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1. INTRODUCTION

Congratulations on Purchasing the lvorg 5052 Stereo Valve Processor bg TL Audio!

The Ivory 2 Series consists of a range of hgbrid valve signal processors, which utilise
low noise solid state electronics in corjunction with classic valve circuitry to Produce
audio Proccssing units omcmcering very l'ﬁgl'] qualitg signal Paths with the uniquc valve
audio character. The units offer comPrehensive control facilities, whilst remaining

straighhcorwarcl to operate, and represent excellent value for money.

The 5052 is a dual channel processor with mic, line and instrument inputs, and
features a compressor, four band equaliser and Peak limiter on both channels. The
compressor, equa[iser and limiter stages can be opcratcd in ‘dual mono’ or ‘inked
stereo’ modes, making the 5052 equa”y Powcrxcul For bo’ch mono/stereo tracking and
final stereo mix Processing. A Pair of illuminated VU meters monitor the input level,
outPut Ievel, compressor gain reduction and limiter gain reduction for both channels.
The oPtional DO-2 cligital output card allows 24-bit analogue to cligi’cal conversion
via an RCA Phono ’cgpe SPDIF ou’cput, with selectable 441 or 48 kHz samplc rates

and the option to clock the converter to an external word clock source.

The block cliagram of the 5052 is shown in Figure 1. A solid state, electronica”g
balanced input amplhcier is used to achieve state of the art Per?ormance with very low
noise, low distortion and wide bandwidth. An ECC83/12AX7A triode valve stage (run
from a stabilised 150v DC supply) is used as a second stage vol’cage ampliﬁcr, to
obtain the classic valve sound and gradual overdrive characteristics. The preamp
stage also features 48v Phantom power, Phase reverse, §Od5 Pad and a high pass
90Hz filter. A Drive LED gives a visual indication of the signal level through valve
stages (arlcl thus the amount of ‘warming’ talcing P[ace) while a Peak LED warns that
cliPPing is about to occur, and this monitors the signal at keg Points in the audio

Path .

The compressor section offers Fu”y variable control of threslﬁold, ratio,
attack/release and gain make—up, and both hard and soft knee oPtions are
available. A ‘Hold’ Facilitg reduces LF distortion, and a side chain insert Point is
Provided for Frecluency conscious comPression. Like all other TL Audio
compressors, the gain control element of the 5052 compressor s’cagc is based

around a sPecial transconductance amplhcier) which avoids the use of VCAs and hclPs



contribute to the smooth, open sound of the unit, along with a triode valve stage

that forms Part of the gain make-up circuit.

A four band valve EQ stage is included, Provicling up to 15dB of cut or boost on
cach band. The LF and HF bands Provide swep’c Frequency controls with a choice of
slﬁelving or Peaking response. The LM and HM bands are Fu“g Parametric with
variable control of gain, Frequcncg and bandwidth. The ‘EQ PRE’ switch Places the
EQ ahead of the compressor in the signal Path, while the ‘EQ 5/C switch Places the
EQ entirelg in the compressor sidechain circuit, for Frequencg conscious

comPression. A triode valve stage is ]ocatecljust after the four EQ filter stages.

A Peak output limiter is included, and this is located after the output level control.
This limiter has a higlﬁ ratio and a fast attack time, making it ideal for Prevention of
overload in c]igital recorders. A threshold control is Providecl, a[ong with an LED

indication of when the limiter threshold is exceeded.

Mic and line inPuts are Proviclcd on clectronica”g balanced XLR connectors, and the
line inPut is duplicated on an unbalanced mono 0.25” jack connector. Balanced and
unbalanced line outputs are Provided (on XLR andjack resPcctivelg) and these can
be used simultaneously. The o[:)erating level of the line input can be shifted from -
10dB to +4dB (unbalancecb or +4dB to +18dB (balar\cecb via a rear Panel switch,
a”owingthe 5051 to accePt very hig"} levels - such as those from a cligital recorder. A
Pair of }’xigl‘l impcdancc front Panel instrument inputs are also Provided, thus a”owing
guitars, basses and keyboar&s to feed dircctly into the 5052, removing the need for
a separate DI box. Fina“g, balanced insert Points (located after the preamp stage
but before the Processing stages) and compressor sidechain insert Points are
featured. The former allows other external units to be Patchecl into the 5052 signaI
Path, while the latter Permits Frequencg conscious comPression to be Pencorrnecl bg

Patc"ﬁng in an external equaliser.

Please read this manual Fu”y before insta”ing or oPcrating the 5052.



2. PRECAUTIONS

The lvory 5052 rec]uires very little installation, but like all electrical equipment, care

must be taken to ensure reliable) safe oPeration. The Fo”owing Points should alwags

bC observed:

- All mains wiring, should be installed and checked bg a qualhciecl

electrician,

- Ensure the correct oPerating vo[tage is indicated on the rear Panel

before connecting to the mains suPPlg,
~ Never operate the unit with any cover remove&,

~ Do not expose to rain or moisture, as this may present an electric

S}TOC‘( hazarcl,

~ Replace the fuse with the correct ’cgpe and rating onlg.

Waming: This cc]uipmcnt must be earthed.
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3. INSTALLATION
3.1 AC Mains Supply.

The unit is fitted with an internationa”g aPProvecﬂ 3 Pin JIEC connector. A mating

socket with power cordis Provicled with the unit, wired as follows:
Brown: Live.
Blue:  Neutral.
Green/Yellow: Earth (Ground).

All mains wiring, should be Permcormecl bﬁ a qualhciecl electrician with all power switched

omcﬁ and the earth connection must be used.

Before connecting the unit to the supplg, check that the unit is set for the correct
mains voltage. The unit is interna”9 set for 110-120V 60Hz or 220-240V 50Hz
oPeration, and should onlg be clﬁanged by an authorised service centre. The mains
fuse rec]uired is 20mm anti—surge, IAT rated at 250V. If it is ever necessary to
rePIace the ?use, onlg the same tgpe and rating must be used. The power

consumPtion of the equipment is 30VA.

Warning; attemptecl oPeration on the wrong voltage setting, or with an incorrect
fuse, will invalidate the warranty.

32 Microphone lnPut.

The microp]ﬁone inPut isvia 3 Pin female XLR connector, suitable for balanced or
unbalanced microphoncs. The mating connector should be aPProPriately wired as
follows for balanced or unbalanced operation:

Balanced inPuts:

- Pin1= Ground (screen).

-Pin2= Signal Phase (also known as “+” or “hot”).



-Pin?= Signal Non-Phase (“-” or “cold”).

Unbalanced inPuts:
- Pin1= Ground (screen)
-Pin2= Signal Phase (“+” or “hot”).

-Pin3= Signal Ground.
33 Balanced Line lnput.

The 5052 has a 3 Pin XLR socket on the rear Pancl, which will accept both balanced
and unbalanced line level inputs‘ The mating connector should be aPProPriatelg
wired as follows:
Balanced inPuts:

-~ Screen = Ground,

-Tip= Signal Phase (“+” or “hot”),

- Ring = Signa[ Non-Phase (“-” or “cold”).
Unbalanced inPuts:

- Screen = Groun&,

- TiP = Signal Phase (“+” or “hot”},

- Ring= Ground.
When using unbalanced signals, the signal ground may be obtained by linldng Pins 1

and 3 in the mating XLR connector. If this connection is not made, a loss in level may

result.



34 Unbalanced Line lnPu’c.

An unbalanced line level inPut at a nominal level of -10dBu is also Proviclecl) on a

0.25” monojack socket. The ma’cing Plugs should be wired as follows:
-~ TiP = Signal Phase (“+” or “hot”).

