing into it, and you have your
response slowly deteriorating. Because the metal film of the
capsule is very thin, the layer of dirt can actually be much thicker
than the original metal film and polymer support. Despite what is
commonly believed, the mesh grill of the mic will not do much
more than stop people or objects from touching the capsule, and the
acoustic foam inside the grill has limited effect.

Cleaning a capsule is a very delicate and potentially damaging
operation that is best left to a professional, so the next best thing is

0COOJMBO CTOCYETHhCS JIAMIIOBUX MIKpO(OHIB, 7€ € HE TUIBKU
BIZIMIHHOCTI MIDX KarcyllaMH, aje ¥ BIAMOBIAHICTH TPYOOK, 1 1€
YacTO € Pe3yJabTaTOM HENOCTaTHhOI YBaru A0 JApiOHUIL MiJ yYac
pO3po0OKHM Ta BUPOOHUIITBA.

Sxmo nBa MikpodoHM He Oynu creniajdbHO BIAPEry/lIbOBaHI Ha
OZIHY YacTOTHY BIAIMOBIAHICTb, PI3HUII MK HUMH HeMHHy4a. Lle
MUATAaHHS BIAKpUTO 10 oOroBopeHHs. OpHa MmIKojla JTyMKH
CTBEpP/XKYE, IO M OUIBII TOYHOTO CTEPEO 3BYKOBOTO TOJA
MOTPIOHO MaTH TOYHO BIAMOBIAHI MIKPOQOHH, I1HIIA 3K IIKOJA
BBaXKae, 110 PI3HUIISI MOXKE HABITh MOMIMIIUTH 3ByYaHHS.

Pexomennanii oo excriyaranii KOHAEHCaTOPHUX MIKpO(OHiB

IHoni koHIeHcaTopHI MIKpO(OHHM BUMAararoTh JOJATKOBOi YBarw.
Ocp KkibKa mopaj, sKi MOXYTb HE JIMILIE IMPOJOBXKUTH TEPMIH
ciy>kOu  Bamoro MikpodoHa, ane W miATpUMYBaTH  Horo
MPOAYKTUBHICTh Ha pIBHI, Ha SKOMY BIH OyB IpHU BHUXOIl 3
¢babpuxu.

Haii0inpmr  mommpeHoro  MmpoOJaeMO0 3 KOHJAEHCATOPHUMHU
MiKpopOHaMH € Opyd Ha KamcCynli, [0 BHKIHUKA€ 3HIKEHHS
BHCOKOYACTOTHOI BiAMOBiAl. OCKUIBKM KOHAECHCATOP 3aBXKIU Mae
CTaTWUYHUI 3apsii MiJ 4Yac poOOTH, BIH aBTOMAaTHYHO HPUTATYE
OpiOHI TOBITPSIHI YAaCTHUHKHU. SIKIIO 1O IIbOTO JOAAaTH CIiB Ta
JMXaHHS, Ballla BIJANOBIAb MOCTYIOBO MOTIPIIyBaTUMEThCA. ToMmy,
OCKUIBKM MeTajieBe MOKPUTTS Kalcylu AyKe TOHKe, 1ap Opynry
Moxe OyTH Habararo TOBCTIIIMM 32 OPHUTiHAIBHUI METaJIEeBHUH IIap
1 momimMepHy miaTpumKy. [lompu Te, M0 4acTo BBaXKAETHCS, CiTKa
MIKpopoHa He poOuTh Oararo OuIblIEe, HIK HPOCTO 3arnodirae
KOHTAKTy 3 KallCyJlOl0, a aKyCTHYHa I1iHA BCEpPEIUHI CITKU Mae
OOMeKeHHI ePEKT.

OuwnieHHsT Karncyou — 1€ JyXe JelKarHa 1 IOTCHIIHHO
MOIITKO/DKYIOUA [Tis, SIKY Kpalle 3aJuImuTH npodecionany. Tomy
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preventive maintenance.

1. Always use an external pop filter.
2. Keep your condenser microphones cased when not in use.
3. Cover the mic if it will be left set up on a stand overnight.

Humidity and temperature extremes can have undesirable effects
on performance. When exposed to a warm or humid room after a
period of very low temperature, condensation in the casing can
cause unwanted noises or even no signal output until the unit has
dried out.

Don’t blow into the microphone. Some diaphragms may bottom
out and hit the plate and then stick there. Switching off the
microphone and disconnecting the power supply may unstick it,
though.

A condenser microphone can be overloaded, which can cause
either distortion or harshness of tone. Usually this is not from the
diaphragm overloading but due to the high output from the capsule
overloading the builtin preamplifier. This is less likely to happen in
the case of a vacuum-tube model since tubes naturally overload in
a sonically unobtrusive manner (sometimes called soft clip). Most
internal mic preamps have a -10dB pad switch to lower the output
from the capsule. In the event that this amount is still insufficient,
the bottom-end roll-off filter will also reduce power from the
capsule.

Phantom Power

Unlike dynamic and ribbon microphones, all condenser

HAaCTYyIIHUN  HaWKpamuin
00CITyrOByBaHHS.
1.3aB a1 BUKOPUCTOBYITE 30BHILIHII MOM-(iIBTP.

2. TpumaiiTe KOHAEHCATOPHI MIKpOGQOHH B YOXII,
BUKOPUCTOBYETE.

3.Hakpusaiite MikpodoH, SKIIO BiH 3aJUIIATUMETHCS Ha CTIMII Ha
HIY.

BapiaHT — 1€ NpoQiIaKTHIHE

KOJIX HE

Bosnoricts Ta ekcTpeMasbHi TEMIIEpaTypH MOXKYTh MaTu HeOaXkaHi
edeKkTn Ha MpORyKTUBHICTh. Konu MIKpoQoH moTparuise B TEIULy
abo BOJIOTY KIMHATy MiClsi TPUBAJOro mnepeOyBaHHS IpHU JIyXkKe
HU3BKHAX TEMIepaTypax KOHJACHCAT BCEPEeIuHI KOPIyCy MOXKe
BUKIIMKAaTU HeOakaHi mymu ab0 HaBITh BIJACYTHICTh BUXITHOTO
CHUTHAITY, IOKH IIPUCTPiii HE BUCOXHE.

He nyiite B Mikpodon. Jeski aiadpparMu MOXYTh BHACTH J0
IUTACTUHM 1 3auenuTHcs 3a Hei. OHaKk BUMKHEHHS MiKpodoHa Ta
BIJIKJIFOUEHHS JIKEpesia KUBJIEHHS MOXKE JOTIOMOITH BIJOKPEMUTHU
1X.

KonpencatopHuii MikpooH Moke OyTH IepeBaHTaKEHHH, 10
MO’KE€ MPU3BECTH JI0 CIIOTBOPEHHS a00 PI3KOCTI TOHY. 3a3BHuail 11e
He BiZOyBaeTbcs 4epe3 IEepeBaHTAXEHHS miapparMu, a uepes
BUCOKY BHXIJHY TIOTY)XHICTh KaliCylld, sIKa II€PEBaHTAXKYE
BOynoBaHuii mpeamm. lLle MeHm HMOBIpHO TparuigeTbCcsl B
MIKpO(OHAX Ha BaKyyMHUX TPyOKaX, OCKUIbKH TPYyOKH IPUPOJHO
NEPEBAHTAXKYIOTbCA B AaKyCTHMYHO HENOMITHHMH cmoci6 (iHoai e
HA3MBaIOTh M’SKUM KIINOM). bimpmiicte BOyZOBaHUX IpeaMmIliB
MikpodOHIB MarOTh BUMHKa4 NaAiHHs Ha -10 ab g 3MeHmeHHs
BHUXOJy 3 Karcyiau. SIKIo 1s0ro HEeAOCTaTHhO, (PUIBTP BiApi3aHHS
HU3bKHX YaCTOT TAKOXK 3HU3UTh MOTY>KHICTh B1Jl KarlCyJIH.

daHTOMHE KUBJICHHS

Ha BiaMiHy Bix AMHaMIYHUX 1 CTPIYKOBUX MIKpo(oOHIB, Yyci
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microphones require power of some type. Older tube condensers
require an outboard power supply, while electret condensers are
sometimes powered with a battery. All other condenser
microphones require power from an outside source called phantom
power. This is a 48-volt DC power source fed by a recording
console, microphone preamp, or DAW interface over the same
cable that carries the audio. On most recording consoles phantom
power is switchable, since it may destroy the internal ribbon on
many older ribbon mics. It may cause a loud pop when
disconnecting a cable connected to a dynamic mic as well.

Microphone Specifications

While hardly anyone selects a microphone solely on specifications,
it’s good to be clear on the various parameters involved. The
following won’t delve too much into the actual electronic specs as
much as how those specs apply for your application.

Sensitivity

This 1s a measure of how much output signal is produced by a
given sound pressure. In other words, this tells you how loud a
microphone is. Generally speaking, for the same sound pressure,
ribbon microphones are the quietest while condensers, thanks to
their built-in preamplifiers, are the loudest.

Where this might be a concern is in how your signal chain responds
when recording loud signals. For instance, a condenser mic placed
on a loud source like a snare drum might easily overload the

KOHJICHCATOPHI MIKpO(OHU MOTPEOYIOTh )KUBJICHHS IIEBHOTO THITY.
Crapi 1aMIIoB1 KOHJIEHCATOPU MOTPEOYIOTh 30BHIMIHBOTO JKEpena
KUBJICHHS, TOJII SIK €IEKTPETHI KOHJIEHCATOPH 1HO/II KHUBIATHCS BiJl
Oarapei. VYci 1HIOI KOHJAEHCATOpHI MIKPO(OHU MOTPeOyIOTh
KUBJICHHS BiJ 30BHIIIHBOTO JIKepena, TaK 3BaHOTo (haHTOMHUM
xuBJeHHsM. [le 48-BombTOBE MOCTIMHE MKEPENO KUBICHHS, SKE

nepesacTbcsl depe3 ToW camuil kabenb, [0 W aymio, Bif
3aMMCy090ro KOHCOJT, MiKpo(OHHOTO nmpeamria abo
DAW-inTepdeiicy. Ha Oinpmiocti 3amucyBalbHUX —KOHCOJNEH

(daHTOMHE J>KMBJIICHHS MO)KHa BUMHKATH, OCKIJIbKH BOHO MOXeE
MOLIKOUTH BHYTPILIHIO CTPIUYKY Ha 06ararbOX CTapUX CTPIUYKOBHUX
MikpopoHax. BOHO Takok MOXe BHUKJIMKATH TYYHUH MON MpH
BIJIKITIOYECHHI Ka0eIto, MiKII0YEHOT0 0 TUHAMIYHOTO MiKpo(doHa.

TexHIYH1 XapaKTepPUCTUKH MIKpO(OHIB

Xoua Maiike HIXTO He 00Mpae MiKpO(OH BUKIIOYHO 32 TEXHIYHUMU
XapaKTepUCTUKAMU, KOPHUCHO PO3YMITH OCHOBHI NapameTpH, LIO0
BIUIMBAIOTh Ha poOOTY MPUCTPOIO. Y IIbOMY PO3ALI MU HE OyaeMo
3amMONIOBaTUCh Yy JIeTall eJEKTPOHHUX crenudikamii, a
30CepeAMMOCh Ha TOMY, SIK LI XapaKTEPUCTUKHU 3aCTOCOBYIOThCS Ha
MIPAKTHIIL.

UyTiuBicTh

Ile mOKa3HUK TOTO, SIKMW PIBEHb BHXIJHOTO CHTHAIY T€HEPYETHCS
MIKpO()OHOM TpH 3a/laHOMY 3BYKOBOMY THCKY. [HIIMMH cioBamu,
el mapaMeTp MoKasye, HACKIIbKU «TYYHHID» MiKpodoH. 3araiom,
IpU  OIHAKOBOMY 3BYKOBOMY THCKY CTPIYKOBI MiKpO(hOHH €
HAaWTUXIITUMHU, TOMI SIK KOHJIEHCATOPHI — HAWTYYHINI 3aBASKA
BOYIOBaHHM ITiJICHUITIOBaYaM.

Ile Moxe cTatu mMpoOIEeMOI0 y CUTYAIlisIX 3aMUCy TyYHUX JKEpen
3ByKy. Hampukiaa, KOHICHCATOpPHUH MIKpO(OH, pO3TalIOBaHUI
Mopy4 13 TYYHUM JKepenoM (TakuM siKk mManuii OapabaH), Moxe
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console preamp, outboard microphone preamp, or DAW interface
because of the mic’s inherent high output.

On the other hand, the low output of a ribbon mic placed on a quiet
source might cause you to turn up that same mic preamp to such a
point that electronic noise becomes an issue.

Sensitivity ratings for microphones may not be exactly comparable,
since different manufacturers use different rating systems.
Typically, the microphone output (in a soundfield of specified
intensity) is stated in dB (decibels) compared to a reference level.
Most reference levels are well above the output level of the
microphone, so the resulting number in dB will be negative. Thus,
as in Table 1.4, a ribbon microphone with a sensitivity rating of -38
will provide a 16dB hotter signal than a microphone with a
sensitivity of -54dB, which will in turn provide a 6dB hotter signal
than one rated at -60dB. In other words, the closer to 0dB the
sensitivity is, the higher the mic’s output will be. Note that good
sensitivity does not necessarily make a microphone “better” for an
application.

Overload Characteristics

Any microphone will produce distortion when it’s overdriven by a
loud sound level. This is caused by various factors. With a dynamic
microphone, the coil may be pulled out of the magnetic field; in a
condenser, the internal amplifier might clip. Sustained overdriving
or extremely loud sounds can permanently distort the diaphragm,
degrading performance at ordinary sound levels. In the case of a
ribbon mic, the ribbon could be stretched out of shape, again
causing the performance to seriously degrade. Loud sound levels
are encountered more often than you might think, especially if you
place the mic very close to loud instruments like a snare drum or

JETKO  MEPEeBaHTXUTH  BXiJ  IOMNEPEAHBOTO  MiJCHIIIOBAYa
MIKIIIEPHOTO TYJbTa, 30BHINIHROTO MiACHIIIOBadYa abo iHTepdeicy
DAW uepe3 BUCOKUH piBEHB BIACHOTO BUXO.Y.

3 iHIIOro 60Ky, HU3bKUN BUX1J] CTPIYKOBOTO MIKpO(OHa MPH 3aIuci
THUXOTO JIKEpena MOXe 3MYCUTH Bac 30UIBIIMTU TMOCHUJICHHS
HACTUIBKH, 11O 3'ABUTHCS MOMITHUH €NEKTPOHHUHN IIIyM.

Peiitunrun 4ymimBOCTI MIKpO(OHIB MOXYTh OyTH HE 30BCIM
MOPIBHIOBAaHUMH MIXK co0otro, OCKIJIbKU BUPOOHUKHU
BUKOPHCTOBYIOTh DIi3HI CHUCTEMHU OIL[IHIOBaHHA. 3a3BHuail BHXiA
MiKkpogoHa (y 3ByKOBOMY I10JI1 33JJaHOI IHTEHCUBHOCTI1) BKa3y€ThCs
y gemnubenax (nb) BIAHOCHO eTajJOHHOTO piBHA. OCKITbKU
OUTBIIICTH €TAJIOHIB Ha0araTo BHUII 33 peadbHUN BUX1J MIKpO(dOHa,
3HAQUEHHs YyTJIMBOCTI Oyne HEraTuBHUM. TakUM YHHOM, SK
noka3aHo B Tabmuui 1.4, MikpooH 31 CTPIUKOIO 3 UYTIUBICTIO -38
nb 3abe3neunts Ha 16 ab BumM curHam, HiX MIKpodoH 3
yyTuBicTiO -54 1b, sikuii y cBoto uepry Oyne Ha 6 1b ryunimmm 3a
TOM, mo Mae uyTnuBicTh -60 nb. IHakme kaxyuu, yum Ommkde
3HaueHHs1 9y MBOCTi 10 0 n1b, TuM Bumuit Buxia Mikpodona. Ase
CIiJ Tam’ATaTh, LI0 BHUCOKA YYTIMBICTh HE 3aBXKIU POOHUTH
MIKPO(OH «Kpamyum» JIJIsl IEBHOTO 3aCTOCYBaHHS.

[TepenaBaHTa)KEHHS

Bynp-sikuii  MiKpoOH MOKE BHJABaTH CIOTBOPEHHS, SKIIO Ha
HBOTO IOJIA€ThCS HAJAMIPHO Ty4HHH curHai. lLle moxe Oytu
3yMOBJICHO pI3HUMH TpPUYHHAMH. Y JAUHAMIYHOMY MiKpodoHi
KOTYIIKAa MOX€ BHMXOIUTH 3a MeXI MAarHiTHOro mojs; Y
KOHJICHCAaTOPHOMY — MOX€E [epeBaHTa)KyBaTHCh BHYTPIIIHIN
nigcuiaroBad. TpuBaje nepeHaBaHTaXeHHs a00 HaI3BUYAHO ryyHi
3ByKH MOXYTh HazaBXau jaedopmysat miadparmy, o Ipu3Beze
710 TIOTIPIICHHS SKOCTI 3By4YaHHS HaBITh IMPU HOPMAaJIbHOMY PiBHI
3ByKY. Y CTpIYKOBUX MIKpO(OHAX CTpiuKa MOXE PO3TATHYTHCH 1
BTPaTUTU (POpMYy, IO TAKOXK CEPHO3HO BIIMHE Ha SKIiCTh. ['yuHi




15

the bell of a trumpet. In fact, in many large facilities, a microphone
that has been used on a kick drum or snare, for instance, is labeled
as such and is not used on any other instrument afterward.

Frequency Response

Although a flat frequency response has been the main goal of
microphone companies for the last three or four decades, that
doesn’t necessarily mean that a mic with a flat response is the right
one for the job. In fact, a “colored” microphone can be more
desirable in some applications where the source has either too
much emphasis in a frequency range or not enough. Many mics
have a deliberate emphasis at certain frequencies, which makes
them useful for some applications (vocals in a live on-stage
situation, for example). In general, though, problems in frequency
response are mostly encountered with sounds originating off-axis
from the mic’s principal directional pattern (see Directional
Response below).

Free-Field or Diffuse-Field

Free-field means that most of the sound that the mic hears comes
from the source. Diffuse-field means that the room reflections play
a large role in what the mic hears. Mics designed for free-field use
usually have a somewhat flat frequency response in the high
frequencies, and as a result can sound dull when placed farther
away from the source in the room. Mics designed for the
diffuse-field have a boost in the upper frequencies that make them
sound flat when placed farther away, but it can make them sound
too bright if used for close-miking a source.

3BYKOBI CUTHAJIM 3yCTPI4alOThCS YacTille, HIX 3Ja€ThCs, 0COOINBO
KOJTM MIKPO(QOH pO3TAIOBY€EThCA JyK€ OJNHU3BKO JI0 TYYHOIO
JpKepena, SK-oT Manuii OapabaH abo 13BIH TpyOu. VY BEJIHMKHUX
CTYIIIX MIKpOQOHHU, SKI BHKOPUCTOBYBajJHCs Ha Oac-0ouili abo
MasioMy OapabaHi, 3a3BU4ail MapKylOThb BiJNOBITHUM YHHOM 1
O1JIbLIIE HE 3aCTOCOBYIOTH JJISl 1HIIMX 1HCTPYMEHTIB.

YacToTHa XapaKTepucTHUKa

Xoua piBHa yacToTHa xapakrepuctuka (AUX) Bke NpoTAroMm
TPHOX-YOTUPHOX JAECATUIITH € OCHOBHOIO METOI0 PO3POOHMKIB
MIKpOQOHIB, II€ HE O3Hadae, II0 caMe Takuil MIKpodoH €
HaWlkpamuM JUIsi BCiX 3amad. HacmpaBai, mMikpodoH i3 MEBHUM
«3a0apBJICHHAM» 3BYy4YaHHS MO)Xe OyTH Oa)kaHIIIMM y BUIMAJKaXx,
KOJIM JIKEepeJio Ma€e HaMIpHUIl a0 HeTOCTATHIM aKLEHT y IEBHOMY
nmianmazoHi vactoT. bararo MikpodoHIB MarOTh  CIEIIaTbHO
HiJAKpECcIeHl YaCTOTH, 110 POOUTH IX KOPUCHUMHU JUIsl IEBHUX 3a7a4
(HarpuKiIaA, BOKajd y >KMBOMY BHUCTYIN). 3a3BUyail mpoOieMu 3
YAaCTOTHOIO XapaKTEPUCTUKOIO BHUHUKAIOTh TOII, KOJIU JDKEPEIo
3ByKYy pO3TalIOBaHE 1032 OCHOBHOIO JiarpaMor0 CHpPSMOBAHOCTI
MikpodoHa (auB. HacTynHUM po3ain «CpsMOBaHICTbY).

Binbue none abo nudysHe momne

BinbHe mone o3Havae, M0 OUIBIIICTH 3BYKY, SIKUHA uye MiKpo(doH,
HAAXOAUTh Oe3nocepenHbo Bia Jukepena. /{udysHe moire — koau
BiJOOpa)XeHHs B MPUMIILLEHHI 3HAYHOIO MIpPOIO BIUIMBAIOTh Ha 3BYK,
0 CIpHUMAETbC MiKpopoHOM. MikpodoHH, MpHU3HAYEH] IS
BIJILHOTO MOJIs, 3a3BHYail MalOTh IOCUTh IUIOCKY XapaKTEPUCTUKY Y
BHUCOKHMX 4YacTOTax 1 MOXYTh 3ByYaTH NPUDIYIIEHO, SKIIO iX
po3TallyBaTi Janeko Bif Jokeperna. MikpodoHH, mpuU3HAYEeH] AJs
mudy3HOTO OIS, MaTh MiAHOM Y BEpPXHIX YacTOTax, IIo
KOMIICHCY€ BTpaTW Ha BiACTaHI, aje MOXe 3pOOUTH 3BYK HAITO
SICKpaBUM IIPH OJTM3bKOMY PO3TaIIyBaHHI JI0 JKEpena.
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Noise

Noise in a microphone comes in two varieties: self-noise generated
by the mic itself (like in the case of condenser microphones) and
handling noise.

Condenser microphones are most prone to self-noise because a
preamplifier must be used to amplify the very small signal that’s
produced by the capsule. Indeed, the audio signal level must be
amplified by a factor of over a thousand, so any electrical noise
produced by the microphone will also be amplified by that amount,
making even slight amounts of noise intolerable. Dynamic and
ribbon microphones are essentially noise free, but they are subject
to handling noise.

Handling noise is the unwanted pickup of mechanical vibration
through the body of the microphone. Many microphones intended
for handheld use require very sophisticated shock mountings built
inside the shell.

Directional Response

The directional response of a microphone is the way in which the
microphone responds to sounds coming from different directions
around the microphone. The directional response is determined
more by the casing surrounding the microphone than by the type of
transducer it uses.

The directional response of a microphone is recorded on a polar
diagram. This polar diagram shows the level of signal pickup
(sometimes shown in decibels) from all angles and in different
frequency ranges. It should be noted that all mics respond
differently at different frequencies. For example, a mic can be very
directional at one frequency (usually higher frequencies) but

MTym

Iym y wMikpodoHi OyBae IBOX THMIB: BIACHUH IIyM, SIKHI
CTBOPIOETHCS CaMUM  MIKpOGOHOM (HampuKiIaA, y BHUMIAIKY
KOHJICHCATOPHUX MIKpO(OHIB), 1 IIyM BiJl MEXaHIYHOT'O BILIUBY.
Konpencaropai MikpogoHH HaWOIIBII CXUIIBHI O BIACHOTO IIIyMY,
OCKUIBKM  JUIsl TIiJACWJIEHHS JyXXe CJa0Koro CHUrHaiy, LIo
BUPOOJIETHCS KarcyseM, HE0OX1THO BUKOPUCTOBYBATH MOIEpeIH1N
migcuioBad.  HacmpaBni  piBeHb  aygiocurHany Mae  OyTu
MiJCWIEHUH Olibllle HDK y TUCAYY pas3iB, TOX Oyab-sSKuid
CJIEKTPUYHUIA IIyM, CTBOPEHHUH MIKpPO(QOHOM, Takox Oyne
MIJCWIEHUH y Takid ke Mipi, 110 pOOUTHh HaBITh HE3HAYHUN IIyM
HENPUIHATHUM. JIMHAMI4YHI Ta CTPIYKOBI MIKPO(OHU HPAKTUYHO
HE MAIOTh BJIIACHOTO IIyMY, IIPOTE BOHH MiIJAIOTHCS BIUIUBY IIyMY
BiJl MEXaHIYHOT'O KOHTAKTY.

[Iym Big MeXaHIYHOTO BIUIMBY — Li¢ HeOakaHe CHPUHHATTSA
MEXaHIYHUX BiOpamiii uepe3 kopmyc Mikpodona. bararo
MIKpO(OHIB, NPU3HAUEHUX JUIsI YTPUMAHHSA B YL, HOTPeOyOTH
Ty’Ke CKJIATHUX aMOPTHU3alIHUX KPIIJIeHb, BOYIOBAaHUX Y KOPITYC.