- Screen = Ground.

35 Instrument lnPut.

Fach channel has a 0.25” iack socket on the front Panel (see ]:igurc 2). A2 Pin
(mono)jaclc Plug Is required, which should be wired as follows:

- TiP = Signa[ Phase (“+” or “hot”),
- Screen = Ground.

GOOd cluahtg SCFCCI']CCJ cab[e SI’?OU[d }Z)C USCCI, Particu!arlg ]COF microphone or IOW lCVC[

sources, to Prevent hum or noise Pickup.
36 Insert Points.
The insert Points are interfaced via a Pair of 3 Pin) 0.257 jack sockets on the rear of
the unit. These Points (not to be confused with sidechain insert Points — see section
37) are located after the initial preamp stage but before the compressor stage, and
allow an external device to be Patclﬂec] into the 5052 signal Patl'x.
One socket is marked ‘Send’ (which connects to the external device’s inPut) while
the other is marked ‘Return’ (whicl"n connects to the external device’s outl:)ut).
The Pin connections for both Send and Return are:

- Sleeve = Ground,

- TiP = Signal Phase (“+” or “ho’c”),

- Ring = Signal Non-Phase (“=” or “cold”).



The insertion Points are balanced, and operate at a nominal level of +4dBu.
3.7 Sidechain Insert Points.

The sidechain insert Points allow access to the 5052 compressor sidechain G.e. for
Frec]uencg conscious compression — see section 4.20) and are interfaced via a 3 Pin,

0.25” switchecljack socket on the rear of the unit. The Pin connections are:
- Sleeve = Ground,
~ TiP = Send,
- Ring = Return.

The sidechain insert Point is unbalanced, and operates at a nominal level of -2dBu .
If used as an additional send onlg (c.g. as a send to a tal:)e machine or monitor
mixing, desh), the TiP and Ring should be wired together, to preserve the signa[ Pa’ch
through the insertion Point. It connec’cing the 5052 sidechain insert to a Patchbag it is
imPortant to ensure that the ‘send’ and ‘return’ are connected together when not in
use — if the send/return circuit is left open then this can cause incorrect oPcration of

the compressor 5tage.

38 Line Outputs.

The line outPu’cs are Providcd on a balanced XLR connector, and also via an

»

unbalanced ” jack. Balanced oPeration is alwags Pr@cerable to maintain maximum

headroom and signal to noise ratio, but can onlg be used if the Fo”owing ec]ui[:)ment
is also capable of balanced operation:
Balanced outpu’cs:

- Screen = Grounc{,

- TiP = Signal Phase (“+” or “hot”},

- Ring = Signal Non-Phase (= or “cold”).



Unbalanced outpu’cs:
- Screen = Ground,
-Tip= Signal Phase (“+” or “hot”),
- Ring = Ground.

3.9 Nominal OPcrating Level.

A switch on the rear Panel allows the line inPuts to be matched to cquipment at a
nominal oPerating level of +4dBu or -10dBu for unbalanced signals, and +18dBu or
+4dBu for balanced signals. Most Progessiona[ equi[:)ment requires +4dBu
(aPProximately 1.2V rms)) but some sma” mixing consoles, Portab[e taPe recorders or
domestic audio equipment recluire -10dBu (aPProximatelg 225mV rms). Digital
multitrack recorders have very l‘ligh signal levels due to the cligi’cal scale of 0dBFS
usua“g matching +18dBu in the analoguc domain. The 5052 is able to match the
oPerating level of such recorders, using the +18dBu setting, if the ol:)erating level is
not known, the switch should be set to the position which results in the best signa[ to

noise ratio and least noise while being able to handle high signal levels.
310 Ventilation.

The 5052 generatcs a sma“ amount oF heat interna“g) mainlg due to thc valve heater.
This heat should be allowed to clissipate bg convection through the side gri”s, which
must not be obstructed. Do not locate the 5052 where it will be subject to external

]'leating, for example, in the hot air flow from a power ampliﬁer or on a radiator.
3.0 Rear Panel.

The rear Panel connectors are identified in Fig.3. Make sure that all settings, mains
and audio connections have been made as described above before attempting to

oPera’ce the equipment.



4.  OPERATION

4.1 InPut Stage.

The ln[:)ut Gain control sets the level of the mic, line or instrument inPut into the 5052
preamp stage. The signal source is selected by the 4~-Positior1 switch acﬁacent to the
lnPut Gain control. lnPut choices are Mic 48V (For condenser microphones that
require P]ﬂantom Power), Mic (for dgnamic or most ribbon microphones}, Line and
Instrument. The Instrument inPut allows high impcdance instruments such as guitars
or a bass etc to connect c{irectlg into the 5052 and eliminates the need for a Direct
lrjection Box. A wide range of signals can be fed into the 5052, and the lnPut Gain
control also allows the valve stages to be driven to a variable degree. After the
preamp stage the signal passes through a triode valve stage Positioned between the
inPut circuit and the compression stage. Increasing the inPut gain Pushes more signal
level into the valve, thus generating more harmonic distortion and creating that
sPecial “valve sound”. This is indicated bg the 3ellow ‘Drive’ LED which will glow more
intenselg as the level increases. At the same time the output level can be turned
down to preserve the same level at the output, so a choice of sounds is available.
For a more Pronouncecl valve souncl, turn up the inPut gain and reduce the output

gain) and vice versa for a cleaner sound. Don’t be afraid to Push the 5052 hard!

As well as clrivingthc valves harder, increasing, the Input Gain control setting will also
have a Pronounced effect on the amount of compression as the threshold will remain
constant as the inPut level increases. If the inPut gain is acbusted, the threshold can

be acﬁustecl accor&inglg to maintain a similar amount of compression.
4.2 Microphonc lnPut.

When using the 5052 with a microphonc source, care should be taken not to applg
too much gain at the inPut‘ Start with the inl:)ut gain control set to minimum, and the
output master at the mic]—Point 2 o’clock Position). The inPut gain can then be
graclua”g increased until the VU meter regjsters about OVU on normal signal Ievel,
when set to read q9/P. The master outPut level should then be acﬁus’ced to Procluce
the requircd outPu’c.

CAUTION: Never switch Phantom power on or omCF, or Plug / unplug a
microphone with Phantom power aPP[ied unless the outpu’c level control is turned
down. Failure to do so may result in a tlﬂumP in your monitor Iouclspeal(ers or PA

sys’cem.



43 Line lnPut.

Aline level signal should alreadg be at about the correct oPera’cing level, but this may
be checked bg monitoring the level with the VU meter set to ‘I/P’. The input gain
should be adjusted until the meter reads about OVU at normal audio level.

44 Instrument lnPut.

The front Panel instrument inPut socket is suitable for low level sources such as hi
impedance micropl'iones, Picl< ups or Passive guitars, and l‘ligl'ler level sources such as
active guitars and l<e9l)oar<ls< To cater for this wide variety of sources, the 5052 has
a large amount of gain available, and care should be taken to avoid aPPlHing

excessive inPut gain with a l1igl1 level source.

45  30dB Pad Switch.

Occasionallg - when using sensitive condenser microPl'lones - the source signal may
be too loud for the inPut preamp. In this situation, to avoid any overloading or
distortion of the mic preamp stage, the 30dB Pacl can be used to reduce the input
gain to a more manageal;le level. The 30dB Pacl onlg aPPlies to the microphone
input.

4.6  90HzFilter.