CrpsimoBaHiCTh MiKpodoHa

CrpsiMmoBaHICTh MIKpOOHa — 1€ CcHocid, y sKuil MIKpodoH
pearye Ha 3ByKHM, IO HaJIXOJATh 3 pi3HUX HampsMmkiB. Llei
nmapaMeTp BHU3HAYAE€THCS ~ OLIbIINE  KOHCTPYKIEID  KOPITYCY
Mikpo(oHa, HIX THIIOM IE€peTBOpIOBadya (TpaHCAblocepa), L0 B
HBOMY BHKOPHUCTOBYETBHCH.

CrpsiMmoBaHICTh MIKpOQOHA 3a3BUYall BiOOPaKAETHCS y BHIVISII
noJisipHoi aiarpamu. Taka miarpama mokasye piBeHb YyTIUBOCTI J0
curHaiy (iHofl y aenuOenax) mif pi3HUMH KyTaMHu Ta Ha pi3HUX
yacrortax.Cinig mam’statd, 1o BCl MIKpOQOHH pearyroThb
MO-pi3HOMY 3aJIe)KHO Bia vactotw. Hampukiam, MiKpodoH MOxe
MaTd JAy)Xe BY3bKy CIPSIMOBAHICTb Ha BHCOKHX 4YacTOTax, aje
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virtually omnidirectional at another.

A microphone’s polar response pattern can determine its usefulness
in different applications, particularly multi-microphone settings
where proximity of sound sources makes microphone leakage a
problem.

There are four typical patterns commonly found in microphone
design.

Omni-Directional

An omni-directional microphone picks up sound almost equally
from all directions. The ideal omni-directional response is where
equal pickup occurs from all directions at all frequencies (see
Figure 1.5).

Figure Of Eight

Figure of eight (sometimes called simply figure 8 or bi-directional)
microphones pick up almost equally in the front and back but
nearly nothing on each side. It should be noted that the frequency
response is usually a little better (as in brighter) on the front side of
the microphone, although the level between front and rear can
seem about the same.

Because the sensitivity on the sides is so low, figure 8s are often
used when a high degree of rejection is required (see Figure 1.6).

Cardioid

The cardioid microphone has strong pickup on the axis (in the
front) of the microphone but reduced pickup off-axis (to the side

MOBOJAWTHCS Maike sIK BCECHPSIMOBAaHUN (OMHIAMPEKIIWHUN) Ha
HU3LKUX.

[TonsipHa xapakTepucTka MiKpodoHa BiAirpae KiIO4uoBY poJib HpU
BUOOpI #Oro mans KOHKPETHOTO 3acTOCYBaHHSA, OCOOIHMBO Yy
CUTYyallisIX 13 BUKOPHUCTAHHSIM KUIBKOX MIKpO(hOHIB OJHOYACHO, JI€
OnM3bKEe PO3MILICHHS JOKEpEeNl 3BYKY MOXKE MPHU3BOAMTU 10
MEPEXOIUICHHS CUTHAJIIB (MIKPOQOHHOTO BUTOKY).

Haiinomupeninii TN cIpsSMOBaHOCTI MIKpPO(OHIB:
OMHIIUpeKIiHu]

OMmHiaMpeKUIHHUA MIKpOQOH cIipuiiMae 3ByK Maii’Ke OJIHAKOBO 3
yciX HampsMKiB. IneanbHa OMHIOUpEKLiHHA XapaKTepHCTUKA
nependayae piBHOMIPHE 3aXOIUIEHHSI 3BYKY MiJ] Oy/lb-sSIKUM KyTOM 1
Ha Oynp-sKiit yactoti (auB. PucyHok 1.5).

dirypa BiciMKH

MikpodoHu 3 giarpamoro «BiciMKa» (Takok OiHampasieHi abo
figure 8) cnpuiimMaroTh 3ByK OJHAKOBO 3 (POHTAIBHOIO 1
3BOPOTHOTO HANpsIMKIB, Mail’ke TOBHICTIO ITHOpPYIOUM OOKOBI
curHaiy. SIK MpaBHIIO, YACTOTHA XapaKTEPUCTHKA HAa (PPOHTAIBHIN
CTOpPOHI TpPOXM Kpama (sCKpaBilla), XO4 pIBEHb CHUTHAIY Ha
TIepEIHIN 1 3aHIN YaCTHHAX 3/1a€ThCS OTHAKOBUM.

3aBasKU Ty)Ke HU3BKIH YyTIHMBOCTI 3 OOKiB, Taki MiKpO(OHHU Y4acCTO
BUKOPHCTOBYIOTh JUIsl MaKCHUMaJbHOIO BIJCIY€HHS HEeOaKaHOro
3BYKy (nuB. PucyHoxk 1.6).

Kapnioinauit

Kapmioimai MikpodoHH MarOTh BHUCOKY YYTIHMBICTH IO 3BYKY
criepely MO OCl Ta 3HW)KEHY YyTJIUBICTH 3 OOKIB 1 33amy. Y
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and to the back). This provides a more or less heart-shaped pattern,
hence the name cardioid (see Figure 1.7).

Hyper-Cardioid Microphones

By changing the number and size of the ports (openings) on the
case, it is possible to increase the directionality of a microphone so
that there is even less sensitivity to sounds on the back and
sides(see Figure 1.8).

Proximity Effect

A peculiarity of the microphones with a directional pattern is that
they have a different frequency response when placed close to or
far away from the sound source. Cardioid and hyper-cardioid
microphones experience low-frequency build-up the closer you get
to the mic, which is known as proximity effect. In many cases this
can be used to good effect, adding warmth and fullness to the
source signal, but it can also make the frequency response seem out
of balance if it is not taken into account.

Specialty Microphones

While the vast majority of microphones manufactured are general
purpose and have a wide variety of uses, there are some mics that
serve a single particular function. Let’s look at them.

Shotgun Microphones

There are a number of applications that require an extremely
directional microphone, such as in news gathering, wildlife
recording, or recording dialogue on movie and television sets. One
such microphone is the shotgun (occasionally called the rifle or the
more technical interference tube) microphone. This mic consists of
long tube with slots cut in it, connected to a cardioid microphone

pesynbrati opMmyeThesi ceprienofiOHa aiarpama CHpSMOBaHOCTI,
3BiaKkM 1 Ha3Ba cardioid (nuB. Pucynok 1.7).

INinepkapnioiguuii

3MIHIOIOUM KUIBKICTh Ta PO3MIpU OTBOPIB (TIOPTIB) y KOpITyCl
Mikpo(oHa, MOKHA 3OUIBLIMTH CHPSIMOBAaHICTh, 3MEHIIMBIIU
YyTIMBICTh JI0 CHUTHaMIB 13 OOKIB 1 33ady uie Ouiblie, HDK Y
CTaHJapPTHOTO KapaioinHoro (nuB. PucyHok 1.8).

Edext HabmxeHHs

Ocob6nuBicTIO MIKpO(OHIB 13 CHPSAMOBAHOIO Ji1arpaMol0 € 3MiHa
YaCTOTHOI XapaKTepUCTUKU 3aJ€KHO BIJ BIJACTaHI 10 JKepesa

3ByKY. Y  KapIioifHMX Ta TiNepKapAiOiAHUX  MIKpOQOHiB
CIOCTEPIraeThCs MiJCUICHHS HU3bKUX YacTOT MPU HAOIMKEHHI J10
JpKepenaa — 1€ SBUIIEC HA3UBAETbCA €(EeKTOM HaOMMKeHHS. Y

0araTtbox BUIIaAKaX BOHO MOXEC 6YTI/I KOpUCHHUM, NJOAA04YU TCILIOTH
Ta HACHUYCHOCTI CUTHAJly, aJIC JdKINO HC BpaxOByBaTU ueﬁ e(peKT,
3BYYaHHs MOXE CTaTu I[I/IC6aJ'IaHCOBaHI/IM.

CrenianizoBaHi MiKpooHI

Xoua OUIBIIICTH MIKPOQOHIB € YHIBEPCAIBHUMU 1 MOXYTh
3aCTOCOBYBAaTUCh Y PI3HUX CUTYALisX, ICHYIOTh MOJIENi, pPO3p0o0ieHi
T KOHKPETHUX 3aBaHb. PO3IIsTHEMO JIesiKi 3 HUX.

MikpooHU THITY «ILIOTTaH»

Y neBHUX cCHUTyalisiX HEOOXIJHI MaKCUMaJbHO CIPSMOBaHI
MIKpOOHM — HANpUKIAA, y pEnopTakax, MpU 3aluci JUKOI
npupoau abo JianoriB y KiHO Ta Ha TeneOadeHHi. OAMH 13 TaKHX
THITIB — II€ MOTraH-MiKpo(hoH (iHOAI Ha3UBalOTh «TBUHTIBKOBUM)
ab0 TexHIYHO — MIKpOoQoH 3 iHTepdepeHuiiHow TpyoKoro). Llei
MIKpOoOH CKIIaJaeTbcsi 3 JOBroi TpPyOKHM 3 mpopizamu, sKa
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(see Figure 1.9).

Sound arriving from the sides enters through the slots in the tube,
which causes some of the sound to cancel at the diaphragm or
capsule. Sound entering at the end of the tube goes directly to the
microphone capsule, providing large differentiation between the
source and other background noise. The tube is normally covered
with a furry windshield for outdoor use.

Lavaliere Microphones

Extremely small “tie clip” microphones are known as lavaliere
mics (sometimes just called lavs) and are made for situations where
a handheld or mounted microphone is not appropriate. Lavs are
usually electret condenser and omnidirectional and are designed to
blend in with an article of clothing. One of the major problems
with lavalieres is handling noise, which can be quite severe if an
article of clothing (such as a jacket) is rubbing against it.
Therefore, placement on the body becomes crucial (see Figure
1.10).

TIP: There are many ways to place a lav, especially during a
theatrical or movie production, but the standard position is about
the height of a normal chest pocket on a suit jacket, or right above
the heart, where the chest caves in a little bit. If you place it higher
you get more clothes rustle, and if you place it close to the neck
you lose a lot of the high frequencies, as the chin shades for the
direct sound.

PZM Microphones

The pressure-zone microphone, or PZM, is designed to limit the
amount of phase coloration from the early reflections from a sound

NpU€EIHAHA J10 KapaioinHoro karcyns (auB. PucyHok 1.9).

3ByK, II0 HAAXOAWTH 300Ky, MOTpAIUIsiE Yepe3 MpOopi3H B TPyOIi,
BHACJIIOK 4YOro 4YacTWHa 3BYKY TracuThCcsi Ha Jiagparmi abo
Kancyai. 3ByK, IO HaIXOOUTh 13 KIHUSA TPYyOKH, MOTparuisie
Oe3nocepeHbO 10 Kamncylnu MiKpodoHa, 3a0e3nedyroun YiTKe
PO3IUIEHHS MIX JDKEpesIoM 3ByKy Ta (hOHOBUM mHrymoM. TpyOka
3a3BHYAil BKPUTA XyTPSHUM BITPO3aXHCTOM JUISI BUKOPUCTAHHS Ha
BIIKPUTOMY TOBITPI.

[eTnruni MikpopoHU

Hanzpuuaiino ManeHbKi MIKpO(GOHH, IO KPIMJISATHCS Ha OMs3i,
BIIOMI fK MNeTIMYHI MIKpodoHU (200 MPOCTO «IETIUYKHY), 1
BUKOPHCTOBYIOTbCS B CHUTYallisiX, KOJU MIKPO(OH, 110 TPUMAETHCS
B pyul abo BCTaHOBJIEHMM Ha KPOHUITEHHI, € HEIOPEUHUM.
[letnuukyu  3a3BMYall €  EJNEKTPETHUMHM  KOHJAEHCATOPHUMHU
MIKpO(OHAMHU 3 BCECHPSIMOBAHOIKO XapaKTEPUCTHUKOIO 1 MPU3HAUEH1
Ui TOTO, 1100 OyTH HemoMITHMMH Ha ofs3i. OAHIEI0 3 OCHOBHHUX
poOsieM TakuxX MIKpOQOHIB € HIYMHU BiJl TEPTS, Kl MOXKYTb OyTH
3HaYHUMH, SIKIIO0, HAMIPUKIIAA, KypTKa TpeThcsi 00 MikpodoH. Tomy
po3MillieHHsT MIKpOoOHA HA TUIl CTa€ KPUTHYHO BAKIUBUM (JIMB.
Puc. 1.10).

ITopana: IcHye 6araro croco6iB po3MiCTUTH METIUYHUN MIKPOQOH,
0CcO0JIMBO B TeaTpajibHUX a00 KIHOBUPOOHUITBAX, ajle CTaHIapTHA
MO3UIlisl — I MPUOTU3HO HA BUCOTI HArpyIHOI KUIIEHI MimKaka
abo mpsMO HaJA cepleM, Yy 3arIuOJIeHHI TpyaHOI KITKU. SIKIIo
po3MmicTuTH BuIlle — Oyae Oinblle MIyMy BiJl OASTY, a SKIIO
OMmKYe 0 NI — BTPAYa€ThCs 0araro BUCOKUX YacTOT, OCKIITBKU
migdopiaas 3aTiHsge NPSIMUM 3BYK.

Mikpodonu PZM

Mikpodonu rpanuuHoro tmapy, abo PZM (Pressure Zone
Microphone), cTBopeHi 11 3MEHIICHHS (Da30BUX CIOTBOPEHB Bijf
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source in a room. It accomplishes this by placing the microphone
capsule very close to a flat surface. This flat surface is called the
boundary and is why this type of microphone is also called a
boundary microphone. By getting the microphone capsule close to
the boundary, it cuts down on the large number of reflected sound
waves hitting it from all angles. The waves that are reflected off the
closely positioned boundary are much stronger than waves that
have bounced all around the room. This helps the microphone to
become more sensitive, and as a result keeps the audio from
sounding too reverberant.

PZM microphones, which are omnidirectional, are flat and
designed to be mounted to a wall or placed on the floor or a
tabletop. The bigger the boundary underneath the microphone, the
better it will perform (see Figure 1.11).

Wireless Microphones

It’s long been the dream of many performers to increase their
freedom by removing the connecting cable from the microphone,
and guitarists in the studio have wanted to play in the control room
ever since overdubs became possible. Until recently, wireless
systems weren’t of sufficient quality to use in the studio, but the
latest generation begins to rival the wired versions.

A wireless system consists of three main components: an input
device, a transmitter, and a receiver. The input device provides the
audio signal that will be sent out by the transmitter. It may be a
microphone, such as a handheld vocalist’s model or a lavaliere
“tie-clip” type. With wireless systems designed for use with electric
guitars, the guitar itself is the input device.

The transmitter handles the conversion of the audio signal into a
radio signal and broadcasts it through an antenna. The antenna may
stick out from the bottom of the transmitter or it may be concealed
inside. The strength of the radio signal is limited by government

paHHIX BIIOMTTIB 3BYyKYy B NpuMilleHHI. Lle mocsAraerscs muisixom
PO3MIILIEHHSI Karcyiau MIKpoQoHa Jyke OJIM3bKO [0 IUIOCKOL
noBepxHi . Lls miocka moBepxHs Ha3MBaeThes «Mexay (boundary).
[Ipu po3mimieHH1 Karncyau MiKpodoHa mo0In3y MeXi 3MEHITY€ThCS
KUTBKICTh 3BYKOBHX XBWIIb, III0 HAIXOMATH MiJ PI3HUMH KyTaMHU.
BinOuti xBwm Big OnM3bKOT MOBEPXHI 3HAYHO CWIIBHINII 3 Ti, IO
BiIOMBarOThCS MO Bciii kimHari. Lle pobuth MikpodoH Oinbin
YYTJIUBUM 1 JOTIOMara€ YHUKHYTH HaIMIpHO1 peBepOepartii.

PZM-mikpodoHnu, AKi MalOTh BCECHPSMOBAHY XapaKTEPUCTHUKY, €
IUTACKMMHU 1 TIPU3HAYEH] JJI1 MOHTAXy Ha CTiHH, MIJUIOTy abo CTi.
Yum Oinblra noBepxHs i MiKpoOHOM, TUM Kpaila ioro podora
(mmB. Puc. 1.11).

be3npotoBi MikpodoHu

Mpiero Oaratb0X BUKOHABIIIB JaBHO Oys10 1030yTHCS Kabeto, sIKuii
niJ'eIHaHUM 10 MIKpo(OHa, a FITapUCTU MPIsUIM TpaTH B anapaTHii
I1€ 3 YaciB, KOJIM CTAJIM MOXJIMBUMH HAKJIaJCHHS JOPIXKOK 3aITUCY.
Jlo HemaBHBOTO Yacy O€3IpOTOBI CHUCTEMH HE MaJld JOCTaTHBHOI
SIKOCTI JUISl CTYIIMHOTO BUKOPUCTAHHS, aJie HOBITHE TIOKOJIIHHS BKe
MOY€ KOHKYPYBAaTH 3 POTOBUMH BEPCISIMH.

be3npoToBa cucreMa CKIIaaeThCs 3 TPhOX OCHOBHUX KOMIIOHEHTIB!
BX1/IHOTO NMPHUCTPOIO, TepesiaBaya Ta npuiiMaya. BxigHuit npuctpiit
TeHepye ayJl0CUTHaJ, IKUW HaJacuiIaeTbes nepenaBadeM. Lle moxe
Oyt MiKpo(hOoH — HampHKIald, pydHa MOAENb JUIsl BoKaiicTa abo
NETANYHUN MIKpO(hOoH. Y Ge3ApOTOBUX CUCTEMAX JUIS €IEKTPOTiTap
caM IHCTPYMEHT € BX1IHUM NPUCTPOEM.

[lepenaBay mepeTBOPIOE ayliOCHTHAN y PaAiOCHTHAN 1 mepenae
J0ro uepe3 aHTeHy. AHTEHAa MOYKE BHUCTYIATH 3 HUKHBOI YACTUHU
nepenaBada abo OyTu BOymoBaHOIO BcepeauHy. lloTykHicTh
pazniocurHany oOMexeHa JepKaBHUMHU periaMeHTamu. [laibHICTb
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regulations. The distance that the signal can effectively travel
ranges from 100 feet to more than 1,000 feet, depending on
conditions.

Transmitters are available in two basic types. One type, called a
body-pack or belt-pack transmitter, is a small box about the same
size as a packet of cigarettes. The transmitter clips to the user’s belt
or may be worn on the body. For instrument applications, a
bodypack transmitter is often clipped to a guitar strap or attached
directly to an instrument such as a trumpet or saxophone. In the
case of a handheld wireless microphone, the transmitter is built into
the handle of the microphone, resulting in a wireless mic that is
only slightly larger than a standard wired microphone. Usually, a
variety of microphone elements or “heads” are available for
handheld wireless microphones. All wireless transmitters require a
battery (usually a 9-volt alkaline type) to operate (see Figure 1.12).

The job of the receiver is to pick up the radio signal broadcast by
the transmitter and change it back into an audio signal. The output
of the receiver is electrically identical to a standard microphone
signal and can be connected to a typical microphone input on a
console, mic preamp, or DAW interface.

Wireless receivers are available in two different configurations.
Single-antenna receivers utilize one receiving antenna and one
tuner, similar to an FM radio. Singleantenna receivers work well in
many applications but are sometimes subject to momentary
interruptions or “dropouts” in the signal as the person holding or
wearing the transmitter moves around the room.

A diversity-type receiver uses two separate antennas spaced a short
distance apart, utilizing (usually) two separate tuners to provide
better wireless microphone performance. A circuit in the receiver
automatically selects the stronger of the two signals, or in some
cases a blend of both. Since one of the antennas will almost

Iii CUTHaJly 3aJIe)KHO BiJ yMOB cTaHOBUTH Bia 30 mo monazx 300
METpIB.

[lepenaBaui OyBaroThb JBOX OCHOBHUX TUMIB. Ilepruii Tunm — ue
nosicHuii  abo kumieHbkoBuil mepenaBau (body-pack), skuii €
HEBEIMKNAM OOKOM MPHOIM3HO pO3Mipy Madkk curaper. Koro
KpiIUIATh Ha Tmosic abo IHmMM crnocodoM Ha Tino. Jlis
IHCTPYMEHTIB MOro 4acTo MPUKPIIUIIOITH 0 peMeHs ritapu abo
0e3nocepeHbO /0 IHCTPYMEHTY, SIK-0T Tpyba abo cakcodoH. Y
BUIAJKy pPy4YHOro MikpodoHa mepenaBad BOyJOBaHUN Yy HOro
PYKOSITKY, IO POOMTH MIKpPO(QOH TPOXH OUIBIIMM 3a JIPOTOBUI
aHaJior. 3a3BMYail JOCTYMHI PI3HI 3MIHHI KalCyiau MJig py4YHUX
6e31poToBUX MiKpodoOHIB. Yci 6e31p0oTOBI NepeaaBadi HOTpeOyOTh
Oarapei (3a3Buuail 9-BOJIBTHOI JIYXKHO1), MO0 mMpaioBaTu (JuB.
Puc. 1.12).

3aBnaHHs mpuiiMaya — MNpUAMATU paJiOCUTHAN, SIKUK Tmepenae
nepegaBad, 1 IEpeTBOPIOBATH MOro Haszaj Ha aydlOCHTHA.
Buxigauii curHan 3 mnpuiiMaya  eNeKTPUYHO  1IEHTUYHUN

CTaH/JapTHOMY MIKpO(QOHHOMY CUTHAJY 1 MOXe OyTH IiAKIIOUYEHUN
10 MIKpO(OHHOTO BXOJy Ha MIKIIEPHOMY IYNbTi, MONEPEIHBOMY
nifcuitoBadl ado iHTepderici DAW.

[Tpuitmaui OyBaroTh ABoX THUMIB. Ilpuiimaui 3 O/HI€I0 aHTEHOIO
MaloTh OJIHYy NpUHMalbHY aHTeHy N OJUH TIOHEp, MOJMIOHO 10
FM-panio. Boun no0pe mpamioroTe y 0aratbOX CHTYyaIlisiX, ajie
MOXYTh MAaTH KOpOTKOouacHi mepeboi curnainy (dropouts), koiau
JFOZIMHA 3 NIepe/laBadeM PyXa€eThCs.

[TpuitmMaui 3 JOUBEPCUTETOM BHUKOPUCTOBYIOTH JIBI aHTEHH,
po3TalIoBaHi Ha HEBEJIWKIM BiJICTaHI OMHA BiJ OJHOI, 3a3BHYall 3
JBOMa TIOHepaMu. BoOHM aBTOMaTHYHO OOUPAIOTh CHIIBHIIINAN
cUrHas abo 3MilIyloTh O0W/IBA, IO 3MEHIYE WMOBIPHICTh BTPATH
CUTHAIY.
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certainly be receiving a clean signal at any given moment, the
chances of a dropout occurring are reduced.

Wireless systems operate in two different frequency spectrums:
VHF and UHF. Audio performance for VHF and UHF is nearly
identical, but some of the high-end (and much more expensive)
UHF systems offer real improvements in audio bandwidth,
transient response, and system noise floor. In terms of operational
range or distance, UHF offers some advantage especially in
inhospitable RF environments. Another advantage is that
broadband RF interference (compressors, elevator motors,
computers, and so on) are often below UHF frequencies.

A new entry into the wireless mic arena is the digital type, which
transmits a digital audio signal on a UHF bandwidth instead of an
analog signal. The advantage is that the signal can have a flatter
frequency response with greater dynamic range and less noise and
interference than a comparable analog UHF system. An added
advantage is that the signal can be digitally encrypted, making it
can be virtually impossible for someone outside the venue with a
scanning receiver to eavesdrop on the transmission.

Stereo Microphones

Stereo microphones are essentially two microphone capsules in a
single casing or body. These are designed primarily for ease of
placement, since a single stereo mic body is considerably smaller
than two separate microphones. An added advantage is that the
capsules are normally closely matched in frequency and sensitivity
response. Many times the capsules also rotate in order to provide a
narrow or widened soundfield. Examples of stereo mics are the
Royer SF-12, Neumann SM 69, Shure VP88, and AKG C 24 (see
Figure 1.13).

Parabolic Microphones

be3nporoBi cucTtemMu MpamiolOTh Y JABOX YAaCTOTHUX Jlala3oHax:
VHF 1 UHF. AynioxapaktepucTuku 000X Mailke OJHAKOBi, aje
nopori cucremu UHF wMaroTh peanbHi nepeBaru: IMIHAPIIANA
YaCTOTHUM Jiana3oH, Kpauly Iepenady TpaH3I€HTIB 1 HUKYIMHA
piBenb mymy. llono nansuocti — UHF mae nepesary, oco0nuBo B
yMOBax 13 CHJIbHMMHM nepemkonamu. llle oxna mnepeBara —
OUTBLIICTh JKEpEen LIMPOKOCMYTOBUX MEPEIIKo] (HalpHUKIaL,
KOMIpecopH, JiTOBI JBUTYHH, KOMII'IOTEpU 1 TOMY MOIIOHE)
nmparorTh Ha yactorax Hwkde UHF. HoBuMm rpaBueMm Ha pHHKY €
mudpoBi  0e3apoToBI  MIKpoOHM, SKI TNepenaroTb LUPPOBUIL
curnan y gianasoni UHF 3amicTh aHanmorosoro. Ixns nepesara —
PIBHIIINI YacTOTHUM BIATYK, OUTHIIMK JWHAMIYHUHM [lama3oH,

MEHIIe NIyMy Ta [E€pelIKoJl MOPIBHAHO 3 aHaJIOrOBUMU
UHF-cucremamu.  JloqaTkoBOIO — MEpeBaror0 €  MOXKJIMBICTh
uuppoBoro  mM@pyBaHHS, [0  Maibke  YHEMOXIIUBIIIOE
NIEPEXOIJICHHsI CUTHAJIY CTOPOHHIMH 0CO0aMH.

Crepeomikpodonu

CrepeomikpooHn — e (aKkTU4YHO J1Ba MIKpPO(QOHHI KaIlCylIH B

ofHOMY Kopmyci. BoHu po3poOieHi Hacammepea As 3pydHOCTI
PO3MIIIIEHHS, OCKUIBKH OJMH KOpIYC CTepeoMikpodoHa 3HAYHO
MEHIIUH 3a 1Ba okpeMi MikpohoHH. [[01aTKOBOIO MEpeBarolo € Te,
[0 KamncyJdu 3a3BUuYail  perenpHO MmiaidpaHi 3a YacTOTHUM
Jiama3oHoOM 1 YyTAuBICTIO. YacTo Kamcyaum MOXYTh oOepTarucs,
06 3abe3neunTy Byxue abo mmpiie 3Bykose noie. [lpuxnanamu
crepeomikpo¢oHiB € Royer SF-12, Neumann SM 69, Shure VP88
ta AKG C 24 (quB. pucynok 1.13).

[TapabomiuHi MiKpopOHHU
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If you watch football on television, you’ve probably seen a
parabolic microphone on the sidelines. This is usually a handheld
dish that an operator will point at the field in an attempt to pick up
some of the sounds of the game.

Similar to a radio telescope, a parabolic microphone is essentially
an omni mic that is pointed toward the middle of a rounded
(parabolic) dish. The dish provides acoustical amplification by
focusing the reflected sound onto one place. If the dish itself
acoustically amplifies a certain frequency range by 10dB, it means
that there’s 10dB less electronic amplification (and therefore 10dB
less noise) required within that range, so there will be less noise.
The acoustical amplification increases with frequency, with the

lowest frequency captured dependent upon the diameter of the dish.

The problem with parabolic mics is that they don’t have a great
low-end response, which would require a prohibitively large dish
diameter. This tends to make them sound unnatural for many
sounds unless the dish is really huge.

While widely used in sports broadcasting, it’s not surprising that
the parabolic microphone is one of the staples of the spying and
espionage business as well. However, the most common use for
parabolic mics in recording is to capture birdcalls, since most bird
chirps are only composed of high frequencies (see Figure 1.14).

Binaural Microphones
Binaural recording is a method of capturing audio using two

microphones, arranged about 7 inches apart and facing away from
each other, to create a realistic 3D experience where the listener

SIKIIO BM IMBWINMCS aMEpPHKaHCHKUH (yTOOJ MO TeNeBi30py, BH,
HMOBIpHO, Oaumnu mnapaOomiyHuii Mikpodon Outg mnong. Le
3a3BMUail pyyHa Tapiika, Ky Oleparop CIpsSMOBY€E Ha IoJie, 1100
BJIOBUTH 3BYKH TPH.

[Toni6HO 1O panioTeneckona, mapadboMiuHUN MIKpoOH — Iie, 10
CyTi, BCECPSAMOBAHUN MIKpPO(OH, CIPSIMOBAHUHN Y IIEHTP BUTHYTOI
(mapabomiunoi)  Tapimku. Tapinka  3abe3medye  aKyCTUYHE
HiJCUIeHHs, (OKYCyloud BIZOWTHI 3ByK B OIHY TOYKY. SIKIIO
Tapijgka MiJICWIIOE TIeBHUM aiana3oH yactoT Ha 10 nb, e o3nauae,
o notpioHo Ha 10 1b MeHIIe eneKTPOHHOTO MiZICUIICHHS (a OTXKe,
1 MEHIIEe IMyMy) B I[bOMY Jiama3oHi. AKYyCTHYHE TIiJCHUICHHS
3pOCTa€ 3 MiJIBUIIEHHSAM YacTOTH, a HAHMIKYA YacTOTa, SIKYy MOXKE
BJIOBUTU MIKPO(OH, 3aJIe)KUTh BiJl AlaMeTpa TapiiIKu.

[Ipobnema mapabGomiyaux MIKpO(OHIB MOJSATAE B TOMY, 11O BOHHU
MAaloTh CNA0Ky YyTJIMBICTh 0 HU3BKUX YaCTOT, AJIs SIKUX MOTpiOHA
Oyna © HanTo BenuKka Tapuika. ToMy BOHM 4acTo 3ByYarb
HEMPUPOJHO, AKIIO Tapilika HE IyKe BEeTUKa. X0ua BOHU LIUPOKO
BUKOPHCTOBYIOTHCS B CIIOPTHBHOMY MOBJICHHI, HE IUBHO, IO
napabomiyHi  MIKpoOHH TakoX € cTaHaaproM y cdepi
IITATYHCTBA.

OnHak HallmouIMpeHille 3acTOCYBaHHS MapaboiyHUuX MIKpO(OHIB
y 3BYKO3allUCI — 1I€ 3alHCyBaHHsS CIHIBy MTaXiB, OCKIIbKU
OUTBITICTh NMTANIMHUX 3BYKIB CKJIQAl0THCS JIUIIE 3 BHCOKUX YaCTOT
(nuB. pucyHok 1.14).

binaypanbni MikpodoHU

biHaypanpHMii 3amuc — 1€ METOA 3aXOIUICHHS 3BYKYy 3a
JOTIOMOTOI0  JIBOX ~ MIKpO(OHIB, pPO3MIIIEHUX Ha BiJCTaHI
npubnu3HO 18 cM OAMH BiJl OAHOTO i COPSAMOBAHUX y TMPOTHIICKHI
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actually feel like he’s in the room. This distance and placement
roughly approximates the position of an average human's ear
canals, but to truly maximize the experience, the mics are placed in
a dummy head that more closely approximates how a human hears.
The oldest examples of this type of microphone are the Neumann
KU-80 and KU-100 (see Figure 1.15). See Chapter 12 for more on
binaural and immersive recording.

Microphone Accessories

A number of accessories are essential during normal microphone
use 1n certain situations. Let’s look at three of the most needed.

Pop Filters

Not to be confused with windscreens (see below), pop filters, either
built into the mic (such as in a Shure SM58) or external, can either
work great or be of little value. All microphones are subject to
plosives or pops. However, many engineers are fooled into thinking
that a foam windscreen is all that’s needed to control them, when in
fact positioning and microphone technique come more into play in
the reduction of these “pops” (see Figure 1.16).

The problem with a pop screen built into a mic is that it’s simply
too close to the capsule to do much good in most cases. Wherever
high-speed air meets an obstacle such as a pop screen, it will
generate turbulence, which takes a few inches to dissipate. If the
mic capsule is within that turbulence (as most are), it will still pop.
Another problem with acoustic foam used within microphones is
that it becomes brittle over time, and eventually little tiny bits of it

60ku, 00 cTBOpUTH peanicTuuHuil 3D-edekT, Konu ciayxad HiOH
nepedyBae BCepeNMHI MPUMIINIEHHS. Taka BiJICTaHb 1 MOJOXEHHS
NpUOTU3HO BiANOBIJAIOTH MOJOXKEHHIO BYIITHUX KaHAIB JIIOIWHH,
aje s MaKCHMaJbHOTO e(eKTy MIKpO(QOHU pO3MIIYIOTh Y
CreliaJbHOMY MaKeTi TOJIOBH, SKHH TOYHINIE IMITYyE JIOACHKE
CIIyXOBe  cHpuiHATTA. HalimepmmMu  npukiaagamMu — TakuxX
MmikpodoniB 6yau Neumann KU-80 1 KU-100 (auB. pucynok 1.15).
JoknagHime npo OiHaypajlbHUN Ta IMEPCUBHMH 3aluc JUB. Y
pozaim 12.

Akcecyapu Ui MiKpO(OHIB

[Tin yac cTaHIApTHOrO BUKOPHCTAaHHS MIKPO(OHIB y IEBHUX
CUTYyallisiX MOTpIOHI pI3HOMaHITHI akcecyapu. Po3misiHbMO Tpu
HaO1Ib1I HEOOX1THI.

[Ton-dinsTpu

He cnig munyratn non-QinsTpu 3 BITPO3aXMCHUMH HaKJIaJKaMH
(nuB. Hwxue). Ilon-¢ineTpu, ki MOXyTh OyTH BOYZOBaHUMU
(mampukian, y Shure SM58) a6o 30BHIlITHIMU, MOXXYTh 200 4yJ0BO
npaioBary, ado Maiike He JaBatu eekry. Yci MikpooHHU Uy TIuBi
70 TPOPUBHUX 3BYKIB (Tak 3BaHux '"momiB"). Omnak Oararo
IH)KEeHepiB MMOMUIIKOBO BBAXKAIOTh, IO JUIS 1X YCYHEHHSI JOCTaTHBO
MIHOTJIACTOBOI HAKJIAJKH, X04a HAcTpaBiAl Oifbllle 3HAYCHHS Mae
MpaBWIbHE PpO3MIIIEHHS MIKpOQOHAa Ta TEXHIKa 3amnucy (IuB.
pucyHok 1.16).

[IpoGnema 3 BOymoBaHUM y MiKpO(OH MON-(PiNETPOM MOJSATAE B
TOMY, II0 BIH 3aHaATO OJIM3bKO pO3TAIIOBAaHUM 10 Karcyis, 1 B
OimpIIOCTI BUMAJAKIB 1e HE nae OaxaHoro edekry. Komm motik
MOBITPSI 3 BEJIMKOIO IIBHJIKICTIO HATPAIUISIE HA MEPEIIKOY, TAKy SIK
non-(ineTp, BUHUKAE TYpOYJICHTHICTh, SIKId MOTPIOHO KiJbKa
CaHTHUMETpiB, MO0 po3ciaTuCh. SKkmo Kamcyab MikpodoHa
3HAXOAUTHCA BCEPENMHI 1€l 30HU TypOyJIeHTHOCTI (a Tak 1 OyBae
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break off and find their way inside the capsule (which is definitely
not good for the sound quality).

Spit from a vocalist onto a valuable mic is perhaps the best reason
to use a pop screen. Condensation from breath can stop a vintage
condenser microphone from working in a very short time.

External pop screens are designed to be as acoustically benign as
possible, especially in the areas of transients and frequency
response. That being said, they are not acoustically transparent,
especially at very high frequencies. A U 87—style windscreen will
knock the response down at 15kHz by 2 to 3dB, for instance.

Although there are many models of pop filters available
commercially, it’s fairly easy to build your own. Buy an
embroidery hoop and some pantyhose, cut a leg of hose until you
have roughly a square sheet, and clamp it in the embroidery hoop,
then place it between the mic and singer.

TIP: Many people af ix pop filters to a gooseneck device that
attaches to the boom stand that holds the mic. It’s usually easier to
mount to pop filter on a second boom, as it makes positioning less
frustrating and more exact.

Windscreens

Unlike breath pops, wind requires a completely different strategy.
Wind isn’t a nice, smooth flow of air, but rather turbulent and

31e011bIIOor0),  TO  TNPOPHBHI ~ NPUTOJIOCHI  BCE  OJIHO
CTBOpIOBaTUMYTh HeOaxaHi crioTBopeHHs. llle onna nmpobnema —
1€ BUKOPUCTAHHS aKyCTHYHOTO MOPOJIOHY BCEPEAMHI MIKpPO(OHIB.
3 yacoM Lied MaTepiaj CTa€ KPUXKHUM, 1 MIKPOCKOMIYHI YaCTUHKU
MOXYTh BIJIIIIAPOBYBATHCS Ta MOTPAIUIATH BCEpeIMHY Karcysis, 110,
0e3repeyHo, HeraTUBHO TIO3HAYAETHCS Ha SIKOCT1 3BYYaHHSI.

CnuHa BOKaJicTa Ha LIIHHOMY MiKpogoHi — 1ie, MaOyTh, Halikpaia
MpUYMHA BUKOpUCTaHHS mon-¢insrpa. KonaeHcanis Biag quxaHHS
MOXXE€ BUBECTU 3 JIaJly BIHTOKHUM KOHJIEHCATOPHUU MIKpOGhOH 3a
Ty’e KOPOTKHUH Jac.

30BHIIIHI NMON-(IIBTPH CIPOEKTOBaHI TAKUM YHHOM, 1100 OyTH
AKyCTUYHO HEUTPAJIbHUMH, OCOOJHMBO B IUIAHI TPAH3IEHTIB 1
4acTOTHOI BiAnoBimi. OgHaK, BOHH HE € MOBHICTIO aKyCTHYHO
MPO30PUMH, OCOOIHMBO Ha Iy)Ke BHCOKMX 4acTorax. Hampuximarn,
BITpO3axHCcHa ciTka s Mikpodona U 87 3Hmxye BiAryk Ha 15 kI’
Ha 2-3 1b.

Xoua Ha pUHKY € Oararo mojenel mNomn-(QiabTpiB, JAOCUTH JIETKO
3pobutn cBiil BracHui. KymiTe BUIIMBanbHUN 0OpyY 1 MaH4OXH,
OoOpiKTe OOHY 3 MaHuiX, 00 OTpUMAaTH KBaJIpaTHUN ILIMATOK,
3aKpiniTh HOro B 0Opydyi, a MOTIM MOMICTITh MK MIKpO(OHOM 1
CITIBaKOM.

Ilopana: barato XTOo KpinuTh MOMN-(PUIBTPU JO THYYKOI «TyCsS4Oi
MHi», 10 TPUENHYETHCS JO CTIMKH, Ha SKIH TpUMA€EThCS
MikpodoH. Ilpore 3a3Buuail mpocTiiie 3akpinUTH NON-QUIBTp Ha
OKpeMiii MiKpo(OHHIN CTIHII — I 3HAYHO TOJETuIye TOYHE 1
3py4HE PO3MilIeHHs (iibTpa.

Birpozaxuctu

Ha Bigminy Big "momiB" (IpOPUBHHUX MPUTOIIOCHHX), BIUIHB BITPY
noTpedye 30BCIM 1HIIOTO MIAXOAY A0 3aXUCTy MikpodoHa. Bitep —
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random. The noise that it causes is the change in air pressure
physically moving the element or ribbon in the microphone. The
vibration of wind (which is low-frequency in nature) against the
element can be substantially stronger than the sound vibrations.
Also, the more turbulent the wind, the less you will be able to find
the null in a directional mic’s response.

Although acoustic foam only may be sufficient for omni mics in
gentle breezes, directional mics require more elaborate two-stage
windscreens. For any amount of wind, a blimp, which is much
more effective and will kill on the order of 20 to 30dB, is required.
Companies like Lightwave and Rycote make a variety of blimps
and windscreens that are frequently used for location recording.
For windsceens in general, the larger it is, the more effective it will
be. A spherical shape is best since it’s the least affected from wind
in all directions (see Figure 1.17).

TIP: A trick that’s often used on presidential outdoor speeches is to
slip a condom (use the non-lubricated ones) over the microphone
and then slip a foam windscreen over it so it’s visually acceptable.
Although the frequency response will suf er, the wind noise will be
attenuated.

Shock Mounts

Shock mounts are designed to shield the microphone from picking
up transmission noises that occur through the mic stand. Shock

1€ He IUTABHUHU MOTIK MOBITPS, a TypOyJIE€HTHE Ta XaOTUYHE SBUIIIE.
Iym, skuWii BiH CTBOpPIOE, BUHHKAE 4Yepe3 KOJIHMBAHHS THUCKY
NOBITPs, 110 (I3UYHO pyXae Karcyar abo CTPiuKy MiKpoQoHa.
Yacro cunma BITPOBUX KOJNMBaHb (K1 3a3BHYail  MaroTh
HU3bKOYACTOTHUM  XapakTep) 3HAYHO MEPEBUINYE aMIUTITYRy
3BYKOBHMX KOJHMBaHb, SIKI MU Hamaraemocs 3amnucaru. Jlo Toro x,
yuM OijibIlie TypOyIEeHTHOCTI y BITpi, TUM Ba)kue 3HAWTHU TaK 3BaHy
"MeptBYy 30HY" (null point) y miarpami crpsiMoBaHOCTI MiKpodoHa
— T100TO TOYKY, A€ MIKpodoH He crpuiimMae 3ByK. Lle cyrreBo
YCKJIa/IHIOE 3aIUC Y BIIKPUTUX YU BITPSIHUX YMOBaX.

Xouya  aKyCTMYHOI MiHM  Moxe OyTH  JOCTaTHBO  JJIs
BCECIPSAMOBAHUX MIKPO(OHIB MiJ Yac Jerkux Opu3iB, HaPSAMIICHI
MIKpopOHH  TOTpPeOyroTh  OUIbII  CKJIQJHUX  JBOETAITHUX
BITPO3axMCHUX Hakmagok. Jns Oyap-sKoi  KUIBKOCTI  BITPY

HEOOXITHUN ONiMMm, SKUA € 3HAaYHO €(QEKTUBHIMIMM 1 MOXE
3HMKyBaTu piBeHb mwymy Ha 20-30 nb. Kommanii, sik Lightwave i
Rycote, BUIOTOBISIIOTH pI3HOMAHITHI OJIIMIIK 1 BITPO3aXUCHI
HaKJIAJKH, SKi 4acTO BUKOPHCTOBYIOTbCS Il MOJbOBUX 3aITUCIB.
[Mo OinpmMil BITPO3aXUCHUM HpPUCTPIH, TO e€PEKTUBHIMIMNA BIH
oyne. Chepuuna hopma € HalKpaIow, OCKITbKA BOHA HaliMeHIIe
M1J/1a€THCS BIUIMBY BITPY 3 YCIX HaNpsMKIB (IUB. pucyHOK 1.17).

ITopana: OnHa 3 XUTPOILIB, Ky 4acTO BUKOPHCTOBYIOTH IIiJ] Yac
30BHIIIHIX TPE3UJACHTCHKUX BHCTYIIB, MONIAra€ B TOMY, 100

HaTATHYTH Ha  MIKpoQOH Tpe3epBaTUB  (BUKOPUCTOBYTE
HETyOpUKOBaHi), a TMOTIM Ha HBOTO — TMIHHY BITPO3aXHCHY
HaKIaJKy, 100 BUISAANO TPHCTOMHO. Xodya  YacTOTHA

XapaKTEepUCTHUKA JEII0 MOCTpaXKaae, piBeHb LIyMy BiJ BiTpy Oyne
3HAYHO 3HWKCHUM.

AHTHBIOpariifHi KpiruieHHs

AHTHBIOpamiifHi KpiTUIEHHS MPU3HAYEHi JJIsl TOTO, 100 3amo0irTu
nepenadi ImIymMiB  depe3 MiIKpo(OHHY CTiHKy A0 MikpodoHa.
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mounting is largely dependent on the mass of the microphone.
Large-diaphragm mics are larger in mass by nature and therefore
present a greater sensitivity to mechanical noise. Small-diaphragm
mics, on the other hand, have far less mass and therefore do not
present the sensitivity to handling noise of their larger cousins. As
a result, the shock mount used on a larger mic has to be much
looser, therefore causing the mount to be floppier and sometimes
more difficult to position (see Figure 1.18).

Basic Recording Equipment

There’s nothing more important than a clean signal path when it
comes to getting a great recording, but what exactly does that
mean? A signal path is the route that the audio signal takes from
the sound you’re trying to capture to where it’s finally recorded.
Usually that’s at least a microphone, a microphone preamplifier,
and a recorder (see Figure 3.1), but there are many variations on
the theme; for example, if you’re using a console or a DAW, there
are potentially more signal processors inserted in the path (see
Figure 3.2).

Let’s take a look at the various components that can be found in a
typical recording signal path.

The Microphone Preamplifier

Almost as important as the microphone is the microphone
preamplifier, or mic pre, mic amp, preamp, or just simply pre. This
circuit boosts the extremely small output voltage from the
microphone up to a level (called line level) that can be easily sent
around the studio to consoles, compressors, DAWSs, and tape
machines (if you still use one). Nearly every console and most
DAW interfaces have mic preamps built into them, but in most
cases the quality of this circuit isn’t nearly as high or as costly as

EdexTuBHICTh TakuX KpiMJIEeHb 3HAYHOIO MIpOI0 3aJICKHUTh Bif
Macu camoro Mikpodona. Mikpodonu 3 BeaMKOW miadparmMoro
MaloTh OLIbIIY Macy, a OTXe, i BUILY YyTJIUBICTh JO MEXaHIYHOTO
mymy. Mikpodonu 3 Masor aiagpparmoro, HaBMaKy, 3HAYHO JIETII
i MEeHII 4YyTiMBI JI0 IIyMy BiJ JOTHKY a0o pyxy. Y pe3ynbrari,
aHTHUBIOpaliiHe KpiMIeHHS Ui OUIbIIOro MikpodoHa Mae OyTH
OlnbI “BIMPHUM”, MO POOUTH Horo aemro "XUTKUM'" 1, 4acow,
CKJIQJHIIITUM Y TO3HIIOHYBaHHI (1uB. puc. 1.18).

bazose obOnamHanHs 17151 3aucy

Hemae Hi4OTr0 BaXXKJIMBIIIOIO 3a YUCTHH CUTHAJIBHHH JAHIIOT, KOJIU
HaeTecss Mpo SKICHUM 3amuc, aje 10 caMe 1€ O3Haydae?
CurHajgpHMH JIQHITIOT — 1€ MapIIpyT, SKAM IPOXOIUTH
aylloCUTHaja BiA 3BYKY, SKUMl BU Hamaraerech 3adikcyBaTH, 0
MiCLs, Ji€ BIH BpEWITI-peIIT 3amUCyeThCs. 3a3BUyail Le
HIoHalMeHIIe MiKpo(oH, MIKpO(QOHHHUI MHiAcHiIOBaY 1 peKopaep
(nuB. pucyHok 3.1), ame icHye Oarato Bapialiii Ha L0 TEMY;
HaNpHUKIaJ, SKIO0 BH BUKOPHCTOBYyeTe KOHcolb abo DAW, 1o B
CUTHAJIBHHUM JIAHIIIOT MOXYTh OyTH JIO/IaHl IHIII TIPOIECOPH
00poOKM CUTHATY (IUB. PUCYHOK 3.2).

Po3risiHemMo pi3HI KOMIIOHEHTH, SKi MOXKHA 3HAWTH y TUIIOBOMY
CUTHAJIbHOMY JIAHIIOTY IS 3aIUCYy.

MikpodoHHuU# niACUITIOBaY

Maifke Tak camMO BaXXJTUBHUM, 5K 1 caM MiKpo(oH, € MiKpo(hOHHUI
migcuioBad, abo, SK HOro mie Ha3WBaKwTh, MIC pre, mic amp,
preamp, abo mpocto pre. Lls cxema miacwiroe HaI3BHYAHO
crna0kuii BUXIIHUN curHan 3 MikpodoHa [0 piBHA (KUl
HA3WBAETHCS JIIHIKHUM PiBHEM), IIIO MOXE JIETKO TEepeIaBaTUCs B
Mexax CTyZil 10 KoHcosel, kommpecopiB, DAW abo marnitogoHis
(Km0 BHW JOCI BHKOPUCTOBY€TE iX). Maiike KO)KHa KOHCOJb 1
Oinpricts  aymiointepdeiicie g DAW  marote  BOymoBaHi




28

what’s available as an outboard piece. Also, each mic pre has its
own sound, and most engineers will select the mic pre and mic
combination as a different color to fit the instrument and music.

Why A Separate Mic Amp?

You might ask, If nearly every DAW interface and console has its
own mic amps, why use an outboard one? There’s usually only one
answer: because a dedicated unit sounds a lot better. An outboard
mic pre generally provides higher highs and lower lows (meaning it
has better frequency response), and it is clearer and cleaner. This
sound-quality improvement does come at a price. While the parts
of a typical mic amp in a console hover somewhere around $20 a
channel (if that), an outboard mic pre can cost anywhere from $100
to several thousand dollars per channel. With the increased cost
usually comes a superior design with better-quality components, as
well as a larger box to put them in (usually at least 1U high with a
standard 19-inch rack mount). As with microphones, some mic
pres are solid state, while some use a tube for their amplification,
with both methods capable of doing the job well but ultimately
sounding different because of the inherent sound of the components
as well as the design that each demands.

Vintage Mic Pres

They just don’t make them like they used to. At least that’s what a
lot of engineers think when selecting a mic pre. There’s a sound to
these units that’s been difficult to duplicate in modern gear, except
in rare exceptions. Because of this philosophy, some of the most

MikpOo(OHHI MiJICUITIOBaYi, ajie B OLIBIIOCTI BHUIAKIB SKICTh ITHX
CXEM He TaKa BHCOKa W JIopora, fK y 30BHIIIHIX NpUcTpoiB. Kpim
TOTO, KOXEH TIIJICHIIIOBaY Ma€ BIIAaCHE 3BYy4YaHHs, 1 OLIBIIICTbH
3ByKOpEeXHCEpIB  miaOuparoTh  KoMmOiHalilo  MikpodoHa 1
nificuiIoBaya sIK “Kosip”, 10 Macye 10 KOHKPETHOTO iHCTPYMEHTY
91 MY3HUKH.

Hagimo okpemuii MikpohoHHUI MiacHIIOBay?