The l‘iigl‘; pass filter switch restricts the low rrequency response of the preamp, to
eﬁcectivelg remove rumble or LF noise from the signal. The filter can be useful in
restricting “Popping” on vocals or even low Frequencies caused lag contact with
microPl‘ione stands or microplﬂone cables. Popping is an undesirable tl'iumP that is
caused l)g close~mil<ing certain sPol<en or sung letters, namelg “P” or “B”. These
Particular letters cause a sudden expulsion of air that can result in an audible tliump
As this tlﬂumP has a lot of low Frequencg content the l‘ligl’l pass filter can l'IClP to
reduce the Problem, as can using a pop filter (a device usuallg made out of nglon

material similar to stoclcings) susPencleA in front of the micropl'ione.
47 Phase Reverse.

Tl’]C Pl"laSC reverse SWitCl'"l allows correction O‘l: a Pl‘iase cerror, Wl"llCl"l mag l"laVC

occurred in microPl“ione wiring or Placement. Phase errors can be due to two



micropi"nones Picking up the same signal at the same time. An examPic of this Probicm
is when recording a snare drum with one micro[:)i“ione on the top snare skin and a
second microphone on the underside skin of the snare drum. Because the two
microPiﬂones are Picking up the same signai at the same time, Pi‘iase cancellation can
occur. By inverting the phase of one of the micropi'lones this Problcm can be
rectified. A Pi’]asc mis-match will Probabig manifest itself as an apparent loss of bass
content when two micropi‘ione signais are mixed togcti‘ner or fed to a stereo Pair of
ioucispeaicers. i an erroris susPected, itis a simpie oPeration to check bg Phase
reversing each channel in turn. The Phase reverse is active on mic, line and instrument

inPu’cs.
4.8 Drive and Peak LEDs.

The He”ow Drive LED Provicies a visual indication of the signai level througiﬁ the valve
stages, and therefore the extent of “warming” or valve character being introduced.
The drive LED will graciua”g lluminate as the input level or gain is increased, over the
range +6dB to +16dB.

The red Peak LED operates as a conventional warning that ciiPPing is about to
occur. The oPerating level of the entire signai chain is monitored, and the LED
lluminates when an internal level of around 19dB is reached. Normal oPeration would
be to set the inPut £ain so that the drive LED is regularig i”uminating, with occasional
iigi'iting of the red Peak LED on transients.

If the inPut and output gain controls are set to their centre (Oclb) Positions, the
Peak LED will illuminate some 5df> after the Drive LED has reached its full intensitg.
However, it is Possible to add gain further down the chain (.e. output level gain),
which will cause the Peak LED to illuminate at a lower level of Drive. This situation

implics that a iﬁigi’x level of “clean” signal is present, without c]riving the valves hard.
4.9 Output Gain.

This controls the level at the 5052 ou’cputs. The nominal level is 0dB at the centre
detented Position. This control eiq:ectivelg acts like an output Facier, and is very
useful when recorciing direct to taPe or hard disc ’ci'irougi'i the 5052. You may find
that some ciigital recorders require a good deal of inPut level in order to register a
odp reacling on their meters (+18d15u analogue usua“g matches OdBFS in the digitai
scale). This is normal, since many c]igitai recorders are clesigned to preserve
headroom and keeP the signal well below the odB ciil:) Point - thus Preventing the
recorder ciistorting. The 5052 Provicles a further IfciB of gain at the outPut fader to



drive digital recorders. It is imPortant to distinguish the difference between the
outPut gain knob and the gan malce-up knob in the compressor section. The gain
make—uP control is onlg active when the compressor is switched on. The outPut gain
control is a[wags active but will have no effect on the comPression characteristics of

the signal.
4.10 f)gpass.

The ngass switch is a convenient way of bgpassing the compressor, EQ and limiter
sections on either channel so that the original and Processccl signals can be easilg
comPaer. This avoids having to individua”y bgpass cach of these sections to hear
the original signal. Please note that all status LEDs remain active in these sections
even when bgpassed) and the meters will continue to register any gain reduction

occurring.
41 What is Comprcssion’?

Compression is an essential but often misunderstood process in modern recording.
Put simply, comPrcssion reduces the difference between the loudest and the

uietest levels of an audio signal. This is known as reducing the “dgnamic range” of
that sigrlal and is a Power?ul tool for an engjneer helping to avoid overloacling,
distortion Problems as well as raising the level of the quieter Parts of the audio signal.
Before the introduction of compressors the only way this could be achieved was bg
“gain riding”, wherebg an engjneer would control the fader manua“g in order to try
and anticipate very large levels (which might distort the signal) or very low levels
(which may get lost in noise). The introduction of comPression devices meant that
this process could be controlled automatica”g) a”owing the engjneer to get on with

more Productivejobsl

Many instruments and voices have a very wide dgnamic range that need to be
controlled. A singer, for instance, may be singing quietlg one moment and very louc”g
the next, and unless comPression is aPPliecl the vocal won’t “sit” correctlg in the mix,
in addition to the Problems of distortion on loud passages and noise on quiet ones.
Compressors egec’civelg turn down the loud bits and turn up the quiet bits) to

achicvc a more even and contro”ablc ICVC!.

ComPressors are often 'udged bg their ability to control the dynamics without
creating noticeable audible side effects. Heavg compression can cause the signal to
pump or breathe with the onset and release of the comPression. Some compressor

designs can dull the signal and lose the toP end of the sigr\al. The 5052 compressor



design, as with other TL Audio compressors, uses a technologg based around a
transconductance amPlhcier rather than a VCA clesign. This transconductance
ampliﬁer clesign is known for being able to retain the full Frequencg range and natural
character of the audio signal, even when comPressing the signal cluite I’xeavily. The
Ivory 5052 is also capable of more severe comPrcssion based around the oPtiona!
Hard Knee mode if this is desired.

There are other benefits of comPression as well asjus’c contro”ing the Peaks and
raising the c]uiet parts, aPPlie& Properlg) it can add Punch and excitement to music,
as well as Fattening up sounds and creating a more Promcessional souncling recorcling.
with the 5052, you have the added benefit of valve stages in the signa! Path, which

create a warmth and Presencejust not obtainable with solid state or digital Products.

412 Whg Valve Comprcssion?

Valve comprcssion yields a Particu!arly sPecial sound which has become very sought
after, Particularly with the wic{esprcacl use of digital Products. The reason valve
equipmcnt sounds s[:)ecial is due to two things: harmonic distortion and natural
comPression. When the signal through a valve is increased, it tends to generate a
Particu[ar tgpe of subtle and desirable distortion, called “second harmonic”
distortion. This has the effect of thickening and warming the sound, and the more
the level you feed to the valve stages, the more of this harmonic distortion will be
Produced. You should be able to hear this effect as you increase the Input Gain on
the 5052.

Secon&lg, valves will tend to natura”g compress an audio signal, again Particularlg as
the signa| level is increased. This itself also contributes to the warmth Produced bg
the 5052.

4%  Overview of ComPressor Opcration.

To oPerate the 5052 compressor successfu”g an unclerstanding of each control will
"ICIP to obtain the best results. If you are unfamiliar with the effect of comPression it
may help to acﬁust the controls to extreme settings and listen to the sonic effect.
ComPressors can either be used to enhance the signal and control the dﬂnamic
range with as little sonic effect as Possib[e, or theg can be used more severelg

spechcicang for effect.



414  Threshold.

The Threshold is the Point measured in decibels that any compression comes into
oPcration. The Threshold control is variable from +10dB in the most anticlockwise
Position to -20dB at the most clockwise Position. /—\ng signal below the Threshold
passes tnrougn the unit unaffected; while signals above the Threshold are reduced in
gain (and are thus ‘comPressed’). This does depend on the Soft or Hard knee to

some extent as the Soft knee is more graclual around the Threshold Point.