Bu moxere 3anmurtaru: AKmo Maibke kokeH iHTepdeiic DAW abo
KOHCOJIb Y€ Ma€ BJIAacHI MIKpO(OHHI MiJCHIIOBayi, TO HAaBiIO
BHUKOPHCTOBYBAaTH 30BHIIIHIN npucTpiii? Binnosiab 3a3Buyail ogHa:
TOMY IO CIeliali30BaHUi NPUCTPI 3BYUYUTh 3HAYHO Kpalle.
30BHINIHINA MIKpO(OHHMI MiJICKUIIOBayY 3a3BUYail 3a0e3nedye BUILI
BUCOKI YaCTOTH Ta HWX4l HU3bKI (TOOTO Mae€ Kpaily YacTOTHY
XapaKTEePUCTUKY ), 3ByUUTh siCHIIIE i yucTiue. [IpoTe nokpaiients
SKOCTI 3BYYaHHS Ma€ CBOIO LiHY. SIKIIO BapTiCThb KOMIIOHEHTIB
TUIMIOBOTO  MIKpPO(OHHOTO MiJCHIIOBaYa Yy KOHCOJNI CKJIaJae
npubmu3Ho $20 3a kaHan (a00 HAaBITH MEHIIE), TO 30BHIIIHIN
migcuroBad Moxe Korrysat Bifg $100 10 KiIBKOX THCSY J0JIapiB.
Buia BapticTh 3a3BHuail 03Ha4a€e OibII JOCKOHATY KOHCTPYKIIIO
3 KpaluMH KOMIIOHEHTaMHM, a TaKOXK OUTBIINN KOpMycC (3a3BHUYAi
npuHaiimai 1U (43,7 MM) 3aBBUIIKM 31 CTaHJAApTHUM
19-110iiMOBUM pEKOBUM KpiIJIeHHsAM). Sk 1 MiKpodoHH, IesKi
HiJCUIIOBaYl € TPAH3UCTOPHUMM, a JEsIKI BUKOPUCTOBYIOTh JIAMITY
JUISL TACWICHHS — OO0WABa MIAXOIU 00pe BHUKOHYIOTH CBOIO
poOoTy, ane 3BydYaTh MO-PI3HOMY uepe3 MpHUTaMaHHI 0COOIMBOCTI
KOMITOHEHTIB 1 BIATIOBIIHI KOHCTPYKTHUBHI PIIIEHHS.

BinTaxkni MikpodoHHI miAcHIIOBaY1

3apa3 yxe He poOisATh Tak, K KOJIUCh. [IpuHAiiMHI Tak BBa)kae

06arato  3BYKOpEXKHCEpPIB, KOIM  OOHMpalOTh  MIKpOGOHHUU
MiCHIIOBad. Y TaKuX MPHUCTPOIB € XapaKTepHE 3BYyYaHHS, SKE
CKJIAJTHO BIJATBOPUTH B Cy4acHOMY OOJIaJIHAHHI — 3a BHUHSTKOM
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desirable mic amps were made in the *60s and are actually
cannibalized sections of recording consoles from that era. So why
does the old stuff sound different (let’s not use “better” because it’s
such a relative term) than the new? Very broadly speaking, it’s the
iron inside, meaning the transformers and inductors used routinely
on older gear that is passed over for modern electronic equivalents
because of size, weight, and cost. So why not make transformers
like they did back then? Although some companies try, the fact of
the matter is that many of these transformers were custom-made for
the particular unit and just aren’t available any more. Another
factor in the difference of sound can be attributed to the fact that
the older units used discrete (individual) electronic components
that could be properly matched to the circuit, while modern units
utilize mostly cookie cutter—type integrated circuits (a complete
circuit on a chip) to attempt to achieve the same end. Here are
some examples of vintage outboard mic preamps that are generally
held in high esteem for the sonic qualities.

Neve 1073/1081

Of all the Neve modules (and there are many), the Neve 1073 is
probably the most famous. This unit is far more than just a mic
preamp, as it’s actually a channel strip featuring both a line input
and an equalizer that was pulled from a console and reconfigured
for outboard use. The 1073 has a 3-band equalizer with fixed EQ
points and a high-pass filter. Another Neve module used often is
the 1081, which differs from the 1073 in that it has a 4-band
equalizer with two midrange bands and more frequency choices.
Through the years, Neve made a lot of variations on the above

piakicHux BumankiB. Yeped 1wme Jesdki 3 HaibakaHIIMX
MIKpOOHHUX MIACHIIOBa4YiB Oynu BHUrotoBiieHI B 60-X pokax i
(aKTHYHO € BUIYYEHHUMH CEKIISIMU CTapUX MIKIIEPHUX KOHCOJEH
Toro 4acy. To uyomy > crape oOnaJHaHHS 3BYYUTb 1HAaKILE
(yHukaiiMo cioBa “kparie”, 00 1e Ayke Cy0’€KTHBHO), Hi’K HOBE?
3arajoMm, cripaBa B «3ai3i» BcepenrHi, To0To B TpaHc(opmaTopax
1 IHAYKTOpax, SKi IIHPOKO BUKOPUCTOBYBAJIHUCS B CTapOMYy
oOnajHaHHI, aje sKI ChOTOJHI YacTO 3aMIHIOIOTH CyYaCHHUMH
CJICKTPOHHUMHU EKBIBaJCHTAMH 4Yepe3 IXHI pO3MipH, Bary i
BapTicTb. YoMy O He BUIOTOBISATH TpaHChOpMATOpu TakK, SK
panime? Xou Jeski KOMIAHIT I HamMararoTbcs, IpaBaa B TOMY, L0
Oararo 3 THX TpaHc@opmaTopiB OyiaM BUTOTOBJIEHI Ha 3aMOBJICHHS
CreliajabHO Il KOHKPETHOTO NMPHUCTPOIO, 1 Temep iX MpOCTO HEMae
B HasBHOCTI. llle oaWH YWMHHUK, 10 BIUIMBA€ HA BIIMIHHICTH Yy
3By4YaHHi, MOJSTa€ B TOMY, IO CTapi NPUCTPOI BUKOPUCTOBYBAIU
JUCKPETHI (OKpeMi) €JIeKTPOHHI KOMIIOHEHTH, sIKI MO)KHa Oyio
TOYHO MiAi0paTH MiJi KOHKPETHY CXeMy, TOJ1 SIK Cy4acHi MPUCTPOL
31e01IBIIIOT0 BUKOPUCTOBYIOTh TUIIOBHM «KOHBEEPHHUI MIiAX1T 13
BUKOPHCTAHHSIM  IHTErpajJibHUX  cXeM  (ToOTO  TOTOBOTO
€JIEKTPOHHOTO KOJa Ha MIKpOUHI), 00 JOCITTH TOMI0HOTO
pesynbrary. Ochb KidbKa NPUKIAAIB BIHTQKHUX 30BHIIIHIX
MIKpO(OHHUX MIJACUIIIOBAYIB, SKI 3a3BHYail BUCOKO LIHYIOTBHCS 3a
XHI1 3ByKOBI XapaKT€pHCTUKHU.

Neve 1073/1081

Cepen ycix moayniB Neve (a ix uumaino) monens 1073, MabyTh, €
HaiBigoMimoro. Lleil npuctpiii — 1e 3Ha4HO Oubllle, HIK MPOCTO
MIKpOOHHHMI TMIJCHIIOBAY: 1€ TOBHOI[IHHUM KaHal CMYTHU
(channel strip), o MicTUTB JIIHIHHUHA BXiJ Ta ekBajaiizep. Bin OyB
BUIYYEHUN 3 MIKIIEPHOI KOHCOJI Ta aJanTOBaHUWA s
30BHIIIHBOTO BUKOopUcTaHHs. Neve 1073 wmae TpucMmyroBuit
eKBayIaii3ep 13 (PikCOBAHMMH YaCTOTaMHM €KBami3alii Ta (QuIbTp
BepxHix yactoT. llle omuH momymsipauii momynme Neve — 1081,
akuil BiapisHAeTbes Big 1073 TuM, 1m0 Mae YOTUPUCMYTOBUI
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theme as most of their consoles were custom orders, but they all
had the same distinctive Neve sound (see Figure 3.3)

API312/512

API preamps (circa 1970) are classics, and everyone uses them if
they are available (especially on drums). They have tone that
simply cannot be duplicated by anything else, vintage or modern,
with a fat low end (due to the distortion in the old transformers)
and a clear, slightly hyped high end. Although the more modern
512 sounds very similar, the older 312’s are slightly fatter and
smoother sounding (see Figure 3.4).

Telefunken V72/V76

Consoles of the early ‘60s were vacuum tube—based, and German
Broadcast set a standard for preamp modules used in their consoles
that was copied and used all over Europe, most notably by EMI
Records in England. The Telefunken V72, V72A, V76, and V78
are the most widely used and best-loved mic amplifiers from that
period. The V72 is a dual-tube unit employing two Telefunken
EF804S tubes, while the V72A used one E180F and one 5654 tube
and had a bit more gain and output. The impossible-to-find V72S
preamps were found inside the famous EMI REDD. 17 and 37
Abbey Road consoles that were used on the Beatles’ recordings up
through The White Album. The V76/78 employs four of the
EF804S tubes and has the most gain of the series (see Figure 3.5).

eKBajaiizep i3 JBOMa CEepeIHbOUYACTOTHUMHU CMYyraMu Ta OiUTHIIUM
BuOopoM uactoT. [Iporsrom pokiB Neve crTBOproBamu 0e3mid
Bapiamiii 1mUX MOIYJIIB, OCKUIBKM OUIBIIICTh IXHIX KOHCOJIEH

BUTOTOBJSUTMCS HA 3aMOBJICHHs, ajieé BCl BOHU 30epiraiu
XapakTepHe 3By4aHHs Neve (IuB. pucyHOK 3.3).

API 312/512

[TincumoBaui APl (mpubnmzuno 1970 pik) — e Kiacuka, SKy

BHUKOPUCTOBYIOTh YCl, SIKIIIO € MOXKJIMBICTh (OCOOMMBO AJIS 3aHCy
yiapHux). BoHM MaloTh yHiKaJbHE 3BYYaHHS, SIKE HEMOXJIMBO
BIITBOPUTH JKOJHUM IHIIMM CIIOCOOOM — aHI BIHT@KHUM, aHi
Cy4acHUM. BiJg3HauaroTbCsl  LIUIBHUM, <OKUPHHUM»  HHXKHIM
Jlana3oHoOM (3aBISKH CIIOTBOPEHHSIM CTapux TpaHc(opmaropis) i
YITKHM, TPOXH MiJKPECIeHUM BepXoM. Xoua cy4yacHi Momymi 512
MalOTh JyXe CXOKe 3By4aHHs, crapimni 312 3Bywarh Jerio
«TOBCTIIIE» 1 M sAKIIIE (IUB. PUCYHOK 3.4).

Telefunken V72/V76

Konconi mouarky 60-x pokiB Oyiau moOyaoBaHI Ha BaKyyMHUX
namrmax, 1 Himenpke paniomoBnenHs (German Broadcast) 3amano
CTaHJApPT AJS MOAYJIB MEPEIIiICHICHHS, IKI BUKOPUCTOBYBAJIHCS
y iXHIX KOHCOJISIX 1 Oy/IM CKOIMIMOBaHI Ta 3aCTOCOBYBAJIUCS MO BCIi
€Bpomi, 30kpemMa Ha cryaii EMI y Benukiii Bpuranii.
HalinonynspHilmuMu Ta  HaWyaOOMEHIIMMH  MIKPOQOHHHUMHU
micuioBadyamMu  Toro mnepiogy Oynaum momeni Telefunken V72,
V72A, V76 1 V78. V72 — ue paBojammoBa cxema, y SKii
BukopuctoBytoThcsi nBi jammnu Telefunken EF804S. V wmogeni
V72A BuxopuctoByBanucsa onHa jamna EI180F 1 ogna 5654, mo
3a0e3nevuyBajgo TPOXH OiNbIle MiJCUICHHS BHXITHOTO CHUTHAIY.
Hyxe pinkicHi momyni V72S Oynu BCTAaHOBICHI Y BiIOMHX
konconsx EMI REDD. 17 1 37 3i crynii Abbey Road, ski
BUKOpHCTOBYBasucs mpu 3anucax The Beatles ax mo anms6omy The
White Album. Mogeni V76/78 BHKOpPHCTOBYBajil YOTUPH JIaMITU
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Modern Mic Pres

There are many fine modern equivalents to these vintage mic amps
(some by the original manufacturers), but again, each has its own
special flavor that must be chosen to suit the microphone,
instrument, and music. There are basically two categories of
modern mic preamp: one that tries to emulate the unique sonic
character of vintage, and one that tries to provide the cleanest
amplification without adding any character (meaning distortion) at
all. Some highly thought of modern brands include the following.

Great River

Although Great River makes mic preamps in the “clean modern”
category as well, they also make the MP-2NV, which emulates the
classic circuitry and vintage sound of the Neve 1073 module. The
circuitry allows for both transformer saturation and the soft
distortion resulting from pushing the input level of the unit, just
like the real thing (see Figure 3.6).

Vintech
Vintech makes two units based on Neve classic designs: the X73

based on the Neve 1073 module and the X81, which is based on the
1081 (see Figure 3.7)

Daking

EF804S i 3abe3neuyBanu HaiOu1ble MiACUICHHS cepel yciel cepil
(mmB. pucyHok 3.5).

Cy4acai MikpohOHHI TIEpeIITiICHITIOBaY1

IcHye umMano cyyacHMX aHaJjoOriB BIHTAXKHUX MIKPO(OHHUX
MIICUIIOBAYIB  (A€sIKi BHUPOONSIOTHCS HABITh TUMH CaMUMU
KOMITaH1SIMH, 1110 CTBOPIOBAJIM OPUTiHAJIM), OJHAK KOXKEH 13 HUX Ma€
CBO€ YHIKaJlbHE 3By4YaHHs, SKE CJHiJ OOMpard BIANOBIAHO [0
MIKpoOHa, IHCTPYMEHTa Ta MY3WYHOro Marepiamxy. Y LUIOMY
Cy4acH1 NepeiICUIoBa4l MOXKHA TOAUIMTH Ha JBI KaTeropii: Ti,
[0 HaMararoThCS BiITBOPUTH YHIKaJIbHHUW 3BYKOBHU XapakTep
BIHT@)XHUX MOJEJEH, 1 Ti, 110 MparHyTh 3a0€3MeYUTH MAKCUMAJIbHO
YUCTE TIACWICHHS 0e3  Oyab-sSKoro  «xapakrtepy» (ToOTO
cnotBopenb). Cepen cydacHuUX OpeHAIB, $KI MaloOTh BHCOKY
penyTario, BapTo BIA3HAUYUTH TaKI:

Great River

Xoua xommnanis Great River BHUroToBisi€e NepeamniJICHIIOBaYl B
KaTeropii «4ucTe cydacHe 3ByYaHHS», BOHA TaKOX CTBOPIOE
mozenb MP-2NV, ska emynioe KIacM4HY CXEMOTEXHIKY Ta
BiHTa)kHE 3BY4aHHs Momyisi Neve 1073. Cxema 103BoJIsI€ AOCATaTH
HacU4eHHs TpaHchopMaTopa Ta M’SKUX FapMOHIMHUX CIOTBOPEHb
IpY MiJBUILEHH] PiBHSA BXIJHOTO CUTHANy — SIK 1 B OpUTiHAJIbHIN
Mozedni (IUB. pucyHOK 3.6).

Vintech

Komnawnist Vintech mnpomoHye paBa mpucTpoi, 3acHOBaHI Ha
kinacuuHux mozensax Neve: X73, mo 6a3yetbcs Ha mMomyni Neve
1073, ta X81, crBopeHmii 3a anamoriero 3 Neve 1081 (muB.
pucyHok 3.7).

Daking
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Daking manufactures the 52270B mic-pre/4-band equalizer, which
differs from the other units mentioned in that it emulates the mic
amp and equalizer of the famous and extremely rare Trident A
Range console (see Figure 3.8).

Universal Audio

Based on the legendary Universal Audio 610 modular vacuum tube
console, the Universal Audio 2-610 is a new version of an old
classic. The original model 610 was used on a host of ’50s and *60s
chartbusters, including hits by the Beach Boys and Frank Sinatra
(see Figure 3.9).

Hardy

The John Hardy Company manufactures and distributes
world-class microphone preamplifiers based on simple and elegant
designs. Their most popular product, the M-1 mic preamp, has
been impressing artists, engineers, and listeners around the world
since 1987. Utilizing what many call the world’s best input
transformer (the Jensen JT-16-B), best op-amp (the 990 discrete
op-amp), and the elimination of all capacitors from the signal path,
these all combine to provide the M-1’s high performance (see
Figure 3.10).

Millennia Media HV-3C

The HV-3C is an extremely wide dynamic range stereo microphone
preamplifier intended for demanding acoustic work. With more
than 12,000 channels now in use, the HV-3 is a world standard for
classical and critical acoustic music recording (see Figure 3.11).

Kommnanis Daking BupoOnsie MikpoOHHUH mNepeanicuioBad 3
YOTUPUCMYTOBUM ekBanaiizepom 52270B, sikuii BiIpi3HAETHCS Bil
IHIIMX THUM, 10 BIATBOPIOE 3BYUYaHHSI IM1JICHIIIOBayYa Ta eKBaiaiizepa
3 BiZIoMO1 Ta Haj3BHYaiHO pinkicHoi koHconi Trident A Range
(mmB. pucyHoxk 3.8).

Universal Audio

bazyrouricb Ha JsereHAapHii MOIYJAbHIM BaKyyMHO-JIaMIIOBIf
koHconi Universal Audio 610, cyuacna mozens 2-610 € HOBUM
BTIIEHHSM Ki1acuku. OpurinaibHa Moaenb 610 BUKOpUCTOBYBajacs
B Oe3iniui xiTiB 1950-60-x pokiB, 30kpema y 3amucax The Beach
Boys ta ®penka Cinarpu (auB. pucyHok 3.9).

Hardy

Kommnaniss The John Hardy Company BupoGisie 1 momumproe
MIKpO(OHHI TMEepPEeIiICHIIIOBadl CBITOBOTO KJIacy, 3aCHOBaHI Ha
IIPOCTHX i BUTOHYEHHX CXeMax. IXHill HalmomyaApHilIMiA TPOLYKT
— mnepennifacumoBady M-1, sxuit 3 1987 poky Bpakae apTHUCTIB,
IHKEHEpiB 1 chayXadiB 1O BChOMY CBITY. Y  HBOMY
BUKOPHCTOBY€ETBHCS, 33 3arajbHOI0 JIyMKOIO, HallKpamiuil BXiJTHUMN
Tpancdopmarop y cBiTi (Jensen JT-16-B), Halikparuii AMCKpETHUI
onepauidHuil migcuwmosad (990), a TakoX MOBHICTIO YCYHYTI
KOHJICHCAaTOPH 31 3BYKOBOTO TPAaKTy — YcC€ I pa3oMm 3abe3mneuye
HaWBUIY SKICTh 3By4aHHst M-1 (auB. pucyHok 3.10).

Millennia Media HV-3C
Mopens  HV-3C — ne crepeogoHiyHUN  MiKpO(hOHHUI
MEepPEeAMICHIIOBAaY 13 HAA3BUYAMHO IIUPOKUM JTUHAMIYHUM

Jiarma3oHoM, MPHU3HAYEHUH JUIs CKIAJAHOI aKyCTUYHOi poOotu. I3
morax 12 000 kaHamiB, IO BXE BHKOPHUCTOBYIOThCS, HV-3 €
CBITOBHM CTaHAAPTOM y cepi 3amuCy KIACUYHOI Ta BUCOKOTOUHIN
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Grace

This boutique audio company has built a reputation for building
ultra-reliable products that are extremely transparent. Now, with a
full product line that has grown out of their mic preamp models,
anything from Grace can truly be considered “high fidelity” (see
Figure 3.12).

500 Series Racks

Back in the 70s, Automated Processes Inc. (API) built consoles that
were modular, and these modules became so popular that even a
few other console manufacturers used them. Buy the time the 80s
rolled around, a number of engineers who loved the API sound got
the idea to build their own small racks in order to take advantage of
these great sounding modules. At first, none of these racks were
compatible, as the internal wiring of the modules was different, but
soon a standard was created to make interchangeability easy.
Hence, the 500 series rack was born (see Figure 3:13). Today a
wide variety of manufacturers make 500 series modules, and they
have become a popular way to not only save money, but to have a
variety of different types of gear available in a single portable box.
500 series racks now come from 2 to 10 space, and in almost all
cases the quality of the modules available surpasses that of most
inexpensive analog audio gear. That said, some gear does perform
better in a dedicated rack mount form (like Figure 3.12) rather than
a 500 series module. The reason is that a dedicated unit can have a
power supply specifically tailored to its performance, rather than
using the standard 500 series voltages. In most cases though, the
performance is nearly identical and the difference isn’t noticeable.
500 series modules consist predominantly of microphone preamps
and dynamics, although there are some dedicated filters, analog

aKyCTHYHIN My3uIl (IUB. pucyHOK 3.11).
Grace

IIs OytikoBa aynmiokommaHisi 3100y/a pemyTamilo BUPOOHHUKA
HAJ3BUYAllHO HaJIMHOI TEXHIKM 3 MAaKCHUMaJbHO IPO30PUM
3BydaHHsIM. HuHi, Matouu nMoBHY JiHIAKY NPOAYKTIB, sIKa BUpOCa 3
iXHIX Mozened MIKpOQOHHUX MepeArniICUIIoBaylB, Oyab-sKUl
npuctpii Big Grace crpaBeVIMBO BBAXAETHCS BHUCOKOSIKICHUM Y
maHi 3By4aHHs, T00To «hi-fi» (1uB. pucysok 3.12).

MonynsHa pama ¢opmaty 500 Series

e y 1970-x pokax xommanis Automated Processes Inc. (API)
BUTOTOBTISUIA MOAYJABHI KOHCOINI, 1 Il MOMYT CTaJd HACTIIbKU
MOMYJISIPHUMH, IO HABITh KUJbKA IHIIWX BUPOOHUKIB MOYATH iX
BukopucroByBatu. [lo 1980-x pokiB aeski iHXeHEpH, 5K Oyiau B
3axBaTi BiA 3By4yaHHs API, BUpIIMIu CTBOPUTH BJIACHI HEBEIHUKI
paMKH, 100 MaTh 3MOry BUKOPHUCTOBYBAaTH IIi MOAYJl OKpEMO.
CriouaTky 11 pamMKu Oyiau HECYMICHUMHM MDK COOOIO0 yepe3 pi3He
BHYTpIIIHE MiJKIIOUEHHS MOJYMiB, aje 3roJoM Oyl10 CTBOPEHO
CTaHJapT, KU CIPOCTUB B3a€MO3aMIHHICTh. Tak 3’sBUBCS (popmar
500 Series (nuB. pucyHok 3.13). Cporoasi BelHKa KiJIbKICTb
BUPOOHUKIB BHUIyckae Monymi ¢opmary 500 Series, 1 BOHH CTailu
HOMYJISIPHUM  CIIOCOOOM HE JIMIE 3€KOHOMUTH, aje i Maru
pi3HOMaHITHE OOJaJHaHHS B OJHOMY MOpTaTMBHOMY Kopmyci. Lli
pamku OyBaroTh Bim 2 g0 10 crioTiB, 1 Maibke B ycix BUMaAKax
SKICTh MOJYJIB 3HaYHO MEPEBUILYE SKICTh OLIBIIOCTI HEJOPOTOTO
aHaJoroBoro o6nagHaHHA. BonHowac nesike oOnmajHaHHS BCe XK
Kpaime mpairoe y GpopMari moBHOPO3MIPHOTO PEKOBOTO MPUCTPOIO
(six, Hampukiaa, Grace Ha pUCYHKY 3.12), OCKUIBKH TaM MOXKJIMBE
3aCTOCYBAaHHS CIELiaJbHO TMiAiOpaHOTO JpKepena >KWBJICHHS, Ha
BiIMiHYy BiA cranmaptHoi Hampyru ¢opmary 500 Series. [Ipote y
OUTBIIOCT] BUTIA/IKIB MPOAYKTHUBHICTD MaiKe 1IEHTHYHA, 1 PI3HULIO
BaXko ToMiTUTH. Monaymi ¢opmary 500 Series mnepeBaxkHO
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delays, distribution amplifiers, phase alignment and other more
exotic modules now on the market. Remember, virtually all of them
are analog, so trying to repeat the settings means that you have to
either write them down or take a picture (just like the old days).

Building Your Own

Like with microphones, there are a number of manufacturers that
now offer preamp and compressor build-your-own kits. If you
know how to use a soldering iron (or are willing to learn), you can
save a considerable amount of money on a great piece of gear, and
learn something from building it along the way. Companies that
offer DIY kits include Seventh Circle Audio
(seventhcircleaudio.com), Five Fish Audio (fivefishstudios.com),
DIYRE (diyrecordingequpment.com), Hairball Audio
(hairballaudio.com), JLM Audio (jlmaudio.com), Sound Skulptor
(soundskulptor.com), and Classic Audio Products (capi-gear.com).

Mic Amp Setup

Mic preamps do only one job: amplify. Therefore, they usually
have few controls, although the more expensive, exotic models
might have extra features. The two items that every pre have in
common are a Gain control (sometimes called Trim) and some type
of overload indicator. Other controls that you might see are Output
Gain, Impedance, Input Pad, Phase, Hi-Pass Filter, and more
extensive metering.

BKJIIOYAIOTh ~ MIKpOQOHHI  MEpEeAmiICHIIoOBaYl Ta JUHAMIYHI
MPOLECOPH, XO0ua Ha PUHKY 3’SBIAIOTBCS TakoX (UIBTPH,
aHAJIOTOB1 finei, pO3MOAUTRYI MiACHUIIIOBadYi, MOAydi (a3oBoro
Y3rO/KEHHS Ta 1HII OUIbII €K30TWYHI Moaymi. Bapro mam’ararw,
10 Maike BCl BOHM — aHAJOIOBI, TOMY Ui IOBTOPHOIO
HaJIalTYBaHHsS HEOOX1aHO a00 3amycyBaTH MapaMeTpu BpydHY, ab0
¢ororpacdysaTu naHeiab — AK y cTapi Jo0pi yacu.

CrBopennst BnacHoro O6naagHanHs

Sk 1 y BuUmagky 3 MiKpodOoHaMH, HHHI YHMMaJlO BHPOOHHKIB
MPONOHYIOTh Habopu JUISt CaMOCTIMHOTO CKJIAIaHHS
NEepeANiICHIIOBaYiB 1 KomIpecopiB.  SIKIIO BH  BMi€Te
KOPUCTYBaTUCh TNasuIbHUKOM (200 TOTOBI HAaBUUTHUCh), MOXKHA
CYTTEBO 3E€KOHOMHMTH Ha SKICHOMY OONaJHaHHI W BoJIHOYAC
3100yTH HOB1 3HaHHA Ta nAocBil. Komnadii, 110 HpONOHYIOTh
DIY-na6opu: Seventh Circle Audio (seventhcircleaudio.com), Five
Fish Audio (fivefishstudios.com), DIYRE
(diyrecordingequipment.com), Hairball Audio (hairballaudio.com),
JLM Audio (jlmaudio.com), Sound Skulptor (soundskulptor.com),
Classic Audio Products (capi-gear.com).

HanamryBanusa Mikpodonnoro IepeamniacuntoBaua

[lepeamiacumoBad  MiKpoOHAa BHKOHYE JHMIIE OAHY (YHKIIIO:
MIJCUJICHHST curHaiy. BiamoBigHo, 3a3BWuail BiH Mae MIHIMYM
OpraHiB KepyBaHHS, Xo4a JOpox4i abo HeCTaHIapTHI MoJeni
MOXYTh MaTu JOAaTKOBI (GyHKIIi. /IBa eneMeHTH KepyBaHHS, 5K €
B KOXXHOMY IEpEeIiICHIIoBadl — LI perynsarop nocuiaeHHs Gain
(iHomi 3BaHuil Trim) 1 IHOUKaTOp mnepeBaHTakeHHs. [lomaTkoBsi
€IEMEHTU KepyBaHHSA, SKI 1HOAI 3yCTpPIYAIOThCSA: BUXIJIHE
nocunenns (Output Gain), mepeMuKad iMIIEIaHCy, aTEHIATOp
(Input Pad), ¢aza (Phase), Bucokouactoramii ¢insrp (Hi-Pass
Filter), a Takox JeTanbpHIIIA IHIUKAIlIS PIBHS CHTHAIY.
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Primary Controls

The primary controls on a compressor are:

Gain (may be called Level or Trim) controls how much the
microphone signal is amplified. Most mic preamps have about 60
dB of gain (which amplifies the mic signal a million times), but
some have as much as 80 dB to accommodate low-output ribbon
microphones or field audio recording, where the signals captured
by the mic are extremely quiet.

Metering on a mic preamp can be something as simple as a single
indicator that signals an overload, to a full-on ladder-style LED
peak meter as found on consoles or DAWs. Many times there is a
combination, with the overload indicator at the top of the full
meter. (See below for setup tips using the metering.)

Input Pad (or attenuator) is usually a switch that attenuates the
signal from the microphone from 10 to 20 dB (it’s different for
every mic pre) to keep the preamp circuitry from overloading.

Phase changes the polarity of the microphone signal due to either a
misplaced or a mis-wired microphone. Set the switch to the
position that has the most low end. (For more on phase, see
Chapter 5, “Microphone Placement Fundamentals.”)

A high-pass filter (sometimes called low-cut) attenuates the low
frequencies at anywhere from 40Hz to 160 z to eliminate unwanted

OcHogHi Perynstopu

OCHOBHUI perymniaTop y nepeamnicuitoBadi

Gain (Moxe Takox HazuBaruch Level abo Trim) — BiamoBimae 3a
CTyMiHb  MIJCWJIEHHS  MIKpPO(QOHHOIO  CHTHaimy. birbmiicTs
MepEAINIICHIIOBaYIB MAIOTh 3amac nocwieHHs 6au3bpko 60 ab (mo
301blIy€e MIKpO(OHHUI CHUrHAN NPUOIM3HO B MUIBHOH pasiB),
Xo4a Jeski MOXyTh gaBath ax 1m0 80 nb — s pobotu 3
MiKpo(oHaMH 31 CIIAOKUM BHUXOJOM, HApPHUKIAJ CTPIUKOBUMH, a0
IUTS 3aTIHCY B IO, /1€ CUTHAJ OyBa€e HAaA3BUYAHO TUXUM.

BumiproBanHs Ha MiKpo()OHHOMY MiJICHIIIOBayYl MOXe OyTH YUMOCh
OPOCTUM  —  HANpHUKJIAJ, JIMIIE  OAHUM  IHAMKATOPOM
MepEeBaHTAXKEHHs, — a00 MOBHOI[IHHUM CBITJIOMIOHUM ITIKOBHM
1HIMKAaTOPOM «IpaOMHYACTOro» THILY, K Y MIKIIEPHUX KOHCOJSX
gy nu¢poBux aymiocranuiix (DAW). Yacro 3ycrpiuaerscs
KOMOIHOBaHMH  BapiaHT, J€  IHJUKAToOp  IEpEeBaHTAKEHHS
pO3TalllOBaHUI y BEpXHIN 4aCTHUHI IOBHOI HIKAJIH.

(IuB. HIK4Ye mMopaaM OO HANAIUTYBAaHHS 13 BUKOPHCTAHHSIM
1HIUKATOPIB. )

Input Pad (aGo arentoarop) — 1€ 3a3BUYall MepeMUKay, SKUI
nocnabmoe curHan 3 Mikpopona Ha 10-20 b (y KoXHOTO
MIJCUIIIOBa4Ya MO-Pi3HOMY), 11100 YHUKHYTH NEPEBAHTAXKEHHS CXEM
MM CHITIOBAYA.

®aza (Phase) — s ¢yHKIS 3MiHIOE TOISPHICTH MIKPO(OHHOTO
CHTHAITy, IO MOX€ OyTH KOPHCHHM Y BHUIAJKy HENPAaBHIBLHO
po3MileHoro a0o HEeMpaBWJIBHO MiAKIOYEHOT0 MiKpodoHa.
BceraHOBITE TMepeMuKad y TIOJIOKEHHS, TPH SKOMY 3BYK Mae
HalO1bIIe HU3bKUX YacToT. ([oknagnime npo dasy nus. y Po3aini
5: «OcHOBH pO3MILICHHS MiKPO(DOHIBY.)

@inerp HWXKHIX YactoT (iHKonM  3BaHMd  low-cut  aGo
«HHU3BKOYACTOTHE O0Opi3aHHA») — e (yHKIIA, sSKa MOCIadioe
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low-frequency noise (such as truck rumble). On most preamps the
frequency is fixed, but many have a variable frequency control.

Impedance: A few mic preamps feature an Impedance control,
which is used to properly match the impedance of a microphone.
This is less important today than back in the days when audio
equipment required a precise 600- ohm load in order to operate
within specifications (from the ’40s through the *70s). Experiment
with the various settings and select the one that has the fullest
sound with the most low end.

Output: Some preamps have an additional parameter that controls
the overall output of the device; it’s usually labeled Output. This
comes in handy because it’s an additional safeguard against
distortion by allowing you to control the level going into the next
device in the signal chain. Lowering or raising the Output control
can provide the greatest signal-to-noise ratio with the least amount
of distortion. It also allows you to get different sounds from the
preamp in conjunction with the Input control. By raising the input
and lowering the output, you can intentionally introduce an amount
of distortion into the signal.

Setup Method

Here’s the best way to set up a microphone preamp, regardless of
the manufacturer or model.

1. Adjust the gain until the clip light just flashes only on the loudest
sections of the recording, then back it down until it no longer
flashes even on the loudest peaks. Adjust the output control of the

HU3bKI 9acTOTH B Aiama3oHi nmpubmusHo Big 40 ' mo 160 ' ms
YCYHEHHST HeOa)XaHOTO HH3BKOYACTOTHOTO TWIyMy (HAIPHKIIAJ,
TYPKOTIHHS BaHTaXIBOK). Y OUIBIIOCTI MiJICHIIIOBAYiB YacTOTa
¢inpTpa (ikcoBaHa, aje Oarato Moeied MarTh PEryIbOBaHHI
KOHTPOITb YaCTOTH.

Imnenanc (Impedance) — nesiki MikpoOHHI MiJICHIIIOBadl MAlOTh
peryisTop IMIIEHAaHCy, SKAH BUKOPHUCTOBYETHCS JUISI TOYHOTO
MOTO/KEHHS 3 iMmenaHcoM MikpodoHa. CbhOrofHi 1€ Mae MEHIIe
3HAYEHHS, HIK Yy Tl 4acH, KOJIU BCs ayJ10TEXHIKa BUMaraja TOYHOTO
HaBaHTaxeHHs B 600 OM 111 poOOTH BIAMOBIIHO 0 crierudikariii
(mpubnuzno 3 40-x mo 70-t1 poku XX ct.). Ekcniepumentyiite 3
PI3HUMH HaJIAIITYBaHHSAMU 1 BUOUpalTe Te, sIKe Jja€ HAUMOBHILIHNIMA
3BYK 13 MAaKCHMaJIbHOIO INIMOMHOIO B HU3AX.

Buxin (Output): nmesxi mnepenmiIcuiIoBadi MaiTh JOJATKOBHI
napameTp, KU Kepye 3arajlbHUM BUXIJIHUM PiBHEM HPUCTPOIO —
3a3Bu4ail BiH no3HaueHuil sk Output. Lle nyxe 3pydHO, OCKUIBKU
3a0e3neyye JOAAaTKOBUI 3aXMCT BiJ NEPEBAHTAKEHHA: MOXKHA
KOHTPOJIIOBaTH pIBEHb CHUTHAy, 10 TMOAAETHCS HA HACTYNHUUI
NPUCTPIA Yy CUTHaJIBHOMY JaHIto31. Perymoroun Output, MokHa

JOCSATTH  MAaKCUMaJbHOTO  CIIBBIJIHOIIEHHS  CUTHAJ/IIyM 3
MiHIMaJbHUMH CIIOTBOPEHHSIMH. TakoX MOXKHA €KCIIEPUMEHTYBATH
31  3By4YaHHSAM [epeanifCcuiioBada, KOMOIHyOUM  Horo 3

perynsitopoM Input: MiABUIIMBIIM BXiIHUIM piBEHb 1 3HHU3MBIIU
BUXI1JTHUI, MOYXHA HABMHICHO BHECTH JIETKE CIIOTBOPEHHS B CHTHAJL.

Meron HanamryBaHnHs

Och  yHIBepcalbHUH METOJ  HAJAMTYBaHHS MiKpO(OHHOTO
MepeniACHIIOBaYa, HE3aleKHO BiJ] BUPOOHHUKA YU MOZEII:

1. Hanamryiite Gain tak, mo6 iHaukatop nepeBaHTaxeHHs (clip
light) 3aropsiBcsi numie Ha HAWTY4YHIIUX (parMEeHTaxX 3ammcy, a
noTiM 3MeHIIiTs (Gain, MOKU 1HAMKATOp HE TepecTaHe CBITUTUCH
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preamp so that the meter reading on the following device (probably
the DAW) is in the -6 to -10dB range. If the preamp doesn’t have
an output control, adjust the gain control until the following
device’s meter is in the -6 to -10dB range. This gives you the best
combination of low noise with the least distortion (unless of course
you like distortion, in which case you want the overload indicator
to remain on most of the time). If you set the gain of the mic amp
too low, you might have to raise the gain at another place in the
signal chain, which can raise the noise to unacceptable limits.

2. If the input signal is so hot that the overload indicator lights even
if the gain control is turned all the way down, select the input pad if
the unit has one. Now increase the gain control back to just before
the overload lights, as described in Step 1. Even if the gain control
is set low but not completely off, you still might want to insert the
pad and readjust the gain control to be certain that it will not
overload, and to give you more precise control over the gain.

TIP: If the preamp doesn’t have a built-in input pad, you have to
resort to what’s known as an inline pad, which is inserted at the end
of the microphone cable (see Figure 3.14).

3. If the preamp has an output control, set it so that the next
processor in line is not overloading. You can also use the
combination of the gain and output controls to get different sounds
from the preamp. A setup as described above will provide a clean
sound, while a setting with a high input gain and a low output gain
will provide a more aggressive sound.

HaBiTh Ha mikax. [loTiM BifgperymioiiTe BuxigHui piBeHb Output
TaK, 1100 piBEHb CUTHAIy Ha HACTYIHOMY NMPHUCTPOI (HalIpUKIA, Y
DAW) 3HaxomuBcs B jmiamazoHi Big -6 jgo -10 ab. fkmo
MepeANmiICHIIOBaY HE Mae okpemoro peryiastopa Output, TO
perymoiite Gain A0 AOCATHEHHS LBOTO piBHA. Takwii miaxina
3a0e3nevye HailKkpallle MO€IHAHHS HU3BKOTO pIBHSA IIyMy Ta
MiHIMaJbHUX CIOTBOPEHb (SIKIIO BH, 3BICHO, HE IIyKAaeTe
CIIOTBOPEHHSA TOMl  HAaBMaKW, 3alMIIAUTe  IHAUKATOP
MEPEeBAHTAKEHHS YBIMKHEHUM OINbIIy YacTUHY 4Yacy). Skio
BctaHoBuTH (Gain 3aHAATO HHU3BKO, MOXIMBO, JOBEICThCS
KOMIICHCYBAaTH TMOCUJICHHSIM Ha IHIIOMY €Tami TPakKTy, 0 MOXe
MIJBUIIUTH PIBEHb IIYMY A0 HEOaKaHOTO PiBHS.

2. SIkmo BXIAHWM CHTHAN HACTUIBKUA TOTY)KHHH, IO 1HIUKATOP
NEPEeBAaHTAKCHHS CBITUTHCS HaBITh NpU MiHiMaibHOMY Gain,
YBIMKHITh BXigHuil areHioarop (Pad), sixmio BiH €. IloTim 3HOBY
BigperymoiTe Gain 10 piBHs, ONUCaHOro B MyHKTI 1. HaBiTh Akio
Gain BCTaHOBJIEHUH HU3bKO, ajie HE Ha MIHIMYyMI, BUKOPUCTaHHS
Pad Moxe mNOKpamMTH KOHTPOJIb HAJ piBHEM 1 3amo0irTa
MEPEeBAHTAKEHHIO.

[Topana: fxmo BOymoBanoro Pad y mepenmimcumtoBadi HeMmae,
BUKOPHCTOBYHTE 30BHIlIHIM areHtoatop (inline pad) — BiH
MIJKIIOYAEThCS HAa KiHLI MIKpO(GOHHOTO KaOemo (AMB. MaJlOHOK
3.14).

3. Sxmo migcumoBad Mae peryastop Output, BCTaHOBITH HOTO Tak,
mo0 HACTYMHUH TIPOLIECOP Yy CHUTHAIBHOMY JIAHIIO31 HE
MepeBaHTaXyBaBCcs. BU TakoK MOXETe EKCIepUMEHTYBaTH 3
koMOiHaniero perynaropiB Gain ta Output, o0 oTpumaru pi3Hi
3BYKOBI  XapaKTepUCTHKM  MiAcWiioBaya. HaBenene — Buie
HaJallTyBaHHA 3a0€3MeYnTh YUCTUN 3BYK, a KOMOIHAI[Isl BUCOKOTO
Input Gain i1 wuszpkoro Output Gain gacTe OUIBII arpecuBHE,
HAaCHYECHE 3ByYaHHS.
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4. For most recording, insert the high-pass filter (if the preamp has
one) to eliminate the low frequencies that add nothing to the
sounds that are being captured. The exceptions are instruments
such as the kick drum, floor tom, or bass, where capturing all the
low-frequency information is desirable.

5. If you are recording with multiple mics, select both positions of
the phase switch and select the one that provides the most low end.
You may hear no change at all, in which case you should leave it in
its deselected position. The same applies when there is only one
mic used on the recording.

6. If the preamp has an impedance switch, try the different
selections and choose the one with the most body and low end.

Direct Injection

Direct injection (DI or going direct) of a signal means that a
microphone is bypassed, and the instrument (always electric or
electrified) is plugged directly into the console or recording device.
This was originally done to cut down on the number of mics (and
therefore the leakage) used in a tracking session with a lot of
instruments playing simultaneously. However, a DI is now used
because it either makes the instrument sound better (as in the case
of electric keyboards) or is just easier and faster, and it performs
the duties of taking an unbalanced 1/4 inch cable and making it
compatible with a balanced XLR mic input.

4. Jlnga  OIbLIOCTI  THUMIB  3alMCy  BAapTO  aKTHBYBATH
BucokoyactoTHuil  ¢uisTp (high-pass filter) (axmo BiH € B
MiJCUITIOBaY1), 100 MpUOpaTH HU3HbKOYACTOTHI KOMIIOHEHTH, SIK1 HE
MarOTh IIHHOCTI Ui 3alUCyBaHOTO JDKepena. BuHsTKamMu €
THCTPYMEHTH, JUIS SKMX BaXKJIMBO 3aXOMUTH BECh JA1aMa30H HU3BKUX

4acToT — Takl sk Oac-6apaban (kick), Tom (floor tom) abo
Oac-ritapa.
5. Skwmio 3amuc  3OIMCHIOETBCS 3@  JOIOMOIOI0  JIEKIIBKOX

MIKpOQOHIB, MepeMHKaiiTe oOuaBa MOJIOKEHHS  (a30BOroO
nepemukada (Phase switch) 1 3amumre Te, ske qae HaHOimbHITY
KUIBKICTh HU3BKUX YacTOT. SIKIO KOAHUX 3MIH HE UyTH, 3aJTUIITE
nepeMuKady y BUMKHEHOMY IMOJiokeHHI. Te came crocyeTbcs i
BUIIAJIKIB, KOJIU BUKOPUCTOBY€ETHCS JIUIIE OAUH MIKPOQOH.

6. Sxmo y migcuimoBada € mepemukad immenancy (Impedance),
cripoOyiTe BCl TOCTYMHI BapiaHTH il 00€epiTh TOMH, MPH SKOMY 3BYK
Ma€ HalOIbIIY «ITOBHOTY» i HACHUEHICTh Y HUKHBOMY PEricTpi.

[Ipsima 11’ exuist (DI abo npsiMe niaAKIIOUEHHS)

[Ipsima iv’exuist (DI abo mpsMe MigKITIOUEHHS) CUTHANYy O3HaJae,
10 MIKpO(OH OMHHAETHCS, @ IHCTPYMEHT (3aBXKIH €IEKTPUYHUI
a00 enexTpudiKOBaHUMN) MIAKIIOUAETHCA 0€3M0CEPETHBO 10 MyIbTa
abo mpuctporo 3ammcy. CrodaTky I1ie podusocs Ajis TOro, mob
3MEHLIUTH KUIBKICTh MIKpPO(OHIB (a OTXe, 1 MepexpecHOro
MIPOHUKHEHHS 3BYKY) MiJl 4yac ceciif 3ammcy, KO OJHOYACHO Tpajio
Oararo iHcTpyMeHTiB. OmHak cboroqHi DI BUKOPHUCTOBY€ETHCS TOMY,
mo 1e abo MOKpallye 3By4aHHS IHCTPYMEHTY (SK y BUIAJAKY 3
€JIEKTPUYHUMH  KJIABIIIHUMH), ab0 € TMpoCTO 3py4HILIUM 1
mBuAmuM  cnocodoM. Kpim  toro, DI Buxonye ¢yHKIi0
MEPETBOPEHHS HEOAalaHCOBAaHOTO CHTHANYy 3  1/4-10HMOBOTO
kabemo y dopmar, cymicHuii i3 OamancoBanuM XLR-Bxomom
MIKpO(QOHa.
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Why can’t you just plug your guitar or keyboard directly into the
mic preamp without the direct box? Most preamps now have a
separate input dedicated for instruments, but there was a time when
that wasn’t the case and plugging an electric guitar (for instance)
into an XLR mic input would cause an impedance mismatch that
would change the frequency response of the instrument (although it
wouldn’t hurt anything), usually causing the high frequencies to
drop off and therefore make the instrument sound dull.

Advantages Of Direct Injection

There are a number of reasons to use direct injection when
recording:

Direct-box transformers provides ground isolation and allow long
cable runs from high-impedance sources such as guitars and
keyboards without excessive bandwidth loss.

The extremely high impedance of the DI ensures a perfect match
with every pickup to provide a warmer, more natural sound.

The length of balanced output cable can be extended to up to 50
feet without signal degradation.

Converts an unbalanced 1/4 inch output into a balanced XLR mic
input.

Direct-Box Types
There are two basic types of direct boxes: active (which can

provide gain to the audio signal and therefore needs electronics
requiring either battery or AC power) or passive (which provides

YoMy He MOXHA MPOCTO MIAKIIOYUTH TiTapy abo KiaBiaTypy
oesmocepeHbO0 A0  MIKpO(OHHOTO TEpeAmiAciIoBada 03
DI-6okcy? bBinplmicTe TNEpeamiACHIOBaYiB ChOTOAHI  MaloTh
OKpeMHH BXiJ AJi 1HCTPYMEHTIB, aje paHille 1boro He OyIo, i
MIJKTIOUEHHS.  €JIEKTPOTiTapu (HAmpUKIang) 10 MiIKpOGOHHOTO
XLR-Bxomy BuUKIMKamO O HEBIAMOBIIHICTh IMIIEIAHCIB, IIIO
3MIHIOBaJO O YacTOTHY XapaKTepUCTHUKY IHCTPYMEHTY (Xoua i He
3aBIAaBAJIO IIKOAW OOJAaJHAHHIO), 3a3BHYail MPHU3BOASYH [0
ocnalbleHHs BUCOKMX YacTOT 1, SK HACJiJOK, 10 TbMIHOIO
3By4aHHs IHCTPYMEHTA

[lepeBaru npsmoi i1’ exii (DI):

IcHye kinpka mpPUYMH BUKOPUCTOBYBATH NPAMY 1H €KIIIO Mij 4Yac
3aIucy:

Tpancdopmaropu DI-60kcy 3abe3meuyroTh rajbBaHiuHy PO3B’SI3KYy
Ta JIO3BOJISIOTH MPOKJIAAATH JOBI1 Kademl BiJ JKEpeNl 3 BUCOKHM
iMIeaHcoM (HampuKIIad, TiTap 1 KJIaBiliHUX) O0e3 CyTTEBUX BTpar y
CMY31 POy CKaHHSI.

HanmzBuuaitno Bucokmii  immenanc DI rapanTye iaeanbHe
Y3rO/KeHHS 3 OyIb-KHUM 3BYyKO3HIMadeM, 3a0e3Meuyrouu Terutiiie
1 IpUpOHiIIE 3ByYaHHS.

JlomxuHa OalaHCHOTO BHIXITHOTO Kabenmto Moke caratd ao 15
MmeTpiB (50 ¢yTiB) Oe3 BTpaTu SKOCTI CUTHAITY.

[TeperBoproe HebalaHcoBaHM BUXia 1/4 mroiima Ha GamaHCOBAHUN
XLR-Bxi7, cymicHHIA 13 MiIKpOOHHUM MEPEAINiICUITIOBAYEM.

Tumu DI-60kciB (Direct-Box Types)
Icnye nBa ocuoHi Tunu DI-6okciB (direct boxes):

aKTUBHI — 3JaTHI MJCWIIOBaTH ayliOCHUTHAJ, TOMY MAarOTh
EJIEKTPOHIKY, siIKa MOTpedye >KuBJIeHHs (Bix Oartapei abo mepexi),
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no gain and doesn’t require power). Which is better? Once again,
there are good and poor examples of each. Generally speaking, the
more you pay the higher quality they are (see Figure 3.15).

An active DI sometimes has enough gain to be able to actually
replace the mic amp and connect directly to your DAW.

You can build an excellent passive DI around the fine Jensen
transformer specially designed for the task (see
www.jensen-transformers.com for do-it-yourself instructions), but
you can buy basically the same thing from Radial Engineering in
their JDI direct box (see Figure 3.16). Also, most modern mic pres
now come with a separate DI input on a 1/4-inch guitar jack.

Direct-Box Setup

Not much setup is required to use a direct box. For the most part,
you just plug in the instrument and play. About the only thing that
you might have to set is the gain on an active box (which is usually
only a switch that provides a 10dB boost or so) or the ground
switch. Most DIs have a ground switch to reduce hum in the event
of a ground loop between the instrument and the DI. Set it to the
quietest position.