Unlike some compressors, the Threshold control on the 5052 starts at a ‘Plus’ value
in the counter-clockwise Position, and decreases to a ‘minus’ value as you rotate the
control clockwise. The reason for this is as you turn the Threshold control on the
5052 clockwise (le. towards the negative region) then the clegree of comPression will
increase. We think this is logical, whereas the common method of turning the control
‘down’ to achieve more comPression is not - but beware, some other Compressors

may work in the oPPosi’ce direction!
415 Ratio.

Once the inPut signal has crossed the ’cnresnolcl, the Aegree of gan reduction is
determined by the Ratio control. The Ratio control is calibrated in decibels and is
simply the changc in output level that results from a given ci'langc in inPut level. An
uncompressc& signal will have a 111 comPression ratio - every 1dB ci-iange in inPut level
results in the same 1dB change in outPut level. A com[:)ression ratio of 1:3, for
instance, means that a 3dB change in inPut level will only give a 1dB change in output

level. For more severe comPression, simplg turn up the Ratio control.

The 5052 offers a wide range of ratios from 1:1.5 (vcry gontlc comPression) ’ci’xrougi'i

to 1:50 (vcry severe comPression).

416  Attack and Release.

The Attack time sets how quickly the comPression is aPPlicci once the threshold has
been exceeded, and the Release time sets how cluicklg the compression is released
(and ti‘ic signai returns to normal) once ti‘ne signal drops back below ti‘:c thresnold.
The 5052 allows Fu”g variable control of Attack and Release times between

‘Slow’ and ‘Fast’. For Attack this covers the range 0.4mS to 40mS, while the Release

control spans 40mS to 4S. There is an element of automatic oPeration of the Attack



and Rclease on the 5052 - {:or instance, should a very short transient occur the time
constants tend to become shorter, to Prevent a slow release leaving a “hole” in the
sigrlal after the transient. Also) a fast release setting will be extended 139 a slow
attack setting. Due to this automatic nature of the time constants, the controls are

simplg labelled ‘Slow’ to ‘Fast’.

The sl:)eccl of the Attack and Release should in gcncral be able to work with the
tempo of the signal. For example if the signal is a snare drum, bg monitoring, the gain
reduction it is Possible to set the Release to allow the comPression to Fu”g recover
(le. the gain reduction needle will settle back to odp) before the next snare beat.
This prevents the second snare beat being reduced in level in comParison to the
first. One side-effect of having an incorrect release setting is distortion on low
Frequcncg signals, which can Particularly occur when using a fast release setting on
bass heavy signals - the compressor is forced in and out of comPression during one
cgcle of the wavegorm, and distortion results. The 5052 has a built-in “Hold” Faci!itg
which delags the onset of release for aPProximatelg 10mS after the inPut signal falls
below the threshold. If distortion is still cxpcrienced, a slower release time should be

used.
417 Knee.

The Knee switch enables the 5052 compressor to be oPeratecl in two different
modes - soft knee or hard knee. Soft knee mode offers a gentlc comPression curve
around the threshold Poin’c, and is traditiona“g emp!oycd to 9ie|d a more subtle,
musical type of comPrcssion effect. The hard knee setting causes the full
comPression ratio to be aPPlied immcdiatelg the signal has Passed the threshold

POil’lt, SO tends to PFOCIUCC more PrOI’]OUl’!CCd ancl severe comPression.
418  Gain Make UP.

While the subjective sound qualitg of the signal can be imProvccl bg comPression, the
overall signal level will be reduced when gain reduction is taking Place. The Gain Make
Up control is designecl to boost the compressed signal l:)g between 0 and 20dB, in
order to bring back the level to the same loudness as the uncomPressecl signa[.
Without this control, comParing the original and comPressed signals becomes
difficult, since there would be a level droP each time the compressor is switched in:
therefore it is normal to adjust the Gain Make up control so that when the

‘comPrcssor on’ switch is activated, the audio signa[ remains constant in level.



Unlike the Out[:)ut Level control, the Gain Make Up control is active on{g when the
‘Comloressor on’ switch is cngagcd. Once the Gain Make UP has been adjusted, use
the Output Level control to set the overall outl:)ut level of the 5052.

4.19 ComPressor On.

This switch enables or disables the compressor stage, thus a“owing an A/B
comparison to be made between the original untreated signal and the compressed
signa[. Any gan make up aPPIiecl to the signal only becomes active when the
“ComPressor On’ is enabled. An associated status LED indicates when the
compressor is active. The Gain Reduction on the VU meter will monitor the level of

compression rcgardless of the compressor stage bcing active or non active.

420 ‘EQS/C & l:rccluencg Conscious Comprcssion.

The ‘EQ S/C switch Places the entire 5052 EQ section into the compressor
sidechain circuit, a”owing Frequency conscious comPression to be Permcormed. Once
the EQ S/C switch is activated, any {:rcc]uency boosted on the equaliser section will
eﬁcectivelg lower the comPression threshold at that Frequencg. To cle—ess, for
instance, activate the EQ S/C switch and try boosting the sibilant Frequencg
(norma”g §~51<Hz} using a narrow bandwidth setting on the 5052 EQ section. This
should make the 5052 more sensitive to the boosted Frecluency, thus comPressing it
to a greater degrec and reducing the sibilance effect.

Please note that the EQ S/C switch overrides the setting of the EQ Pre switch in the

com PFCSSOF section.

it you wish to use an external EQ unit to assist with Frequency conscious
comPression, then the Provision of rear Panel sidechain insert Points on the 5052
a”ows tlﬁis. Proceed bg Pa’cching an equaliser (norma”y a Paramc’cric or graP"lic ’cgpe)
into the sidechain (the insert Point works on a send-and-return Principle wherebg
the insert ‘send’ connects to the ec]ualiser input, and the cquahser output connects
to the insert ‘return’, thus completing the circuit). Once connected, any Frecluencg
boosted on the equaliser will egectivelg lower the comPression threshold at that
Frequencg. Working this way frees up the EQ section within the 5052, a”owing it to be
used for normal EQ duties.

4.21 Meter.



The 5052 is equiPPed with a Pair of illuminated VU meters. The associated Meter
switch enables this meter to monitor each one of four parameters. When switched to
1/P, the meter reads the audio inPut Ieveljust after the preamp stage. When
switched to ‘O/P’ the meter reads the audio output level, and is calibrated to read
ovVU when a +4dBu sigrial is reached at the main XLR line outPuts of the 5052 (or -
10dBu at the unbalanced line outPuts). The meter when switched to ‘ComP G/R’
(Gain Reduction) indicates the amount of com[:)ression occurring. it the signal is
below the ’ciireshoicl, the meter will indicate 0dB: i.e. no gain reduction. As the sigriai
passes trirough the ti'iresi'ioicl, the meter will start to indicate the gain reduction at
the compressor stage (this will be a negative Vaiue, so the meter will move to the lCiCt,
away from ovU). Note that this reading won’t include any extra gain mal<e~up
aPPlied.

The final setting on the Meter switch is marked ‘Lim G/R’, and this seParatelg

monitors the amount of gairi reduction that the limiter circuit is aPPlging.

A separate “+ 10dB’ switch is Provided which reduces the meter reading bg 10dB
below the actual audio sigrial level, and this applies to both inPut and output level
metering. This is useful when the 5052 is being fed with large inPut levels - or is
Producing large output levels - and the meter needle would otherwise be Pressing
constantig at its end stoP. This situation is normal, Particularlg it the 5052 is
iriterFacing with digitai recorders or mixers where Iarge signal levels are reguiarig

encountered.
4.22 Equalisa’cion.