Amplifier Emulators

The amplifier emulator, which is basically a glorified active direct
box, has now been around for some time and has become a staple

MacuBHI — He 3a0e3neuyroTh MiJACUICHHS Ta HE MOTPeOyoTh
KUBJEHHS. SIkuit TN kpamuit? Sk 1 3aBX1d, BCE 3aJICKHUTh Bif
KOHKPETHOT MOJeNli — € SIK XOpOlIi, TaKk 1 MocepeaHi MPHUKIaI

o0ox TumiB. 3aramoMm, yuM aopoxunii DI-0okc, TUM BuIa HOTO
SKICTh (IUB. pUCYHOK 3.15).

AxtuBHuil DI-60KC iHOAI Mae nocTaTHIN piBEeHb MiJCUICHHS, 1100
MOBHICTIO 3aMIHUTH MIKPO(OHHUI MNIACHIIOBAY 1 MIAKIIOYATHCA
6e3nocepeaHbo A0 Bamioi U poBoi podbouoi cranmii (DAW).

Moxkna 3i0patu uynoBuil macuBHuil DI-00KC, BHKOPHUCTOBYIOUM
BHCOKOSIKICHHM TpaHchopmarop Jensen, creriaabHO po3poOiIeHuit
s i€l Metu (AuB. www.jensen-transformers.com it iHCTPYKIIii
«3pobu cam»). Ajie BH TaKOXK MOXETE MPOCTO MPUAO0ATH TOTOBUI
npuctpiid, Hanpukiaza, Radial JDI, sxuit ¢paxtuyHo moOynoBaHuit
Ha TOMY X OpuHUuUMi (AuB. pucyHok 3.16). KpiM toro, 611b1IicTh
CY4aCHUX MIKpPO(QOHHHUX MiJCUIIOBAYIB y>K€ MalOTh OKPEMHUH BXiJ
DI 3 po3’emom 1/4 aroiimu 111 MiAKJIFOYEHHSI IHCTPYMEHTIB.

HanamryBanns DI-6okcy (Direct-Box Setup)

[[lo6 BuxopuctoByBat DI-060KC, CKIaAHOTO HaNAMITyBaHHS
3a3BMuyail  He moTpiOHO. HaifyacTime JOCTaTHBO MPOCTO
MIJKIIOYATH IHCTPYMEHT 1 ModaTH rpaTv. €1uHe, 10 MOXe
3HAZI00MTUCS — II€: HaJaIITyBaHHs MiJCWIEHHS B akTUBHOMY DI
(3a3Buyail 1e mnepeMuKay, SKud 3abesneuye miacuiaeHHs Ha +10
nb), nepemukay 3azemieHHs (ground switch) — BUKOPUCTOBY€ThCS
s 3MeHIIeHHs (GoHy abo Tyiy, SKMH MOXe BHHUKATH depes
3a3eMITIOBAIbHI TETI1 MiK 1HCTpyMeHTOM 1 DI-60kcom. BeTanoBiTh
JI0TO B IIOJIOJKEHHS, ITPU SIKOMY IIIyM HalMEHILHMN.

Emynsatopu nmigcumroBadiB (Amplifier Emulators)

Emynsatop migcuiroBada — 1€, 1O CyTi, BIOCKOHAJIEHUH aKTUBHUMA
DI-60kc, skuii BXKe [OaBHO CTaB CTaHAAPTHUM IHCTPYMEHTOM
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of just about any studio (see Figure 3.17). An emulator attempts to
electronically duplicate the sound of different guitar and bass
amplifiers, speaker cabinets, and even miking schemes. The
advantages of the boxes are that they’re quick and easy, they give a
very wide tonal variation, and they provide the proper interface to
just about any analog or (in some cases) digital recording device.
While they might not sound as realistic as a properly miked
amplifier in a great studio with a terrific signal chain, they can
provide a more than adequate substitute if you don’t have any of
those pieces available.

Compressor/Limiters

A compressor/limiter is frequently inserted into the microphone
signal chain for two reasons: for dynamics control to prevent a
signal overload, or to change the tonal characteristics of the sound.

Primary Controls

The primary controls on a compressor are as follows: Threshold
sets the signal level at where the automatic gain reduction begins.
Below that level, the compressor is essentially out of the circuit and
does nothing. When the input level rises above the threshold point,
the compressor reduces the volume automatically by the amount
set by the Compression Ratio control.

Attack Time determines how quickly the volume is reduced when
the input exceeds the threshold. If set too slow, then the signal
transients won’t be acted on and an overload may occur. To catch
the transients of the signal, a faster attack time is selected. Then
again, sometimes the sound you’re looking for lets those transients

MPaKTHYHO KOXHOi cTymii (muB. pucyHok 3.17). Emymsrop
HaMaraeTbCsl €JIEKTPOHHO BIATBOPUTH 3BYK PI3HHUX TITapHUX Ta
0acoBUX MiACHIIIOBaYiB, TYYHOMOBIIIB, & TAKOXK CXEM PO3MIIIEHHS
MikpodoHiB. IlepeBarm Takux NPUCTPOIB: IMIBUIAKE Ta 3pydyHE
HiAKJIIOYEHHS, IIMPOKUNA CTIEKTp TeMOPOBUX Bapialliif, IpaBUIbHUI
iHTepdelic IS MIAKIIOYEHHS 10 MPAaKTUYHO  Oy/b-SKOTO
aHaioroBoro (a iHoAl ¥ nKU(pPOBOro) 3amMCyBaIbHOTO MPHUCTPOIO.
Xo4va 3By4aHHsI €MYJISITOpa MOXKE OyTH HE TAaKHM PeaiCTUYHUM, SIK
y 1o0pe BCTaHOBJIEHOTO Mi/ICHIIIOBAYa, 3alMCAHOTO Yepes3 sIKICHUM
JAHIIOr MIKPO(OHHOTO TPaKTy y mpodeciitHiil cTymil, BiH Bce Xk
Tak¥ € OUIBII HIX TiHOI0 aJbTEPHATUBOIO Y BHIIAJIKaX, KOJIU TaKa
CTYJis 41 00JIa/IHAHHS HEJAOCTYTIHI.

Kommpecopu/Jlimitepu (Compressor/Limiters)

Kommpecop abo niMiTep 4acTO BKJIIOYAIOTH Yy JIAHLIOT OOpOOKHU
MIKpO()OHHOTO CHUTHalIy 3 JIBOX OCHOBHMX mnpuuuH: KOHTpoib

TUHAMIKH — 100 3amo0irTd TNEepeBaHTAXEHHIO  CHUTHAIY,
@®opMyBaHHS TOHY — IOO 3MIHMTH TEMOPOBI XapaKTEPUCTUKU
3BYKY.

OcHosHi perynsitopu (Primary Controls)

Threshold (mopir cnpanpoByBaHHS): BCTAHOBIIIOE PIBEHb CUTHAIY,
micyIs SIKOrO AaBTOMATHYHE 3MEHIIEeHHs I'ydHocTi (gain reduction)
no4ynHae NisTH. Hukde mboro piBHS KOMIIPECOP HE aKTHUBYETHCS.
SIK TUNBKM BXIIHUM CHUTHaJ NEpeBUILYyE BCTaHOBJIEHUH MOPIT,
KOMIIDECOP ~ aBTOMAaTHMYHO  3HM)KY€E  TY4YHICTh  3TIHO 3
HaJAIITyBaHHAM KOe(illi€HTa CTUCHEHHS.

Attack Time (4ac aTaku): BU3Ha4a€e, HACKUIBKY IIBUIKO KOMIIPECOP
3MEHUIY€ TYYHICTh MICJSI IEPEBUILIEHHS MOPOTrOBOrO piBHSA. fKIIO
araka 3aHaJTO TMOBUTbHA, KOPOTKI MIKM CUTHANy (TpaH3IEHTH) HE
OyIyTh CTHCHYTI i1 MOXe cTaTucs nepeBanTtaxents. 1106 ymosutu
1l TpaH31€HTH, OOUPaAIOTh KOPOTKHM Yac aTaku. Ajie iHOI OakaHUI
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through on purpose.

Release Time determines how quickly the volume returns to
normal after being reduced. If set too fast, this change becomes
audible as the volume quickly swings up and down (this is called
pumping or breathing). Setting the release time to fairly long (one
second or more) eliminates this.

Compression Ratio determines the amount of compression that will
occur. A setting of 1:1 (1 to 1) does nothing, except maybe color
the sound a bit due to the electronics of the compressor. A setting
of 2:1 means that if the input rises 2dB above threshold, the output
level will increase by only 1dB. A setting of 10:1 means that the
input must climb 10 dB above the threshold before the output
increases 1dB.

Side Chain: Many compressors also have an additional input called
a sidechain input, which is used for connecting other signal
processors to it (see Figure 3.18). The connected processor only
receives the signal when the compressor exceeds the threshold and
begins to compress. The side chain is often connected to an EQ to
make it into a de-esser, which will soften the loud “SSS” sounds
from a vocalist when those frequencies exceed the compressor’s
threshold, but you can connect a delay, reverb, or anything you
want to side-chain for unusual, program level-dependent effects. A
side chain isn’t needed for normal compressor operations, so many
manufacturers choose not to include it on their units.

Bypass: Most compressors, especially most of the plug-in versions,
have a Bypass control that allows you to hear the signal without

3ByK caMe TIependadae MpoOMycK TpaH3l€HTIB — 1 ToAl

BCTAHOBJTIOIOTH TIOBUTHHIIITY aTakxy.

Release Time (wyac BIAHOBJICHHS): BH3HA4a€, HACKUIBKHU IIIBHIKO
KOMIIPECOp TOBEPTa€ piBEHb TyYHOCTI A0 HOPMAJbHOIO MiCHs
CTHCHEHHsI. SIKIO BIiJHOBIICHHS HAATO IIBHIKE, II€ MOXE CTAaTH
YyTHUM Yy BUIJIAII Pi3KMX 3MiH T'y4YHOCTI — Tak 3BaHe "mamiiHr"
a6o "Opimzinr". 1l[o6 1por0 YHHKHYTH, 3a3BHYail BCTAHOBIIOIOTH
JIOBUIMIA Yac BiHOBJIEHHS (HANPUKIIA, TIOHAJ OHY CEKYHIY).

KoedirieHT cTHCHEHHs BU3HAYa€, HACKUIBKU CHJIBHO CUTHAI Oyne
ctucHytuil. Hanpuknan: HamamryBanns 1:1  o3Hadae, mo
KOMIIPECOp HE BIUIMBA€ HA T'YYHICTh, XO4a MOXXE TPOXHU 3MIHUTH
TeMOp 4epe3 eNEeKTpOHIKy mpuctporo. Ilpm 2:1, sKkmo BXigHUH
CUTHaJI MepeBUlIye Nopir Ha 2 b, BUXiqHUIA piBeHb 301IbIIUTHCS
muiie Ha 1 nb. Ipu 10:1, curnan mae nepeuiut nopir Ha 10 1b,
o0 Buxin migusscs e Ha 1 ab.

Caiiqueiin (Side Chain) barato xoMmpecopiB MarOTh J10JaTKOBUN
Bxia, 3BaHui sidechain input (BXim OIYHOTO JaHIIOra), IO
JI03BOJISIE MIJKIIIOYATH O KOMIpecopa iHIII MpOLecOpu CUTHAITY
(nuB. pucynok 3.18). Lli mporiecopu akTUBYIOThCS JIUIIIE TOA1, KOJIU
KOMIpEecOp TOYMHAE CTUCKATH CHUTHAN, TOOTO KOMM  BXiJ
nepesuiye nopir. HaiinommupeHnimie 3acTocyBaHHs cailiueiiHy —
HiAKJIIOYEHHST eKBanaiizepa, 1100 NEpeTBOPUTH KOMIpPECop Y
de-esser (ne-ecep), IKUW MOM’SKIIy€ HAATO T'YYHI IIUIUJISYl 3BYKU
"C" ta "II" y BOKami, KOJIM LI YacTOTHU MEPEBULIYIOTh MHOPIT
KoMmrmpecopa. AJsie 0 caiiiueliHy MOXKHa TIIKIIOYaTH ¥ 1HII
edeKTH — HampuKIaj, aitei abo peBepoeparlito — 100 CTBOPUTH
HE3BHYAliHI, mporpamHo-3aiexHi edekru. CaiimyeitH He €
000B’SI3KOBUM JJIsi 3BHYAiiHOI poOOTH KoMIpecopa, ToMy Oararo
BUPOOHHKIB MPOCTO HE JI0/IAI0Th HOTO y CBOI MPUCTPOI.

Oo6xix (Bypass): OUTBIIICTH KOMITPECOpPIB, OCOOIHMBO TUIATIHH,
MarTh KHOMNKY Bypass, sika 103BOJIsi€ MpOCIyXaTd CHrHaa Oe3
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any gain reduction taking place. This is useful to help you hear
how much the compressor is controlling or changing the sound, or
to make it easy to set the Output control so the compressed signal
is the same level as the uncompressed signal.

Types Of Compressors

There are four different electronic building blocks that you could
use to build an analog hardware compressor. These are: Optical: A
light bulb and a photocell are used as the main components of the
compression circuit. The time lag between the bulb and the
photocell gives it a distinctive attack and release time (such as in an
LA-2A).

FET: A field-effect transistor is used to vary the gain, which has a
much faster response than an optical circuit. (A Universal Audio
1176 is a good example.)

VCA: A voltage-controlled amplifier circuit is a product of the *80s
and has both excellent response time and much more control over
the various compression parameters. (The dbx 160 series is an
example of a VCA-type compressor, although some models didn’t
have a lot of parameter controls.)

Vari-Gain: The vari-gain compressors are sort of a catch-all
category because there are other ways to achieve compression
besides the first three (such as the Fairchild 670 and Manley
Vari-Mu).

As you would expect, each of the above has a different sound and
different compression characteristics, which is the reason why the
settings that work well on one compressor type won’t necessarily
translate to another. Modern plug-in compressors can easily
emulate any one of the above types

KOMTHOTO CTHUCHEHHs. lle KopucHO, mO00: OLIHWUTH, HACKUIBKU
KOMITpECOp 3MIHIOE 3BYK, HaJalTyBaTH piBeHb Output (BUX1a) Tak,
1100 Iy4HicTh 00pOOIEHOr0 CUTHAY BiANOBiIaIa HEOOPOOIECHOMY.

Tunu xommpecopiB (Types of Compressors)

IcHye d4oTHpM OCHOBHI THUIIM aQHAJIOTOBUX KOMIIPECOPIB, SKi
BiJIPI3HSAIOTHCA €JIEKTPOHHOIO CXEMOTEXHIKOIO: OnTuuHi
kommpecopu (Optical): ¥V xommpecii 6epyTh ydacTh JIaMIIOYKa Ta
dorocencop. Uepe3 3arpuMKy MIDK OCBITIICHHAM 1 pEakKIli€lo
doTomaTunka TakKi KOMIIPECOPU MAIOTh XapaKTEPHHUU TOBUIbHUN
yac ataku 1 BigHoBneHHs. [Ipuknan: LA-2A

FET-xomnpecopu (FET): Jns 3MIHU HiACUIICHHS
BUKOpUCTOBY€EThCs oNboBUil Tpaniuctop (FET). Taki komnpecopu
MaloTh IIBUJKY PEaKIil0 y MOPIBHAHHI 3 onTuuHuMH. [Tpuknan:
Universal Audio 1176

VCA: IlincunroBau i3 KepyBaHHSM Hampyrorw € npoaykrom 80-x
POKIB 1 Mae sK BIAMIHHUM 4Yac peakuii, Tak 1 3HaYHO OUIBIIMH
KOHTPOJIb HaJl pi3HuMU napamerpamu ctucHeHHs. (Cepia dbx 160 e
npukiaagoM kommpecopa Tumy VCA, xoua aeski Mojaenl Maiu
oOMeXeHy KUIbKICTh TapaMeTpiB AJIsl KEpyBaHHS.)

Vari-Gain: Komnpecopu 3 BapiaTUBHUM MIJCHJIEHHSM — 1€ CBOTO
pody 3arajbHa KaTeropis, OCKUIbKM ICHYIOTh W IHIII CHOCOOH
JOCSITHEHHSI KOMITpecCii, OKpIM TpbOX BHILE3rafjaHuX (HampuKiami,
Fairchild 670 ta Manley Vari-Mu).

Sk 1 chig Oyn0 O4iKyBaTH, KOXKEH 13 BUIIE3ralaHuX TUIIIB Ma€e CBOE
3ByYaHHs Ta pi3HI XapaKTePHCTUKW KOMIIpecii, uepe3 1o
HAJAIITYBaHHA, sKi J00pe TMpaiiolTh HAa OJHOMY  THIII
KOMIIpecopa, He 00O0B’SI3KOBO OyayTh €()EKTUBHHUMH Ha iHIIIOMY.
CyyacHi IJIariHU-KOMIIPECOPH MOXYTh JIETKO IMITYyBaTH Oyb-sIKHii
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Limiting

While a compressor increases the low signal levels and decreases
the loud ones to even out the dynamic range, a limiter keeps the
level from ever going much louder once it hits the threshold.
Compression and limiting are closely related, the main difference
being the setting of the ratio parameter and the application. Any
time the compression ratio is set to 10:1 or greater, the result is
considered limiting, although most true limiters have a very fast
attack time as well. A limiter is essentially a brick wall level-wise,
allowing the signal to get only to a certain point and little more
beyond. Think of it as doing the same thing as a governor that’s
sometimes used on 18-wheel trucks owned by a trucking company
to make sure that they’re not driven beyond the speed limit.

Once you hit 55 mph (or whatever the speed limit in your state is),
no matter how much more you press the gas pedal, the truck won’t
go any faster. The same theoretically occurs with a limiter. Once
you hit the predetermined level, no matter how much you try to go
beyond it, the level pretty much stays the same.

Most modern digital limiters (either hardware or software) have a
function known as look ahead, which allows the detector circuitry
to look at the signal a millisecond or two before it hits the detector
circuit in the limiter. This means that the limiter acts extremely fast
and just about eliminates any overshoot of the predetermined level,
which can be a problem with analog limiters because they react
much more slowly to transients. Limiting is used a lot in sound
reinforcement for speaker protection (there are limiters on some
powered studio monitors as well), but also during recording. Many

13 LIUX THIIIB.

Jlimituar (Limiting)

VY TOl dYac SK KOMIIPECOp MiJICUIIOE THUX1 CUTHAJIU Ta 3MEHIIYE
T'Y4Hi, I00 BUPIBHATU AMHAMIYHUI Jiana3oH, JIMITEp HE JO3BOJISIE
CUTHAJIy CTaTH Habararo Ty4YHIIIAM TICIs JOCSITHEHHS TTOPOTOBOTO
piBusa. Kommpecis Ta iMiTyBaHHS TICHO IIOB’s3aHi, TOJIOBHA
BIIMIHHICTh — LI€ MapaMeTp CHIBBIJHOIIEHHs (ratio) Ta croci0
3actocyBaHHs. Illopa3y, KoluM CHiBBIJIHOIICHHS  KOMIIpECii
BcTaHOBJIEHO Ha piBHI 10:1 abo Oinblie, pe3ynbTaT BBaXKaeTbCs
JTIMITYBaHHSAM, X0ua OUIBLIICTh CIPaBKHIX JIIMITEPIB TAKOX MalOTh
Iy*e MBUAKUHN yac ataku. JliMiTep MO CyTl € «LEMISTHOIO CTIHOO»
3a piBHEM — BiH JI03BOJISIE CUTHAIIy JOCSATTH MEBHOI MEXi, ale
Maibke He Oimblie. YsBITh, IO BiH i€ MOAIOHO 10 OoOMeEXyBaua
MIBUAKOCTI, SKAH 1HOAI BCTAHOBIIOETHCS Ha BaHTAXXIBKaX, IO
HaJeXaTh TPAHCTIOPTHUM KOMIIAHIAM, 1100 YNEBHUTHUCS, IO BOAIT
HE TIEPEBUIIYIOTh IIBUKICTb.

Sk TinbKM BU jgocAraere 55 Muib Ha roauHy (a0o sIKOiCh 1HIIOT
JI03BOJICHOI LIBUAKOCTI y BAlllOMYy PEriOH1), HE3aJeXHO BiJl TOTO,
HACKUTPKM CWJIBHO BHM HATHCKAa€Te Ha ra3, BaHTaXIBKa He Toine
mBuame. Te & came TeOpeTUYHO BIAOYBa€ThCA 3 JIMITEpoM. Sk
TITBKA CUTHANl JOCSTae 3aJaHoro piBHS, HE3aJEeKHO BiJl TOTO,
HAaCKUIBKM BU  HaMaraerech IEpPEBUIIMTH  HOro, pIBEHb
3aIUIIAE€THCS TPAKTHYHO HE3MIHHHM.

binpuricte cydacHux 1upoBHX INIMITEpIB (SK amapaTHUX, Tak 1
MPOrpaMHUX) MaloTh (YHKIIIO, BIIOMY SIK IONEpEeaHIM aHami3
(look ahead), sika mo3Boysie cxeMi JIeTEKTOpa MOOAYUTH CUTHAT 3a
MUTICEKyHy a0o AB1 JJO TOTO, SIK BIH MOTpaIJisie A0 CaMoi CXeMHU
netekmii B mimitepi. Lle o3Hadae, mo mimiTep i€ HaA3BUYANHO
MIBUJIKO Ta TMPAKTUYHO yCyBa€ Oyab-sKe TEPEBHUILEHHS 3a1aHOTO
piBHA, 1m0 MOXe OyTH mNpoOIeMOI0 B aHAJIOTOBUX JIMITEpIB,
OCKUIBKM BOHH pearyioTh 3HAYHO TIOBUJIBHINIE HA TPaH31€HTH.
JliMiTyBaHHS HIMPOKO BUKOPHCTOBYETHCS Y 3BYKOIIJICHUIICHHI IS
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engineers will place a limiter on an instrument like drums or vocals
that has a lot of transients, just to make sure that a sudden shout or
hit doesn’t cause an overload. In this case, the amount of limiting
used is very light (maybe only a dB or two at most).

Typical Compressor/Limiters

As with microphones and preamps, the vintage units of the past are
still the most desirable. Here are a few famous models that are
frequently used during tracking.

Teletronix LA-2A

The Teletronix LA-2A is perhaps the most popular of all tube
limiters. Early LA-2As can be identified by their gray faceplate,
while later models feature a brushed aluminum face with a switch
on the back to swap between limiting and compression functions.
(In the earliest models, this was accomplished through internal
jumpers.) While not at all sonically transparent, the LA-2A
provides an airy sound (especially on vocals) heard on literally
thousands of hits. There are only three controls-an input threshold
control, a makeup gain control-, and a Comp/Limiter switch that
changes the compression ratio, but they’re quite enough to do the
job very well (see Figure 3.19).

There are numerous “clones” of the LA-2A available on the
market, as well as a reissue of the unit by Universal Audio, the
descendant of the original manufacturer.

3aXMCTy TYYHOMOBLIB (JIIMITEpU € HaBITh y JAEIKUX aKTHBHHUX
CTYNIMHUX MOHITOpax), a TaKOXK i1 9ac 3amucy. bararo iHxeHepiB
BUKOPHCTOBYIOTb JIIMITEp Ha IHCTPyMEHTAaX, TAKHX sIK OapabaHu 4u
BOKaJ, AKlI MarOTh 0araro TpPaH31€HTIB, MPOCTO 100 YHNEBHUTHCH,
10  HecmofiiBaHWiW  Kpuk abo ymap He  CHOPUYMHUTH
NepeBaHTAXKEHHS. Y I[bOMY BUINAAKY KUIBKICTH JIMITYBaHHS J1yKe
He3Ha4YHa (MOXIHBO, nuiie 1 abo 2 1b Makcumym).

Tumnosi KoMnpecopu/IimiTepu

Sk 1 3 MiKpopOHAMH Ta HEPEeAINiICHII0BaYaMH, BIHTaXHI IPUCTPOI
MUHYJIOIO JOCI 3alullaioThesl HaiOaxkaHimuMmu. Ocb KiJbKa
BIJJOMUX MOJIEJICH, K1 4aCTO BUKOPUCTOBYIOThCS Il Yac TPEKIHTY.

Teletronix LA-2A

Teletronix LA-2A, MalyTh, € HAMMOMYIAPHILINM 13 YCiX JIAMIOBUX
mimitepiB. Panni wmogenmi LA-2A MoxkHa BHI3HaTu 3a CIpUM
NEepeAHIM LIUTKOM, y TOM yac SIK Mi3HIII MOJAEIl MaloTh MaTOBUH
QJTIOMIHIEBUM IIUTOK 13 TEpeMUKadeM Ha 3aiHId TaHeml s
BUOOpPY MK QYHKUIIMH JiMITyBaHHA Ta Kommpecii. (VY
HalpaHIIIUX MOJENSIX I€ 3IHMCHIOBAjoCs 3a  JOMOMOIOKO
BHYTpIIIHIX mNepeMudok.) Xoua LA-2A 30BCiM He € 3BYKOBO
MPO30PUM TIPUCTPOEM, BIH 3a0e3reuye TMOBITPSIHE 3BYyYaHHS
(0co0nuBO Ha BOKali), Ike MOXHA MOYYTH OyKBaJbHO HA TUCSYAX
XiTiB. € JHIIIe TPU €JIEMEHTH KEPYBAHHS — PETYJISTOP MOPOrOBOTO
BXOMy, PEryjsiTop KOMIIEHCYIOUOTO TIOCHJIEHHS 1 HepeMuKay
Comp/Limiter, o 3MiHIO€ CITIBBIIHOIICHHS CTUCHEHHS, — aJie
I[LOTO LIJIKOM JIOCTaTHbBO, 11100 BUKOHATH CBOIO CIIpaBy Ayke 100pe
(nuB. pucyHoK 3.19).