The 5052 equaliser section has four bancls, each with continuousig variable
cut/boost and Frequencg controls. The LM and HM bands also have a variable Q
(or banclwidti'i) control that means these two bands are Fu”g Parametric in oPeration
(see section 4.25).

Before switching the EQ into circuit, it is advisable to set the cut/boost controls to
their centre, or iqat, Posi’cion. Each channel of EQ is brought into circuit with the
overall “EQ-ON” Push switch Posi’cionec] to the far right of the unit. “EQ-ON” is
sigria”eci bg agreen LED.

The four bands of EQ per channel are labelled as LF (low Frecluencg)) LM and HM
(low and higi‘i mid icrequencg) and HF (higl’i )Crecluencg)‘ However, the rrequency
variation available on each band allows overlaPPing of two, or more, bands into the

same icrec]uencg range. This arrangement allows maximum iqexibili’cy, Permit’cing



reduction of a narrow band whilst simultancouslg boosting an over[aPPing broader
band of Frequencies, for exam[:)le. Used incliviclua”g or in combination, the filter

bands allow comPrehensive eclualisation of any audio signal.
4.2%  Cut/Boost Control.

Each of the four EQ bands has a +/- 15dB gain control that is used to applg cut or
boost at the Frequency selected bg the Frequencg control. O]Cten, EQ—ing is as much
about cutting Frecluencies as it is about boosting them, and removing excessive bass
or mid Frecluencies from signals to hclp them sit better in the mix is a common
recorcling ’cechnique. On the other hand TL Audio EQs are renowned for being very
musical - and very Forgiving» SO you may find EjoursehC being able to applg a lot more
boost than other EQs, and the sound will still retain its qualitg and not be destroged

- as is often the case on cheap or Poorlg &esignec] EQ sections, Particularlg when

Pushed hard.

424 l:requency Control.

This control sets the l:reclucncg on eacl‘n band that is to be cut or boosted. T]ﬁe

Frequencies are continuously variable over the Fo”owing ranges:

LF band: 30Hz to 1kHz
LM band: 50Hz to 1.5kHz
HM band: 1kHz to 12kHz
HF band: 3kHz to 20kHz

425 Q (Bandwidth) Control.

A bandwidth control is Provided on the LM and HM bands of the 5052, making
these filters Fu”g Paramctric. The “Q” of the filter is a measure of the shaPc of the
Frequency response curve, and is closely related to the ‘bandwidth’ or range of
Frec]uencies controlled bg the filter. A narrow bandwidth (hig]’] Q) setting means that
a tig}'lt band of Frec]uencies either side of the selected centre Frequencg is affected
by any cut or boos’c actions, while a wide bandwidtlﬁ (low Q) agects a muc]’x broadcr

band of Frequencies.

As a result, high Q settings (about 7 at the maximum setting on the 5052, which
roughlg corresponcls to a bandwidth of 0.15 octaves) are genera”g used for audio

correction or effects - for instance when a single troublesome Frequencg needs to be



removed without uPsetting the rest of the Frequencg sl:)ectrum, or a single Frequcncg
needs to be boosted to create a Particular unique sound. A proven technique for
iclenthcging Frequencies is to set the Q control to its minimum (narrow) l:)osition, applg
a reasonable amount of boost in that EQ band, and then sweep the I:rec]uencg
control around until the Problem (or desired) Frequencg is found (since boos’cing will
make the Frcqucncg Promincnt). Cut (rather than boost) can then be aPPliccl if the
Frequcncg is troublesome, and if necessary the Q can be widened to take out a

broacler band O‘F FI‘CC‘UCI’]CiCS.

Intermediate Q settings, say 1 to 3, are genera“g used to enhance or reduce a
broader range of rrequcncies, typica”g to make an instrument or vocal stand out - or
recede - into the mix. Fina”g, low Q values (down to about 0.7 on the 5052, which
roughly corresponds to 1.4 octaves) Provic]c gcntier contouring, or “swcetcning” oF

the response.

426 Shelvi ng EQ.

The LF and HF sections offer either ‘Peaking’ or ‘shclving’ ec]ualisation }33 means of
a dedicated switch. In Peaking mode the EQ band will cut or boost a fixed band of
Frequerlcies either side of the selected centre Frequency (a little like a Parametric
section but without a variable Q control) — in this mode the Q is fixed at 1.5. In
shelving mode the band will process any Frequcncies below the selected rrequcncy (in
the LF band) or M the selected Frcquencg (in the HF band) with a s[opc of
12dB per octave. Shelving EQ can be used to “roll-off” low or high end Frec]uencics

or to boost a” Frequencies above or below the one se!ec’cecl bg the Variable
Frecluencg control. This can be effective for “warming ul:)” the low Frequencies or

aclding brightness or “air’ to the tol:v end Frequencies.
427 EQOn.

The ‘EQ On’ switch allows the EQ section to be activated or bgpassed for

comParison of the equalised and original) unProcessecl signal.
428 EQPre.

The ‘EQ Pre’ switch Places the cqualiser ahead of the compressor section in the
signal Path. This enables more Hexibilitg in sound, since the compressor will become
more sensitive to any Frec]uencies that have been boosted ]33 the EQ section. The
effect may be comParecl bg toggling the EQ Pre switch.



4.29 Output Limiter.

The 5052 outPu’c limiter Provides responsive ge’c natural control of output Peaks ~
making it ideal for Preventing overload in cligital recorders. Digital recorders will
distort in a very unmusical way when overloaded to any degree, so an output limiter
is an ideal way of Preventing over-modulation occurring. A limiter is a more extreme
form of compression, and the 5052 limiter is Programmecl with a very riigh ratio, short
attack time and longer release time, resulting in a fast response “brick wall> action.
This means that once the ou’cPut level of the 5052 has reached that of the limiter
threshold, it will be clamped at this maximum level no matter how much more input

signal s aPPiied to the 5052.

A threshold control allows the limiter threshold to be varied between 0 and 20dB
(ti'iis indicates the actual level on the main balanced XLR line outPut), and the limiter
is activated by Pu”ing out the threshold control (since this control incorPorates a
Pusivpu” switch). A green status LED indicates when the limiter is activated. A
second red ‘Limit’ LED illuminates when the threshold has been crossed and the

limiter is actively Provic]ing some gain reduction.

The limiter is Positionecl ‘Post’ the output level control, so the user can be confident

that any increase in outpu’c gain will be Precise!y controlled.

A OVU outPut reading on the 5052 should read aPProximately -14dB on a digital
recorder inPut (using +4dB connections) although this will vary with different
recorders. This means that most Aigi’cal recorders will rec]uire +18dBu of analogue
inPut level to generate a odbfs full scale reacling. If the 5052 limiter threshold is set to
aPProxima’ceig +7dB this would bejust below the Poin’c where the digital recorder
may overload, so would be a useful threshold to limit the output of the 5052.
Bringingthe threshold down further towards 0dB - so that the limiter is forced into
worlcing harder - enables the limiter to be used as a more creative effects device, for

examPIe on drums or drum |ooPs.
430 Stereo Link Modes.