Ha punKy mocTyrHa BenuKa KUIBKICTh «KJIOHIB» LA-2A, a Takox
nepeBuIaHHsa camoro mpucTporo Bix Universal Audio — Hamagka
OpUTIHAIBHOTO BUPOOHHUKA.
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United Audio LA-3A

A favorite in the vocal chain and on guitar amplifiers, the LA-3A
was basically a solidstate LA-2A, although it has a bit more of a
midrange sound (see Figure 3.20)

UREI LA-4

The LA-4 was an improved LA-3A, with cleaner audio, a variable
ratio control, and separate input and output gain controls. Despite
its cleaner audio (or maybe because of it), the LA-4 was never as
desirable as its predecessors (see Figure 3.21).

UREI 1176

Introduced in 1967, the 1176 has become one of the most storied
pieces in audio history, being a staple in every rack in nearly every
studio since. Released in eight versions (from A to H), the earliest
1176A and B models were silver-faced with a blue stripe around
the meter and featured push-button ratio selection of 4:1, 8:1, 10:1,
20:1, as well as attack and release controls. These attack and
release controls actually work backwards, with the higher numbers
(7 1s highest clockwise) being faster than the lower numbers (see
Figure 3.22).

The original blue-stripe models were replaced by the black-face
“C” model, the 1176LN (the LN stands for low noise), which
employed low-noise circuitry encased within an epoxy module
(presumably so it couldn’t be reverse-engineered by other
companies). The next model D integrated these improvements into

United Audio LA-3A

VnroOnenuii MpUCTPid y BOKATLHOMY JIAHIIOXKKY Ta Ha TITapHHUX
migcumoBadax, LA-3A OyB, mo cCyTi, TBEpAOTIIHLHOI BEPCIEIO
LA-2A, xoya MaB TPOXU BHPA3HIIIE CEPeIHLOYACTOTHE 3ByUaHHS
(mmB. pucyHok 3.20)

UREI LA-4

LA-4 6yB ynockonaneHow Bepcieto LA-3A 3 YUCTIIIMM 3BYKOM,
3MIHHUM  CIIBBIIHOIICHHSM  KOMIIpeCii  Ta  OKpEeMHUMH
peryisiTopaMu BXiTHOTO Ta BHXimHOTO mocwieHHs. [lompu cBoe
YUCTIIIE 3By4aHHsS (a MOXJIMBO, came uyepe3 Hboro), LA-4 Hikomau
He OyB TakuM OakaHUM, K HOTO MOMNEPEAHMKH (IUB. PUCYHOK

3.21).
UREI 1176

ITpencrasnenuit y 1967 poui, 1176 cTtaB onHUM 13 Hali3HAKOBIIINX
MPUCTPOIB B iCTOPIi ayaio, OyAyyd OCHOBHUM €JIEMEHTOM Mailke
KOXKHOTO peKy B Maiike KOKHIM CTyZil 3 THX mip. byno BumyiieHo
BiciM Bepciit (Big A no H); naiipanimn mozeni 1176A ta B manu
CpiONSCTY TepenHI0 NaHeldb 13 CHHbOIO CMYTOK HAaBKOJIO
IHAMKAaTOpa 1 Majld KHONKOBUM BUOIp CIIBBIAHOIIEHHS KOMITPECII:
4:1, 8:1, 10:1, 20:1, a Takox peryasropu araku Ta pemizy. Lli
PEryJsTOpU aTaku Ta peiidy (PaKTUYHO MPAIIOIOTh Y 3BOPOTHOMY
HampsIMKy — 4YMM Bulle 3HaueHHs (7 — HaiiBume 3a

TOIMHHUKOBOIO CTPUIKOIO), TUM LIBUAIIA peakiis (AUB. PUCYHOK
3.22).

OpuriHanabHi MOJIENI 3 CHHBOIO CMYTOIO OyiM 3aMiHEHI MOJEIUIIO
«C» 3 wopHoto nepeanporo nanemo — 1176LN (LN o3nauae Low
Noise — HHM3bKHH piBEHb HIYMY), sIKa Majla MAJIOIIYMHY CXEMY,
3alakoBaHy B EMOKCHIHUA MOMynb (IMOBiIpHO, 100 3amo0irtu
3BOPOTHOMY 1H)XEHEpiHTy 3 OOKy iHmMX Kkommadii). Hactymua




47

the main circuit board. The model E, introduced in the early 1970s,
was the first to accommodate European 220V mains power with a
voltage selector on the rear panel.

The classic transformer input of the 1176 was discarded with the
model G, and the unit never had its same rich tone again as a result.
The final update, the model H, simply marked a return to a silver
faceplate.

Of all the versions, the model D or E variants are the most
desirable. The 1178 is a stereo/dual-mono version of the 1176 with
single controls for both channels.

New versions of the 1176 can now be purchased once again, since
Universal Audio has reissued the black-face model E version of the
unit, and Purple Audio has also introduced their MC77 version
based on that model as well.

TIP: One of the neat tricks with any version of 1176 is pushing in
all four ratio buttons simultaneously (sometimes called “British” or
“Nuke” mode), which changes the compression circuitry so it
increases the harmonic distortion and has a very aggressive sound.
It makes the meter go crazy, but it sure sounds cool.

Compressor/Limiter Setup

For dynamics control during recording, the compressor is usually
set to a higher compression ratio (an 8:1 or larger gain ratio) and
set so that the signal doesn’t exceed a certain level (usually just
before clipping or distortion). Usually only a few dB of
compression is added. In other cases, such as with voice-overs, the

Monenb D iHTerpyBana I1i BIOCKOHANeHHS Oe3MocepeHhO0 B
OoCHOBHY Iuiary. Monene E, mpencraBinena Ha modarky 1970-x
POKIB, cTaja MEpIIOko, SKa MIATPUMYyBala €BPOMEUCHKY HANpyTy
220 B 3aBasku nepeMuKady Hanpyry Ha 3a/Hii MaHen.

Knacuunuii Tpancopmaropuuit Bxin 1176 OyB BuiydeHHH Yy
monem G, 1 TmpHUCTpid MiCHs IbOTO BXKE HIKOIM HE MaB TOTO X
HacW4YeHOro 3BydaHHS. OCTaHHE OHOBIEHHS — Mojens H —
IPOCTO O3HAMEHYBAJO IOBEPHEHHA [0 CpiOscTOi mepenHboi
TaHedi.

3 ycix Bepcii HanbaxaHIITMMU BBaXKatoThcs mojeni D abo E. 1178
— 11Ie cTepeo/Tyan-MoHo Bepcis 1176 3 oqHuM HaOOpOM KepyBaHHS
U1 000X KaHaTiB.

Hosi Bepcii 1176 moxxnHa 3HOBY mnpuaOatu, ockiibku Universal
Audio mepeBumanu Bepcito mozeni E 3 WopHOI mMmaHemno, a
kommanisi Purple Audio Takox mpeacraBuia cBoio Bepcito MC77,
3aCHOBaHy Ha IIiil MojeTi.

ITOPAJIA: OznHuM i3 1iKaBUX TPIOKIB 13 Oy/ib-siKot0 Bepcieto 1176 €
OJTHOYACHE HATUCKAHHA BCIX YOTUPHOX KHOIOK BHOOpY
criBBiHOMIEHHS (1HOJI 1€ Ha3UBaKTh "OputancbkuM" a6o "Nuke"
PEKUMOM), 10 3MIHIOE KOMIIPECOPHY CXeMY, 30UIbIIYIOUU
TapMOHIUHI CMOTBOPEHHS 1 Ha/alo4M Jy>Ke€ arpeCHBHE 3BYyYaHHS.
Ile 3MymIye iHIZMKAaTOp METpa IIAJICHO PYyXaTHCh, alle pe3yibTar
3BYYHTD JTyXkKE KPYTO.

HanamryBanHs komnpecopa/niMitepa

Jlis KOHTPONIO JUHAMIKM TiJ Yac 3alucy KOMIIpecop 3a3BHuait
HaJallTOBYIOTh Ha BUILIUI KoedimieHT CTHUCHEHHS
(ciBBimHOIIEHHST TOcWiIeHHS 8:1 abo OunbIe) 1 BCTAaHOBIIOIOTH
TakK, 11100 CUrHaJl He IIEPEBUIIYyBaB IEBHUM piBEHb (3a3BUUall iepea
KIIIMHATOM a00 CIOTBOPEHHSM). 3a3BHYai JOMAAETHCS JIUIIE KiTbKa
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unit may be used to smooth out the differences between words and
phrases and is set to a low compression ratio (2:1 or higher but less
than 10:1) with as much as 8 or 10dB used.

There are two things that are important in setting up a compressor:
the timing of the attack and release, and the amount of
compression. Here are a few simple steps to help you set one up.
Remember: The idea is to make the compressor breathe in time
with the song.

1. Set the Threshold control until there is a few dB of compression.
The amount isn’t as important as your ability to hear it during the
initial setup.

2. Set the Ratio control to a high compression ratio (8:1 or higher)
if you want to control peaks, and a lower compression ratio (2:1 to
6:1) if you want to smooth out the dynamics. Keep in mind that the
higher the ratio is set, the more likely you will hear the compressor
working.

3. Set the attack time as slow as possible and the release time as
fast as possible. The amount of compression will drop to zero when
the controls are set this way, so increase the Threshold control until
you see compression occurring again.

4. Turn the attack faster until the instrument begins to sound a bit
dull. (This happens because you’re compressing the attack portion
of its sonic envelope.) Stop increasing the attack time at this point
and even back it off a little. Set the attack time a little faster if you
want to control the peaks, or a little slower if you want the sound of
the transients to be preserved. If you don’t like the sound when the
peaks are compressed, try another compressor.

nb cTucHeHHs. B iHIIMX BUMagkax, TAKUX SK O3BYUEHHS, IPUCTPiit
MOk€ OyTH BHUKOPHUCTAaHMH [UIsl 3DVIAQJUKYBAaHHSA pPI3HHULD MIXK
cioBaMH Ta (¢pa3aMH 1  HAJAIITOBYETbCA HA  HU3bKE
CHIBBIJIHOILIEHHSI CTUCHEHHs (2:1 abo Buie, anme menme 10:1) 3
BUKOpUCTaHHAM 10 8 un 10 nb.

€ Ba BaXJIMBMX MOMEHTH NpHU HAJAIITYBaHHI KOMIIpecopa: 4ac
aTaky 1 pemizy, a TAaKOXK KIIbKICTh CTUCHEHHsI. OCh KIJIbKa MMPOCTHX
KpPOKiB, sIKi JIOIOMOXYTh BaM HaJalITyBaTh KOMIIPECOP.
[Tam'sTaiiTe: i1es noisirae B ToMy, 11100 koMIipecop "nuxas" B TakT
IICHI.

1. Bcranosits nopir (Threshold), moku He Oyne momano kinbka ab
CTUCHCHHs. KiNbKICTh CTHCHEHHS HE TaK Ba)KJIMBa, SK Balla
3MATHICTb MOYYTH 1€ M1/ Yac MOYaTKOBOTO HANAIITYBaHHS.

2. BcranoBith criBBigHomeHnHsa (Ratio) Ha Bucoke 3HaueHHs (8:1
abo BHIIE), SIKIIO XOueTe KOHTPOJIOBATH IiKH, a00 Ha Hibk4e (2:1
o 6:1), axmio xouyeTe 3MIagUTH AuHaMiky. [lam'staiite, mo yum
BHIIICE BCTAHOBJICHE CITIBBIHOIICHHS, TUM OLIbII BUpPa3HO Oyje
9yTHO poOOTY KOMIIpecopa.

3. BcraHoBiTh yac araku (Attack) skHaWMOBUIBHIINIE 1 Yac pemnizy
(Release) axnaitmBuame. KiabkicTh CTUCHEHHS Oyzie 3HUKYBaTUCS
70 HyJs, KOJIM I MapaMeTpu HajalllTOBaHI Tak, TOMY 30UIbLITE
nopir (Threshold), moku He mobGaunTe 3HOBY CTHCHEHHSI.

4. 30inplIydTe IIBUIKICTH aTakd JO TOIO MOMEHTY, IOKHU
IHCTPYMEHT HeE MOYHE 3BYYaTd TPOXH TYyMO (1ie BiIOyBa€THCS, TOMY
10 BU CTHUCKA€ETE aTaKylody YacTHHY HOro 3BYKOBOi OOTOPTKH).
3ynuHITH 3017bIIEHHS Yacy aTaky Ha IIbOMY €Tall 1 HaBiTh TPOXH
3MEHIIITh #oro. BcTaHOBITH 4ac aTaku TPOXH INBHIIIE, SKIIO
X04YeTe KOHTPOJIIOBATH MiKH, a00 TPOXU MOBUIbHILIE, SKIIO XOUeTe
30eperT 3By4YaHHS TpPaH3IEHTIB. SIKIIO BaM HE TMOI00AETHCS
3By4aHHS, KOJIU MKW CTUCHYTI, CIPOOYHTE 1HIINUNA KOMITPECOP.




49

5. Adjust the release time so that the volume goes back to 90 to 100
percent normal with the pulse of the song. In other words, the
release should timed so the instrument breathes with the pulse of
the song.

SA. When in doubt, set the attack and release times to midway and
leave them there.

6. With the attack and release set, adjust the Threshold control for
the desired amount of compression or limiting.

7. Select Bypass to see whether the level has changed.
Compression or limiting should automatically decrease the output
of the unit, so adjust the Output control until the level is the same
regardless of whether the bypass is selected. Adjust the output
further if more gain is required or if the next component in the
signal path is overloading.

5. Hamamryiite wac penizy (Release), mo6 oOcsr moBepHyBCs 10
90-100% HOpMaJIbHOTO PIBHS BIAMOBIIHO [JO MYJNbCy IICHI.
[HmuMu  cmoBamu, peni3 Mae OyTHM HallalITOBaHUM Tak, 0100
IHCTpYMeEHT "nuxaB" pa3oM i3 MyJIbCOM HICHI.

SA. SIkmio He BNIEBHEHI, BCTAHOBITH Yac aTakKy 1 Peli3y Ha CepeaHe
3HAUEHHS 1 3ATUILTE TX TaM.

6. Ilicns HamamTyBaHHA aTaku 1 pemi3y, BiAperyimoire mopir
(Threshold) myst 6a’kaHO1 KITBKOCTI CTUCHEHHS a00 JIIMITYBaHHSI.

7. Bubepits Bypass, 1moO mnepeBipuTH, YU 3MIHHUBCS pIBEHb.
Komnpecis abo JiMiTyBaHHS NOBHMHHI aBTOMAaTHYHO 3HIKYBAaTH
BUXIJTHUI PiBEHb MPUCTPOIO, TOMY HAJAIMITYHTE PEryIsTOP BUXOLY
(Output), moku piBeHb HE CTaHE OJHAKOBUM, HE3aJIEKHO Bij TOTrO,
yu BUOpaHo bypass. [lomaTkoBO HajmamTyWTe BHXII, SKIIO
noTpiOHO Ounblie mocuiieHHs abo SKIIO HACTYMHUNA KOMIIOHEHT B
JIAHIIOTY CUTHAITY TIEPEBAHTAKYETHCS.
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Chapter 2.

Translation Analyses

2.1. Overview of Bobby Owsinski's book "The Recording Engineer's Handbook”

Bobby Owsinski, born in 1952, is a prominent American recording engineer, producer, musician, and
author based in Los Angeles. Known for his expertise in music recording, social media, and audio engineering,
Owsinski is the author of over 20 books, with a strong focus on surround sound mixing. His credits include
collaborations with such iconic artists as Jimi Hendrix, The Who, Pantera, Weird Al Yankovic, Willie Nelson,
Elvis Presley, Neil Young, Iron Maiden, The Ramones, and Chicago (Owsinski, B., 2021).

Growing up in Minersville, Pennsylvania, Owsinski honed his musical skills by playing the guitar and
singing in local cover bands throughout his time at school and university. He then moved to Los Angeles, where
he built a diverse portfolio as an engineer, producer, writer and arranger of music for commercials, television and
film projects. Early in his career, he collaborated with renowned artists such as Frank Zappa, The Byrds and Lou
Rawls. By the mid-1990s, he was heavily involved in the Southern Californian blues scene, collaborating with
renowned artists such as Willie Dixon, Joe Houston and Mick Taylor of the Rolling Stones.

Owsinski has contributed articles to major industry publications including Billboard, EQ, The Hollywood
Reporter, Mix, Electronic Musician, Grammy Magazine, Film & Video, Pro Sound News, and Music
Connection. In addition to his music-related publications, he is the author of Social Media Promotion for Small
Businesses and Entrepreneurs and The Cruise Vacation FAQ Book.

Among Owsinski's seminal works is The Recording Engineer's Handbook, now in its fourth edition.
Widely regarded as an industry staple, this book provides a comprehensive guide to audio recording, with a
special emphasis on modern technology and home studio setups. The latest edition includes new insights on
immersive audio, electric guitar recording techniques, and DIY microphone and mic preamp kits, making it
accessible to musicians and engineers of all skill levels.

"I am proud to announce the fully updated fourth edition of my Recording Engineer's Handbook, a
complete compilation of the best recording techniques in use today," said Bobby (Owsinski, B., 2021).

The handbook covers essential recording elements, from microphones and preamps to compressors and
digital audio workstations, and offers strategies for capturing high-quality sound on any budget. It also provides
a deep dive into miking techniques for various instruments, drum recording tips, tracking and overdubbing
strategies, and immersive audio recording techniques. Part two features interviews with legendary recording
engineers such as Al Schmitt, Eddie Kramer, and Ed Cherney, who share their approaches to producing both
classic and contemporary hits. This blend of technical know-how and professional advice has solidified
Owsinski's work as a comprehensive resource for the evolving world of audio recording.

The Recording Engineer's Handbook belongs to the genre of technical literature, specifically the category
of professional guides for audio engineers, musicians, producers, and others in the recording industry. According
to the Cambridge Dictionary, a handbook is “a book that contains instructions about how to do or use something
or important information about a subject”’(Cambridge dictionary, 2025). Owsinski’s work fully aligns with this
definition, as it presents a structured and methodical approach to sound recording.

Written in a practical, instructional style, the book combines a popular science tone with in-depth
technical content. It emphasizes clarity and accessibility, breaking down complex concepts for readers at various
skill levels — from novices setting up their first home studios to seasoned professionals refining their recording
techniques. Each chapter offers step-by-step guidance on essential recording elements such as microphone
placement, signal flow, and audio processing, along with practical tips on equipment selection and workflow
optimization. These features, along with interviews with top-tier engineers and coverage of contemporary
practices like immersive audio and DIY equipment, make the Handbook a quintessential example of modern
technical literature in the field of audio engineering.
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2.2. Lexical Challenges in Translating the Language of Sound: A Case Study of “The Recording
Engineer's Handbook 4th Edition” by Bobby Owsinski

In the evolving field of translation studies, the technical translation of specialised texts,
particularly in sound engineering, provides an ideal opportunity to examine the interplay between
terminology, stylistics and cognitive processing. Technical translation is not merely the transposition of
words, but rather a knowledge-transfer activity demanding a high degree of terminological accuracy
and conceptual understanding (Sager, J. C., 1993). Translation is increasingly perceived as a form of
intercultural and intersemiotic mediation, in which linguistic equivalence is merely one component of a
much broader communicative act. This shift reflects the growing recognition that meaning is
constructed through language, cultural codes, professional practices and semiotic systems that are
unique to each domain (Munday, J., 2016).

When engaging with texts such as The Recording Engineer's Handbook, which combines
technical depth with genre hybridity, translators must carefully and precisely navigate this complex
semiotic terrain. In such cases, the translator becomes more than a bilingual communicator; they must
also act as a terminologist, subject-matter interpreter and stylistic negotiator. These roles necessitate an
advanced understanding of domain-specific knowledge in both the source and target languages, as well
as an awareness of the communicative functions and stylistic expectations of the text in each language.

According to the European Master's in Translation (EMT), professional translators must possess
a variety of interdisciplinary competencies, such as thematic competence (knowledge of the subject
matter), information mining (the ability to source reliable terminology) and technological competence
(proficiency in computer-aided translation (CAT) tools and terminology management systems). In
technical domains such as audio engineering, these competencies are essential rather than optional.
Translators must be able to identify terminological variants, interpret complex signal processing
concepts and ensure stylistic coherence across multiple discourse types (e.g. instructional, anecdotal
and colloquial), while adapting the text to the cognitive and cultural expectations of the target audience
(Competence Framework, 2017).

Therefore, translating specialised texts such as Owsinski’s handbook involves more than just
finding lexical equivalents; it also involves mediating between expert knowledge systems, navigating
multimodal representations (e.g. schematics and waveform illustrations) and maintaining the pragmatic
function of the original text. In this context, translation emerges as a highly cognitive, situated activity
that draws upon a broad spectrum of skills and theoretical models to achieve communicative success
(Byrne, 2012, pp. 24-30; 115-132).

The seven lexical challenges outlined below constitute the methodological axis of the relevant
chapter of the thesis, as they comprehensively describe the main barriers to communicating the content
of professional audio engineering materials. Firstly, “Terminological Density” and “Lexical Gaps”
reflect the imbalance between the high saturation of terms and the lack of established equivalents in
Ukrainian. Secondly, polysemy, semantic shift and stylistic variation, and register shift demonstrate that
the meaning and style of signals change depending on the context and audience. Next, “Cognitive
Load” and “Audience Design” emphasise the psychological limitations of information processing for
different groups of readers, while "Tools and Resources in Terminological Research' outlines
technological tools that facilitate lexical decision-making. Finally, “Intersemiotic Challenges”, “Visual
Logic”, “Brand References”, “Cultural Knowledge” and “Localisation” highlight the need to reconcile
verbal data with graphic and marketing components. Taken together, these seven groups illustrate why
a translator must integrate lexical, cognitive and cultural competencies to achieve pragmatic adequacy
(Byrne, 2012, pp. 24-30; 115-132).

1. Terminological Density and Lexical Gaps

One of the most persistent lexical challenges in translating specialized audio engineering texts
lies in the high degree of terminological saturation. Technical terms such as phantom power, transient
response, or signal path do not exist as isolated lexical units; rather, they form intricate conceptual
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constellations deeply embedded within the epistemic culture of professional audio. These terms
encapsulate decades of technological innovation, tacit knowledge shared among professionals, and
context-specific usage that resists simple linguistic substitution. From a cognitive and terminological
standpoint, they represent "units of understanding" whose meaning is shaped by expert practice and
intertextual references across manuals, standards, and oral discourse in the field (Bowker, L., &
Pearson, J., 2002).

The translator thus encounters not only terminological density but also lexical gaps—situations
where the target language lacks an established or equally nuanced equivalent. This is especially true for
languages like Ukrainian, where terminology in certain subfields, such as studio sound recording,
remains emergent or fragmented due to historical, institutional, and technological factors. For example,
signal path may superficially translate as curnanpauit naniror, but such a rendition may fail to capture
the layered implications involving routing, processing stages, and signal integrity that the term evokes
in professional usage (Bowker, L., & Pearson, J., 2002).

Where international standardization has led to relatively stable equivalents — as in phantom
power — ¢anTomHe kuBiIeHHs—the translator benefits from consistency across domains, aided by
glossaries, product manuals, and audio engineering literature. However, even these seemingly fixed
terms may vary in connotation or usage depending on context. Greater challenges arise with
metaphorical, idiomatic, or polysemous expressions such as sweet spot, muddy, or coloration. These
terms are anchored not only in technical parameters but also in subjective auditory perception and
embodied experience—dimensions that resist rigid codification.

As Schiftner, C. notes, metaphorical language in technical and professional texts often conveys
experiential knowledge and requires interpretation rather than literal transfer (Schéffner, C., 2004).
Following Newmark P., such cases may demand a combination of communicative and semantic
translation strategiesn (Newmark P., 2008).

For example:

sweet spot — onTuManbHa MO3ULis 111 MIKpO(GOHYBaHHS

(focuses on the functional and spatial implication rather than the idiomatic flavor)
muddy — 3aaymiese abo HeJiTKe 3By9YaHHS 13 HAUTHIITKOM HUKHIX 9acTOT
(captures both the qualitative judgment and technical cause)
coloration — TemOpoBe 3abapBiieHHsT a00 3MiHA 3ByKOBOTO XapaKTepy
(preserves the metaphor while grounding it in timbral perception)

These translations reflect the application of functionalist translation theory, in which the
translator prioritizes communicative effectiveness and contextual relevance. Rather than searching for
false equivalencies, the translator must align the translation with the pragmatic function of the term in
its professional usage, aiming for cognitive resonance with the target audience (Nord, C., 2018).

Moreover, as Bowker & Pearson emphasize, domain-specific terminology operates within a
discourse community, and successful translation involves an understanding of both terminological
precision and discursive norms. This requires not only terminological research but also familiarity with
parallel texts, expert consultation, and corpus-informed strategies. In sum, translating technical texts in
audio engineering demands more than terminological substitution—it calls for a holistic interpretative
approach that bridges linguistic, conceptual, and experiential gaps (Bowker, L., & Pearson, J., 2002).