A keg Part of the 5052’s power lies in the abilitg to indePendently use the
compressor, EQ and limiter sections in ‘dual mono’ or ‘stereo linked’ mode. A bank
of three switches located in the bottom centre section of the 5052 allow the user to

seParatelg link the compressor, EQ and limiter stages, at which Point channel A’s



controls automatica”g become the ‘master’ for that stage, and channel B becomes
the ‘slave’. This means that when Processing a stereo source or stereo mix, channel
A’s controls can be used to process both left and right signal Paths simultaneouslg -
Providing very ciuick and accuratelg matched stereo Processing. Channel B’s controls
for those 3 Proccssings’cagcs e%cectivcly become inactive, meaning, that onlg one set
of acﬁustments is requirecl to process both signal Paths. Please note that onlg the
compressor, EQ and limiter switches and controls are governed bg the stereo link
mode — other sections such as input/out[:)ut gain, preamp settings etc remain
inclepencler\t - even in stereo mode - to allow separate gain balancing. To summarise
tl'xis, here is a table of controls that are not Part of the stereo link Facility, and thus

will remain independcnt and unlinked even in stereo mode:

lnput source selector

switch

lnPut gain control
30dB Pad
Phase reverse

90HZ filter

Sgs’ccm bgpass switch

Output gain control

Note that bg Providing separate [inking switches for compressor, EQ and limiter

modes it is Possible to link some of these Processing stages but not others.

In dual mono modc, the 5052 can process two scparate signa!s (such as a vocal on
channel A and a bass guitar on channel B) and Providc completclg indcpendcnt

control of each.

Stereo linked comPression and limitirlg is essential to avoid imbalances in the stereo
image (known as “dips”) to appear on one side of a stereo signal, if the sigr\al
exceccls the threshold on ’chat side on!g. hC a comPressor/limitcr I’xas not becn stereo
|inl<ed, the “dipping’ of one channel can sound very obvious and unnatural. In linked
mode, if either signal crosses the threshold setting, both channels will react togethcr

and will be comPressed bg the same amount.
4+.51 OPtional DO-2 Digjtal Output Card.

The 5052 is clcsigned to acccpt the oPtional DO0-2 24 bit cligital A to D converter

card to allow easy inteﬁcacing with devices such as sound cards and digital recorders.



The card feeds the converted outPut signa!s of channels 1 and 2 to the SPDIF
Phono output. The sample rate is switchable between either 44.1kHz or to 48kHz,
and the card can be clocked to an external digita[ source via the BNC wordclock
inPut. When clockingthe DO-2 to an external source the sample rate setting on the
DO-2 needs to be set to match the external sample rate, otherwise correct locking
may not occur and audible clicl(ing may appear on the digital output. In terms of
gain, the DO-2 will generate a signal level of 0dBfs in the digital domain when +18dBu
of out[:)ut level is generatecl at the balanced line output of the 5052.

5. GETTINGSTARTED

5.1 Connections.

There are various ways that the 5052 can be connected into your audio sgstem. The
four most common are:

a) Asa vocal or instrument front end

b) Connected to a channel insert Point on a mixing, desk

c) Connected to a group or master insert Point on a mixing desk

d) Connected in-line from the mixer’'s master outPuts to the 2-track recorder

To use the 5052 as a front end, connect the output of the 5052 clirectlg to the liﬁz
(not mic) inPu’c of your console, recorder or sound card. A common mistake is to
Plug the XLR line output into the XLR mic inPut of a console. This will cause the
console mic inputs to overload very easilg and may result in a loss of c]ualitg. Once
the output is connected, simplg feed your microphone into the rear Panel XLR mic
inPut (with the +48V engaged if the mic is a condenser tgpe), or feed your instrument
into the front Panel jack inPut on the 5052. Recording direct to the multitrack
recorder (thus bypassing the console) is a common tccl’miclue these dags as it kcePs
the signal Path short, and of the highcst clualitg. No unnecessary console stages are
Passed through, thus maintaining clualitg.

Many mixers have sockets called ‘insert Points’, which allow processors such as
dgnamics devices and EQs to be patched in-line into the mixer signal Patl’] at various
Points. The mixer’s channel insert Point usua”y ‘sends’ the input signal out dircct|9
after the mixer’s preamp stage - a”owing connection to the line input of the 5052 -
ancl then returns the Processed signal From the line out[:)ut O]C thc 5052 bacl( into the
mixer at the same Point in the signal Pa’ch. This is commonly achieved using a sPeciaI

insert cable (sometimes known as a ¥’ lead or split lead - usuang a stereo O.Zﬁ”jaclc



connector at one end sl:)iit into two monojaci( or XLR connectors - one for send
and one for return). The most iiicely Positions that insert Points are located on a
mixer are in the cnannel, group and stereo master sections. Patci'iing the 5052 into
the channel insert Point means that any signai Passing ’ci'irougi'i that channel will pass
ciirec’cig ti'iougi'i the 5052. ComPressing a vocal alreac]y recorded on your multitrack
recorder, for instance, can be achieved bg connecting the multitrack outputs to the
ci‘nannei tal:)e return inPuts oi: your console, then connecting one ci‘nannei oF ti‘ie 5052
into the relevant console channel insert Poin’c. The oFiC—taPe signai will then be fed
into the 5052’s line input via the the mixer insert ‘send’ connection. The line outPut of
the 5052 connects back to the insert ‘return’ connection, thus returning the

Processed signal to the mixer and ensuring continuous signai fow.

Group insert Points are used to process sub-grouped signais such as drums or
bacicing vocals. It's common to mix an entire drum kit to a stereo group, and then use
a Pair of group faders to control the overall level, rather than naving to acﬁus’c each
individual drum level. If you then wish to compress the overall stereo kit signal, you
can connect a stereo linked 5052 to the relevant group insert Poin’cs, using, the same

‘send and return’ teci'inique as the channel insert.

Having Processecl individual tracks while recording, it is common to applg some
comPression to the stereo mix while mastering it to 2 track taPe, DAT or CDR.
Doingti‘iis will i‘ieip fatten the sound further and control levels. Like the channel and
groups, the stereo L/R mix buss will norma”y have a Pair of insert Points to facilitate
this. If not, the 5052 can be connected in-line with the mixer’s main stereo outputs,
ahead of the master 2 track recorder. The latter method may be Preicerable as this
a”ows ti‘ie Processors to be connected witin balanceci connectors (ti‘ie insert Points
are usua”g unbalanced). Connecting the 5052 to the main insert Points does however
allow the 5052 Processing to be monitored as the processor is IOOPeci into the
outPu’c stage of the mixer. If the 5052 is connected in~line, to hear the results of the
Processing the 2 track mastering, machine needs to be monitored. This is Possible bg
connecting the mastering recorder to the mixer’s 2-track return inPuts and

monitoring these returns on the mixer.

The optionai DO-2 cligitai ou’cPut will allow a stereo iiigi‘i quaiitg A/D conversion at
24-bit from the 5052 on a coaxial SPDIF ou’cput. The DO-2 can feed directly into
digital recorders such as Digital Multitrackers, Hard Disk Recorders, DAT
Recorders, Minidisc and CD-Recorders, bgpassing any A-D conversion stages on
the way. When connecting the DO-2’s SPDIF outPut it is advisable to use cables less
than 5 metres in iengti'i and of iiigii qualitg. The ciigital outPut can be used
simultaneouslg with the 5052’s analogue outPuts.



5.2 In Use ~ Mono tracking mode

Having, connected the 5052 - checking that the inPut opcrating level switch is at the
most suitable setting (see section 3.9) - it’s time to Put it into action! Here’s a simple

step bg step guide) starting with single channel Processing of a mic signai.

1. We'll assume that a condenser microPnone is connected to the channel 1 5052
mic inPut, and the +48V Pi’iantom power is engagecl bg cnoosing the ‘MIC
+48V’ setting of the inpu’c selector switch. The first stage is to set up the gains
of the 5052. with the compressor, EQ and limiter stages switched out, start
with the 5052 inPut gain at minimum and output gain at OdB.

2. Graclua”g bring up the 5052 inPut gain until the Drive LED illuminates with the
chosen source material - this should also generate a healtng reacling on the
5052 VU (when set to ‘1I/P?). Then switch to meter ‘O/P’ and check that
around OVU is being Procluceci, and adjust the 5052 output level control if
necessary. To get the most benefit from the valve stages it's normal to kecp
the Drive LED glowing most of the time, with the Peak LED i”umina’cing on
transient Peaks onlg. For a cleaner sound you can back off the inPut gain
and thus reduce the drive to the valve stages, which will cause the Drive LED

to glow much less icrcc]uen’cig.

5. Try engaging the 30dB Pad and 90HZz filter switches. You should notice that
the Pad greatlg reduces the mic gain and the filter reduces the LF response
of the mic (trg those ‘B’ and ‘P’ letter sounds as outlined in section 4.6).

4. Now dePrcss the ComPrcssor ‘On’ switch on channel 1 and select the Meter
switch to read Gain Reduction (‘Comp G/R?). Using the compressor’s
controls you will need to adjust settings to suit the source you are listening
to. A good starting Point is set the Attack and Release to ‘Fast’, Ratio to
115, Knee to ‘SoFt’, and Threshold to +20dB.

5. As you start turning the Threshold control clockwise towards Odb) the 5052
meter should now regjster that some gain reduction is taking Placc Aim to get
around a maximum 3-4dB of gain reduction occurring as a starting Point, bg
Iowering the Threshold further if necessary. You should also notice that

increasing the Ratio setting causes more gain reduction to occur.



6. When gain reduction is taking Place, you should notice that the output level is
reduced. By switching the compressor ‘n’ and ‘out’, you can compare the
levels and the subj'ective sound qualitg of the original and comPressecl signals.
With the compressor active, use the Gain Mal«}-UP control to set the level so
that when disablingthe compressor, there is no level drop. This way you can

A/B the original and compressec{ signals without the levels changing.

7. At this stage if you are unfamiliar with compression you should exPeriment
with each control to see how it affects the sound. Until you are familiar with
using compressors it can be difficult to hear these clﬂanges as a good
compressor will retain the natural sound of the source signal. if in doubt aim
to use compression gently as it can be difficult to compensate for over-
comPression. On the other hand there are no ru[es, so if extreme sc’ctings get

you the effect you are aFter, the choice is yours. Let your ears be the guic]e.

8. With the EQ set flat’ (i.,e. no cut or boost aPPIied to any of the four EQ
bands, engage the channel 1 EQ section and experimcnt with applging some
EQ. You should find that the LF and HF bands are useful for adding some
low end ‘warmth’ and high end ‘air’, while the mid bands are more useful at
removing, boxiness or nasal tones from mic sources. However, since there is a
Iarge amount of overlaP between the mids and the low/high bands, you can
use the LM band to accuratelg EQ Frequencies down to S50Hz - so very ’cig}'lt
Parame’cric control of the bass end is Possible. In the same way Frec]ucncies
up to 12kHz can be Processed bg the HM band. Unlike other EQs, you
should find that you can aPP19 cluitc drastic amounts of EQ boost and the

unit will still retain its musicalitg - and not introduce unwanted harshness.

9. Now engage the limiter on channel 1 by Pu”ing out the threshold control. Also
switch the meter to the ‘Limiter G/R’ setting. Start with the limiter threshold
set to the maximum +20dB setting, and then graduallg bring down the
threshold towards 0dB. You should notice that the ‘Limit’ LED starts to
lluminate, showing that some limiter action is talcing Place, and the

amount of lirnitergain reduction will be indicated }39 the VU meter in a
similar way that compressor gain reduction is displagecl. The limiter threshold
can either be set to prevent overload in the Picce of equiPmcn’c Fo”owing the
5052 in the signal Path (tgpica”g if itis a HD recorder or CD burner) or it can

be used for more severe deliberate effect - see section 4.29.
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In Use - Stereo mixdown mode.

Now we’ll assume that the 5052 is connected via its line inPuts/outPuts to the
master insert Points of a mixer (see ‘Connections’ section 5.1). Set the inPut
selector switches on both channels to ‘LINE?, and activate each of the b
stereo mode switches (Comp, EQ and Limiter) so that channel 1 can be used
as the master for both L and R signals of the stereo mix. Note that on|9 the
compressor, EQ and limiter controls work as masters - preamp and in/out

gain settings remain inclePenclent - see section 4.30.

The first stage is to set up the gains of the 5052. with the compressor, EQ
and limiter stages switched out, start with the 5052 inpu’c gains at minimum and
output gains at odB.

Graclua”g bring up the 5052 inPut gains until the Drive LED illuminates with
the chosen source material - this should also generate a healthg reading on
the 5052 VU (when set to 1/P?). Then switch to meter ‘O/P’ and check that
around OVU is being Producec], and acﬁus’c the 5052 outPu’c level controls i
necessary. To get the most benefit from the valve stages it’s normal to keep
the Drive LED glowing most of the time, with the Peak LED i”uminating on
transient Peaks onlg. For a cleaner sound you can back off the inPut gain
and thus reduce the drive to the valve stages, which will cause the Drive LED

to glow much less Frequentlg.

Now follow steps 4 to 9 in section 5.2.

FREQUENTLY ASKED QUESTIONS (FAQ)

What type of valves (tubes) are used in the 50527

The 5052 cmplogs ) dual triode va!vcs, and the tgpe used are Sovtek ECC85
(IZAX7WA). A dual triode valve is one that Provides two independent valve
stages within one glass tube, so while the 5052 has three valves this actua”g
means it has six valve stages: one each in the preamp, compressor and EQ

sections, rCPcatcd for both channels.

You can in theorg use any brand of 12AX7WA in the 5052, but you may find

subtle difference in audio c]ua[itg (and Price) between various brands. We



have found the Sovtek brand to offer a good balance of qua[ity and
a#orclabili’cg.

Q: what is the life expectancy of the valves in my TL Audio unit, and how do 1

know when the valves need rePlacing?

A: We would norma”y estimate around 4+ years, but much will dePenc] on the way

the units are used.
Leaving units Powcrcd up Pcrmancntlg will ccrtainly reduce the valve life - we
would recommend that the unit is switched off at the end of a session
(altnougn our use of dc heater suPPlies reduces the Fatigue on the valve
heaters). Trac]itiona”g, as a valve starts to deteriorate with age, its HF
Pencormance will be affected, so that there is a Perceivecl loss of bn’ghtness,
and the sound tends to become “woo”g". TL Audio Proclucts make extensive
use of localised internal feedback circuitrg to ensure that if a valve's
characteristics cl‘lange with time then the Pcrmcormancc of the unit is not

compromised - thus extcnding the useful life of the valve.

: en replacing valves, is any calibration necessary?
Q wh Pl 124 | Y librat y?

Az Small gain cnangcs may occur when rcPIacing valves, and idca”g you should
have a technician re-calibrate the unit — this involves cnecl(ing signa[ levels at
various test Points and adjusting if necessary. However, these gain cnanges
are often small - so many users simplg cnange valves and carry on as before.
It is advisable to rePlace all the valves in a unit at the same time, Particularlg
on stereo units where valves of different brands and ages may cause a

difference in tone between channels.

Q: When I connect the outPut of my 5052 to the inPut of my mixer, | get lots of
noise and distortion. Why is this?