2. Polysemy and Semantic Shift

Polysemous terms — those whose meanings vary significantly across different
contexts—constitute a notable challenge in the translation of audio engineering texts. In The Recording
Engineer’s Handbook, seemingly familiar lexical items like compression, monitoring, or tracking adopt
highly specialized meanings, diverging sharply from their general-language counterparts. For instance,
compression in everyday usage may refer to reducing physical size or condensing information, whereas
in audio contexts, it denotes a dynamic processing technique used to control the amplitude range of a
signal—hence, more precisely rendered in Ukrainian as “muHamiuna kommpecis”. Similarly, monitoring
transforms from the general idea of observation to a specialized reference to “koHTpONBEHE
npociyxoByBaHHs’, denoting the real-time assessment of audio output via studio monitors. Tracking,
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instead of implying pursuit or surveillance, is recontextualized as “6ararogopikKkoBuii 3amuc”,
highlighting the process of sequential or simultaneous multi-channel recording in a DAW (Digital
Audio Workstation) environment (Evans, V., 2010).

Resolving such divergences requires more than terminological substitution — it involves
reconfiguring the conceptual frames in which these terms are embedded. This echoes Halverson’s
notion of translation as an epistemological act, wherein the translator reconstructs domain-specific
mental models from the source culture and maps them onto the target culture’s technical discourse
(Halverson, S. L., 2010).

The translator must therefore engage as “pragmatic decoding” of polysemous terminology. This
includes identifying context-specific constraints, consulting domain experts, and utilizing specialized
corpora to determine dominant usage patterns. It is particularly relevant in cases where terms exhibit
not only domain specificity but also semantic shift over time, such as headroom, which has evolved in
audio contexts from a purely electrical safety margin to a stylistically nuanced control parameter in
digital mastering workflows (Schéftner, C., 2004).

Additionally, contemporary studies in cognitive linguistics have shown that polysemy in
technical discourse often results from metaphorical extensions grounded in embodied experience. For
example, the term warmth in sound mixing evokes tactile metaphors, often linked with analog
saturation effects, and must be interpreted as “remOpoBe Temio” or “m’AKicTb 3ByyaHHs’, depending on
context (Evans, V., 2010).

In all these cases, the translator operates not simply as a language mediator but as a cultural
interpreter of expert knowledge. This requires both terminological precision and a deep understanding
of how such polysemous terms function pragmatically within the professional discourse of audio
engineers.

3. Stylistic Variation and Register Shift

Another essential challenge lies in the stylistic hybridity of Owsinski’s The Recording
Engineer s Handbook, which blends multiple textual registers — technical exposition, narrative
storytelling, and dialogic interviews—within a single volume. Such register shifts are typical of
professional discourse communities, where the transmission of expert knowledge often moves fluidly
between formal instruction and experiential commentary. For the translator, navigating these stylistic
oscillations requires a dynamic strategy, one that balances terminological rigor with discursive
authenticity (Biel, L., 2011, p. 199-211).

In the book’s formal segments, Owsinski employs scientific-technical style marked by
nominalizations, passive voice, and information-heavy syntactic structures, such as:

“The diaphragm induces voltage through movement within a magnetic field.”

A direct Ukrainian equivalent would be:

“MeMOpaHa CTBOPIOE HANPYTY B PE3YJbTaTi pyXy B MarHiTHOMY ITOJIi.”

Here, lexical accuracy and structural fidelity are paramount, as these segments serve a didactic
function and are often read in the context of training or technical instruction. Reducing syntactic
complexity in such contexts could lead to cognitive oversimplification and undermine the referential
clarity that professionals rely upon (Gile, D., 2009).

By contrast, the book’s informal sections—particularly interviews with engineers—feature
spoken discourse elements: contractions, idiomatic expressions, colloquialisms, and metaphorical
phrases grounded in studio culture. Phrases like

“Crank it until it slams”, “Dial in the perfect tone”, or “Get the mic right up in the grill” require
creative translation methods. The literal Ukrainian equivalents would fail to capture the cultural
connotations and tonal force. Instead, the translator must employ strategies such as pragmatic
equivalence, transcreation, or functional adaptation (House, J., 2015; Snell-Hornby, M., 2006).

For example

“Crank it until it slams” — IlimkpyTu 10 MakCUMaJIbHOI aTaku 3BYKY (preserves both auditory
intensity and production style)

“Dial in the perfect tone” — Touno HanamTyBaTu oTpiOHKK TeMOp (captures both precision
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and creative nuance)

“Get the mic right up in the grill” — Iligaectu MikpohoH MakCHUMaIbHO OIM3BKO /10 JKepesa
3BYKy (conveys proximity and technique without awkward literalism)

The challenge here lies not only in idiomatic translation but also in interpersonal and expressive
functions of language. These segments often establish credibility, solidarity, or informality between
practitioners, and thus must retain stylistic color without distorting professional intent (Hatim, B., &
Mason, 1., 1997).

Ultimately, the translator must adopt what Nord, C., describes as a “functionalist approach,”
modulating between semantic fidelity in formal segments and communicative equivalence in
conversational ones. This layered strategy reflects the hybrid communicative purpose of the text and
reinforces its dual role as both instructional manual and insider commentary on professional practice
(Nord, C., 2018).

4. Cognitive Load and Audience Design

Within the framework of cognitive translation models, the translator is not merely a linguistic
mediator but also a cognitive facilitator. One of their key responsibilities lies in managing the cognitive
load experienced by the target audience. This concept refers to the mental effort required to process
new or complex information — an especially pertinent issue when dealing with domain-specific
technical texts like The Recording Engineer s Handbook, where the density of unfamiliar concepts may
overwhelm non-specialist readers (Halverson, S. L., 2010; Alves & Gongalves, 2007).

Texts in the audio engineering domain frequently activate specialized knowledge
frames—cognitive schemas that presuppose familiarity with concepts such as signal routing, gain
staging, phase alignment, or microphone polar patterns. While these are second nature to trained
professionals, they may be completely opaque to lay readers, particularly in a cultural context where
professional sound engineering is a relatively niche field. As such, Ukrainian amateur or student
readers might not possess internalized schemata for interpreting phrases like “phase cancellation™ or
“pre-fader listen.”

To bridge this epistemic gap, translators can adopt explicitation strategies (adding clarifying
elements within the text) or glossing (supplying definitions via parentheses or footnotes). These
interventions align with audience design — the deliberate tailoring of discourse to the informational
needs and background knowledge of the target readers (Gutt, E.-A., 2000).

For example, the term “cardioid pattern”, while commonplace in English-language audio
discourse, is not necessarily transparent in Ukrainian:

“cardioid pattern” — kapzioigHa XapaKTepUCTHKA (CIIPSIMOBAHICTh Yy TIIMBOCTI MiKpoOHa y
dbopmMi cepris)

Such reformulations help readers visualize the concept and contextualize it within their
conceptual system. Halverson, S. L., underscores this process as reconceptualization — a necessary
recalibration of the knowledge structures activated by the source term in order to generate equivalent
activation in the target reader’s mind (Halverson, S. L., 2010; Alves & Gongalves, 2007).

These adaptive strategies also find theoretical grounding in Skopos theory, which foregrounds
the purpose (skopos) of translation in determining both strategy and form. If the target readership is
primarily composed of novice or semi-professional readers, as is often the case in the Ukrainian
context, then informative clarity and didactic transparency outweigh the imperative of strict linguistic
equivalence (Vermeer, H. J., 1989).

Moreover, translation is shaped by inferred reader models — the translator’s internal
assumptions about what the audience knows or does not know. These assumptions influence not only
lexical choices but also syntactic structure and textual organization. For instance, a sentence dense with
embedded clauses or nominalizations may be syntactically acceptable but cognitively taxing,
prompting the translator to opt for simplification or reordering (Alves and Gongalves, 2007).

Thus, audience-oriented translation in this domain demands a high degree of cognitive empathy.
The translator must act as a cognitive designer — anticipating processing difficulties, smoothing
conceptual friction, and scaffolding new knowledge through linguistically and structurally strategic
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interventions. This reflects a broader shift in translation studies: from viewing translation as textual
substitution to understanding it as knowledge mediation grounded in cognitive and communicative
pragmatics.

5. Tools and Resources in Terminological Research

In the translation of specialized texts such as The Recording Engineer s Handbook,
terminological accuracy is paramount. This requirement poses a dual challenge: ensuring consistency
across the text and aligning with established domain usage. Modern translators are no longer reliant
solely on bilingual dictionaries or ad hoc intuition; instead, they leverage a broad ecosystem of digital
and corpus-based tools to support terminological decisions. Bowker, L. underscores the value of
parallel corpora, translation memories, and terminology banks in enhancing both precision and
contextual adequacy (Bowker, L., & Pearson, J., 2002).

For example, when translating a term like “phantom power”, which has no exact colloquial
equivalent in Ukrainian, corpus-based searches across bilingual databases can reveal patterns of usage:

“phantom power” — ¢aHTOMHE KUBJIEHHS (CTaHIapTHA Harpyra kuBjaeHHs 48 B s
KOHJICHCATOPHUX MIKpO(OHiB, epenaHa yepe3 MikpohoHHUN Kabeb)

To confirm such translations, resources like IATE (Interactive Terminology for Europe),
TermCoord, or the ProZ.com multilingual glossaries can offer cross-linguistic comparisons and
community-vetted equivalents. These platforms are particularly valuable when working with
semi-standardized or evolving terminology in fast-moving fields like audio production (Sager, J. C.,
1993).

In addition to institutional databases, manufacturer manuals and product specifications from
companies such as Shure, Neumann, or Yamaha — many of which have official Ukrainian
translations—serve as high-authority reference points. For instance, Shure’s Ukrainian-language
materials often use standardized translations for technical terms such as “frequency response”
(uacToTHa XapakTepucTuka) or “off-axis rejection” (mpunIyIIeHHs 3ByKY 103a Biccto MikpodoHa),
which can then be consistently adopted by the translator.

For deeper terminological analysis, translators can use term extraction software such as Sketch
Engine to identify key domain-specific collocations and frequent noun phrases. Similarly, AntConc, a
concordance tool, allows the examination of semantic prosody — the evaluative or functional
connotations surrounding a term based on its usage context. For instance, examining how the term
“warm sound” clusters with adjectives like “natural,” “smooth,” or “vintage” can inform whether its
Ukrainian counterpart (Terie 3By4aHHs ) carries the appropriate affective tone (Bowker & Pearson,
2002).

These tools also support lexical disambiguation — a critical process in contexts where polysemy is
common. Take, for example, the English term “gain”, which may refer to preamp input level,
amplification factor, or signal strength depending on context. Without corpus-driven clarification, the
translator risks choosing a term (miacunenns vs. piBeHb curnany) that misrepresents the author’s intent
or misleads the target reader.

Ultimately, terminological research in technical translation is not a passive lookup process but
an interactive, interpretive act. Translators must triangulate between source usage, domain conventions,
and target-language expectations. They must also evaluate whether a given term should be
domesticated (naturalized into the TL context) or foreignized (retaining SL specificity)—a decision
often guided by the functionalist framework and audience knowledge, as discussed in Vermeer’s
Skopos theory (Vermeer, H. J., 1989).

In sum, the use of specialized tools and resources transforms terminology selection from a
subjective decision into an evidence-based, replicable process. This aligns with contemporary
conceptions of the translator as a terminological researcher, operating at the intersection of linguistics,
technology, and subject-matter expertise (Gile, D., 2009; EMT, 2017).

6. Intersemiotic Challenges and Visual Logic

Technical texts in the field of sound engineering frequently transcend pure verbal expression,
instead relying on multimodal communication that integrates language with visual elements such as
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diagrams, schematics, screenshots, and waveform imagery. This multimodality, while enhancing
pedagogical clarity in the source context, poses significant intersemiotic translation challenges in the
target context. As defined by Perez-Gonzalez, intersemiotic translation refers to the transposition of
meaning from one semiotic system to another — e.g., from image to text or from spatial representation
to verbal description (Perez-Gonzalez, L., 2014).

In The Recording Engineer s Handbook, such instances are abundant. For example, microphone
polar pattern diagrams serve as crucial referents that depict directionality and off-axis response. While
these visual elements are often intuitive for professionals in the source culture, their meaning may not
be immediately accessible to the target audience—especially amateurs or students lacking
domain-specific visual literacy.

Therefore, supplementation with verbal explanation becomes a key translational strategy:

Kapnioigna niarpama: MakcuMalibHa Yy TAUBICT Mepes MIKpO(OHOM 1 IPUTITYIIEHHS 33aTy.

This explicit reformulation serves to reduce cognitive load and aligns with Skopos theory
principles, which prioritize the communicative function of the translation within the target culture
(Vermeer, H. J., 1989). Such interventionist strategies reflect an audience-oriented approach that
extends beyond word-for-word rendering and emphasizes accessibility of multimodal meaning.

Moreover, translators must possess not only linguistic but also graphic literacy—the capacity to
interpret visual logic and map it effectively onto verbal structures. For instance, understanding a
frequency response graph or signal flow diagram requires familiarity with both the symbolic
conventions of the discipline and the technical function of the depicted processes. Translators must
decide whether to leave such images unaltered, annotate them, or reformulate their content within the
body of the translation (Halverson, S. L. (2010).

This process is further complicated by cultural visual norms. For example, the spatial logic of
left-to-right signal flow may be intuitively grasped in Western engineering contexts, but not necessarily
so in educational environments where such visual literacy is underdeveloped. The translator thus
assumes a mediating role — not only between languages but also between epistemic frames and visual
grammars.

In some cases, multimodal content might even demand relocalization. For instance, screenshots
of digital audio workstation (DAW) interfaces in English (e.g., Pro Tools, Logic Pro) may need to be
paired with equivalent Ukrainian-language versions, or explained via captions that contextualize
specific features:

[Tapamerpu xommpecopa (Threshold, Ratio, Attack) HaBeneHO aHTITIHCHKOIO, OCKITBKH
iHTepderic mporpamMu He JIOKali30BaHHA.

Such annotations acknowledge the interlingual and intersemiotic asymmetries inherent in the
translation of software-related material and ensure functional equivalence rather than formal replication
(Halverson, S. L. (2010).

Ultimately, the process of intersemiotic translation in technical texts highlights the complexity
of the translator’s role. It requires multiliteracy, or the ability to interpret and re-express meanings
fluently across different modes, media and cognitive domains. By doing this, the translator acts not just
as a linguistic intermediary, but also as a mediator of multiple modalities, bridging the gap between
images, words, and knowledge systems across cultures.

7. Brand References, Cultural Knowledge, and Localization

One of the subtler yet strategically important challenges in translating technical texts such as
The Recording Engineers Handbook lies in the treatment of brand references and culturally embedded
artifacts. Unlike purely functional terminology, references to specific products—e.g., Shure SM57,
Neumann U87, API preamps—often carry intertextual resonance and symbolic capital within the
professional audio engineering community. As such, they function not only as technical identifiers but
also as markers of prestige, authenticity, and shared professional culture.

Preserving these references in translation is thus generally advised, especially when addressing
a target audience with partial or full exposure to international industry standards. This approach aligns
with the principles of foreignization, wherein elements of the source culture are retained to preserve
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conceptual integrity and domain authenticity. For instance, rendering Neumann U87 simply as
Neumann U87 maintains intersubjective recognition among sound engineers, who are likely to
associate this model with premium studio microphones (Venuti, L., 1995).

However, cultural localization becomes necessary when such references may elude the
cognitive frames of the target audience, particularly in regions where access to or familiarity with
specific brands is limited. In such cases, contextual amplification through glossing or appositive
explanation supports comprehension without erasing the original reference (Saldanha, G., & O’Brien,
S.,2014).

This technique aligns with the functionalist emphasis on audience design, whereby translation
decisions are calibrated to the receiver's knowledge base, expectations, and pragmatic needs. It also
reflects an adaptive form of Skopos-oriented mediation, ensuring that even unfamiliar references retain
pragmatic transparency and relevance in the target cultural environment (Nord, C., 2018).

The same logic applies to references to brands with differing market penetration in Ukraine. For
example, while Shure microphones are relatively well-known due to their widespread use in live
performance settings, niche brands such as API or Manley may require terminological
contextualization.

In these instances, the translator performs a dual role: preserving referential fidelity while
constructing shared knowledge within the target culture. This not only enhances comprehension but
also contributes to the acculturation of the target audience into global professional discourses(Hatim,
B., & Mason, 1., 1997).

Moreover, brand references in technical texts are often indexical — they serve as indirect
signals of technological lineage, design philosophy, or genre-specific conventions (e.g., the use of
Fender amps in rock music or Telefunken microphones in classical recording). Sensitivity to such
semiotic layering is crucial. A translator must be attuned to whether a reference is merely denotative
(pointing to a piece of equipment) or connotative (evoking a stylistic tradition, performance practice, or
socio-professional identity)(Snell-Hornby, M., 2006).

In particularly context-dependent cases, footnotes or marginalia may be employed to preserve
both technical specificity and cultural intelligibility, especially in academic or didactic translations:

This layered strategy ensures that translation remains not only a linguistic operation, but also a
cultural transfer — negotiating the boundaries between global professional practices and local
knowledge economies.

In conclusion, the translation of Bobby Owsinski’s The Recording Engineer’s Handbook is a
prime example of the complexities of technical and stylistic mediation in contemporary translation
practice. From handling dense terminology and metaphor to managing multimodal content and
discourse hybridity, translators must engage deeply with linguistic and domain-specific knowledge.
This case study emphasises the importance of translators developing flexible, interdisciplinary skills
based on functionalist and cognitive approaches, to guarantee technical accuracy and effective
communication in specialised fields.

2.3 Key translation techniques used for the translation of '""The Recording Engineer's Handbook”

As we know, translation involves conveying the content of the original text through the
linguistic means of another language, ensuring accuracy and adequacy (Haponenko, 2015, p. 52).
When translating texts related to sound engineering, it is important to consider not only individual
words, but also the core meaning and specialised concepts. Translators working with technical or
audiovisual material must consider linguistic differences between the source and target languages, as
well as cultural specifics and the professional mentality reflected in such texts. Appropriate translation
methods and techniques must be applied to ensure that the translated version aligns with the
conventions of the target language and is accessible to the intended audience.
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Translating The Recording Engineer s Handbook (4th edition) by Bobby Owsinski into
Ukrainian provides a valuable case study in applying contemporary translation theory to technical and
semi-specialised texts. This section discusses the rationale behind the translation techniques employed
and highlights the taxonomy developed by Molina and Hurtado Albir (2002, pp. 510-512). These
techniques were selected to ensure that the Ukrainian version is terminologically accurate, culturally
appropriate, and stylistically natural.

Given the handbook's hybrid register — combining formal technical language with practical,
often informal instruction — the translation required a balance of terminological precision, idiomatic
fluency and functional readability. Each selected technique is illustrated with examples from the
translation project and contextualised within the technical domain of audio engineering.

1. Calque
Technique Overview: Calque involves the literal translation of a compound expression by directly
translating its components.

Applied Example:

High-pass filter — @inemp sucoxux wacmom

Sound pressure level — Pigenb 36YK08020 MUCKY

Justification: Calque was used to maintain semantic transparency and structural fidelity to the
source text. These terms are composed of units that have direct and unambiguous equivalents in
Ukrainian, making calquing both precise and pedagogically effective. Following Molina & Albir
(2002, p. 509), calques are optimal when the target language allows clear transfer of both lexical and
grammatical structures.

2. Borrowing

Technique Overview: Borrowing imports a term from the source language, either in its original
form or in a naturalized version.

Applied Example:

Limiter — Jlimimep

De-esser — J[e-eccep

Justification: These are product-specific or tool-specific terms that are commonly used in the
original English even in Ukrainian professional contexts. Borrowing maintains continuity with global
terminology standards and reflects actual usage patterns in user manuals and studio environments.
Molina & Albir (2002, p. 510) note that borrowing is useful when the term has no equivalent or when it
preserves cultural and professional familiarity.

3. Literal Translation

Technique Overview: Literal translation transfers the sentence word-for-word where
grammatical structures and meaning align.

Applied Example:

The microphone is sensitive to high frequencies — Mikpogon uymauguti 00 8UCOKUX Yacmom

Justification: This translation retains both syntactic order and lexical equivalence. Literal
translation is effective here because it results in a natural and semantically coherent sentence in
Ukrainian. Molina & Albir (2002, p. 510) support this technique where it does not result in awkward or
distorted output.

4. Transposition

Technique Overview: Transposition shifts grammatical categories (e.g., noun — verb) without
altering the original meaning.

Applied Example:

High-frequency response can taper off — Ilepenaua curnany Ha BUCOKHX YaCTOTaX MOXKE
3HWKYBATHCS
Justification: English nominal constructions often sound overly complex in Ukrainian. Transposition
simplifies the structure, improves stylistic fluency, and aligns the sentence with natural Ukrainian
verbal phrasing. According to Molina & Albir (2002, p. 510), transposition is particularly valuable
when grammatical categories differ across languages.
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5. Modulation

Technique Overview: Modulation changes the perspective or cognitive category of the message
to achieve a more idiomatic result.

Applied Example:

Glue the mix together — 3pobumu mixc Oinbut YyinicHum
Sculpt the tone — CdopmyBaTh 3ByuaHHs

Justification: The original metaphors are culturally and cognitively specific. Modulation
rephrases these metaphors in a way that preserves their intended effect while adapting to Ukrainian
conceptual norms. Molina & Albir (2002, p. 510) argue that modulation is essential when a literal
translation would mislead or confuse.

6. Equivalence

Technique Overview: Equivalence replaces a phrase or expression with a functionally
equivalent one in the target language.

Applied Example:

Kick drum that punches through the mix — Bouka uimko udiniemscs 8 MiKci

Justification: The expression “punches through” conveys prominence and clarity. The Ukrainian
rendering achieves this same communicative intent using local collocational norms. Molina & Albir
(2002, p. 511) recommend equivalence especially for idiomatic or figurative content.

7. Adaptation

Technique Overview: Adaptation replaces a culture-specific element with one that is more
relatable for the target audience.

Applied Example:

Overdubbing — HaxnaneHnHs Tpekis

Look-ahead — Ilonepeone cxamysanms
Justification: These terms relate to studio-specific operations and software functionality. Direct
equivalents in Ukrainian either do not exist or lack the clarity needed. Adaptation bridges this gap by
providing intuitive, explanatory renderings. Molina & Albir (2002, p. 511) emphasize its usefulness
when cultural mismatches would hinder understanding.

8. Compensation

Technique Overview: Compensation reintroduces lost meaning or stylistic nuance in another
part of the text.

Applied Example:

Warmth — npuemne, m’sike, OKpyene 38y4aHHs.

Justification: The concept of "warmth" in audio lacks a direct Ukrainian equivalent that carries
the same technical-emotional connotation. Compensation was applied through descriptive expansion.
Molina & Albir (2002, p. 511) support this technique when direct rendering is impossible due to
linguistic limitations.

9. Amplification and Reduction

Technique Overview: Amplification adds detail not present in the original; reduction omits
superfluous information.

Applied Examples:

Proximity effect — eghexm niocunenms Hu3bKux wacmom npu OAU3LKOMY POIMIUjeHHI MIKPOPOHA
(amplification)

Dummy head binaural microphone — binaypanpamii MikpodoH (reduction)

Justification: Amplification was applied to explain a concept that might be unfamiliar to general
readers. Conversely, reduction was used to streamline overly technical expressions without losing
essential meaning. Molina & Albir (2002, p. 510) describe these as pragmatic tools for tailoring
information density.

10. Explicitation and Implicitation

Technique Overview: Explicitation introduces information assumed in the original;
implicitation removes information presumed known.
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Applied Examples:

Use EQ to sculpt the tone — Buxopucmosytime exsanauzep 0Jisi (hopmy6arHs 36YUaHH S
(explicitation)

Mic bleed can cause phase issues — I1i038yuka modwce cnpuuunumu ¢azosi npooiemu
(implicitation)

Justification: Explicitation clarified technical processes for Ukrainian readers unfamiliar with the

source terminology. Implicitation removed unnecessary repetition and relied on context to convey
meaning efficiently. Molina & Albir (2002, pp. 510-511) recommend these techniques to manage
reader expectations and streamline text flow.

In conclusion, through detailed analysis of the translation techniques applied in this project, we
can observe the dominance of four major strategies: calque, borrowing, modulation, and adaptation.
Among these, calque appears most frequently. This prevalence is due to the high concentration of
compound technical terms in the source text. Calques ensure terminological transparency and align
with established Ukrainian translation practice for scientific and technical materials.

Borrowing is also common, especially for hardware names, audio processing tools, and
interface labels, which are frequently left untranslated in real-world usage. Modulation and adaptation
are critical in passages with informal, idiomatic, or metaphorical language, such as instruction or
commentary aimed at practitioners.

The reason for the predominance of calque in technical translation lies in the need for
terminological clarity, the international character of scientific communication, and the pressure to
maintain standardization across translated and original texts. Borrowing fills lexical gaps in the target
language, while modulation and adaptation serve to resolve stylistic, pragmatic, and cultural
asymmetries between English and Ukrainian.

Ultimately, the use of a wide array of techniques—grounded in the typology of Molina and
Albir—ensured a translation that is functionally accurate, stylistically appropriate, and accessible to the
target audience. The flexibility of this approach reflects the complexity of the genre and supports the
goal of producing a technically reliable and pedagogically useful translation.
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