A The most common mistake when connecting up our Proclucts is to feed the
balanced XLR line outPut of the TL Audio unit into the XLR microP]ﬂone
inPu’c of a mixer. Altnough both mic and line connections often use XLR
5ocl<ets, tncg have different impedances and signal levels. A line level signal

fed into a mic inPut will cause it to distort very easilg, since a line output



Provides a much higlﬁcr signa[ level than a microphone does. Also, mic inPuts
are of low impedance whereas a line output is genera”y high imPcdance: this
mismatch often results in poor Frec]uencg response and increased noise levels.
So alwags ensure that the line ou’cPut of any TL Audio Procluct is connected

to the line inPut of any mixer or recorder.
Whg are there two ’cyPcs of insert Poin’c on my 505272

The sidechain insert Point is sPeciFicang clesigne& to allow Frequencg
conscious comPrcssion such as de~essing. This is achieved bg Patching an
equaliser (norma”g a grapl'lic or Parametric tHPC such as the lvorg 501%) into
the sidechain insert Point (the tiP or "send" of the insert Point goes to the
equaliser in[:)ut, while the ring or "return” is connected to the ec]ualiser
output). Boosting any xcrec]uencg on the equa!iser then e#ectivelg lowers the
comPression threshold for that Particular rrequencg of sigrlal, so that it gets
comPrcssecJ to a greater clegree than other Frequencies. Thus boosting the
Frcquency that corrcsPonds to the sibilance in a vocal Pcmcormancc will allow

de~essing to take Place.

The standard insert Points on the 5052 are more like conventional mixer insert
Points and allow an external Piece of equipment to be connected between
the 5052 preamp stage and the compressor, FQ and limiter sections. This

could be a gate, filter or de~esser, or even another compressor or EQ unit.

When using the 5052 compressor section | sometimes cxpcriencc some LF
distortion when using a fast release time, which clisappcars as | make the
release time longcr. Whg is this?

This effect tends to be cxPericncecl on signals with 5igr1hcicant LF content,
when some gain reduction is taking Place. The reason it occurs is a result of
the way comPression works: As a siml:)le example, imagjne you feed a low
Frecluencg source signal such as a 20Hz sine wave into the 5052, whose
release time is set at its fastest Positiorl (40mSs). The time it takes for a 20Hz
signal to comPletc one whole cgclc is 50mS. Since the fastest release time on
the 5052 is 40mS, this means that once the source signal has fallen back
below the com[:)ression threshold, its gain will return to normal in 40ms, which
is a shorter time than the cycle time of the source signal. As a result, the
envelope of the compressecl signal is distorted as it is forced in and out of

compression within a single cgcle. lncreasing the release time to a Figure



greater than 50ms prevents this Prob[em, which is whg adjus’cing to a slower
release setting will cause the distortion to clisaPPear. For the same reason,

source signals with little or no LF content will not be subject to this effect.

Addi’ciona”g on the 5052 a ‘Hold’ circuit is dcsigncd into the compressor
stage. This delags the onset of the release bg around 10mS, and as a result
the above effect is minimized.

/- SPECIFICATIONS

Line lnPuts:

Balanced via XLR, switchable +4/+18dBu nominal level.
Unbalanced via Jack, switchable -10/+4dBu nominal level.
Gain range +/-20dB.

Maximum inPut level +26dBu, balanced and unbalanced inPuts.

Mic lnPu’cs:

Balanced via XLR.

Selectable +48V Phantom Power.

Gain range +16dB to +60dB (-14dB to +30dB with Pad).

Input noise (EIN, 22Hz-22kHz, 60dB gain, 150 ohm termination): -127dBu.

Instrument lnPut:

Gain range 0dB to +40dB.
lnPut impedance IMohm.

Maximum inPut level +8dBu.
High Pass Filter:
-3dB at 90Hz.

-12dB per octave.
Effective on all inPuts.



Phase Reverse:
Effective on all inPuts.
Insertion Point:

Balancecl, via normalled TRS send and rc’curnjacks.

+4dBu nominal level.
bgPass Switch:

ngasses Compressor, Equaliser and Limiter sections.

ComPrcssor:

Transconductance amplifier / valve conFiguration, with dual envelopc feed-
forward

and feed-back sidechain.

Threshold continuous!y variable, +10dBu to -20dBu.

Ratio 1:1.5 to 1:30.

Attack continuouslg variable, programme dependant) tgpica”g 0.4ms to

4Oms.
Release continuously variable, programme depcndant, tgPica”g 40ms to 4s.
Gain make~up: 0 to +20dB.
Switchable Hard/Soft Knee.
Sidechain insertion Poir\t, unbalanced via TRSjack) nominal level -2dBu.
Equaliscr:

Four band) switchable Pre/Post compressor and into compressor sidechain.

LF:  +/-15dB, 30Hz to tkHz.
Peak/Shere response.
Q=15.

LM:  +/-15dB, 50Hz to 1k5Hz.
Qariable 0.7 to 7.

HM:  +/-15dB, 1kHz to 12kHz.



Q variable 0.7 to 7.

HF:  +/-15dB, 3kHz to 20kHz.

Peak/Shere response.
Q=15.
OutPu’c/ Limiter:

Output fader centre detented at 0dB.
Maximum gain +l§d5.

Limiter post fader, threshold 0dBu to +20dBu.
Balanced output via XLR, +4dBu nominal level.

Unbalanced output viajack) -10dBu nominal level.
Stereo Operation:

lndcpendent selection of ComPressor, Equa!iser and Limiter for stereo.

All selected controls stereo ganged, Channel 1 oPerates as master.

Mctcring:

Variable intensity “Drive” LED, i”uminating over the range +6 to H6dBu.
“Peak” LED at +19dBu, monitoring the signal chain at multiplc Point&
Twin illuminated VU meters, switchable to Input Level, Out[:)ut Level,
Compressor gain reduction and Limiter gain reduction.

10dB meter Pad switch) effective when monitoring lnput and Output levels.

I:I‘CC]UCI‘ICH RCSPOI’\SC:
Line: +0, -1dB, 10Hz to 40kHz.
Mic: +0, -2dB, 20Hz to 40kHz, @ 38dB gain.

Instrument: +0, -1dB, 10Hz to 40kHz @ 20dB gain.
Distortion:

THD+N typically 0.1% @ 0dBu, 10Hz to 40kHz.
THD+N typically 0.5% @ +12dBu, 1I0Hz to 40kHz.

Distortion is Predominately second harmonic, increasing with



valve signal level and constant over thc Frequency range.
Valves:

Three off 12AX7A twin triodes, Postioncd at the lnpu’c stage,

Comprcssor and Equalisen

Ceramic bases with Precious metal contacts.

Stabilised HT and heater suPPlies.

Power Consumption:

30VA.
lnterna”g set for 230V or 115V AC operation.

Dimensions:

19” rack mounting, 5U high.
483mm (19”) W, x 13»mm (5.25”) H , x 250mm (10”) D behind front Panel.

Shipping Weight:

9l<gs.



8. SERVICE

Should the 5052 require service, it must be taken or Posted to an authorised dealer
with a dcscription of the fault. Please retain the original Pacl(ing for Possible future
use, and ensure the unit is suitably Protected c]uring transit. The manufacturer

cannot accePt resPonsibilitg for clarnage caused cluring transportation.

The 5052 is suPPortcd bg a limited warranty for a Period of one year from the date
of Purchase. During this Period, any faults due to defective materials or
workmanship will be rePaired free of charge. The warranty excludes damage caused
bg deliberate or accidental misuse, tamPering, oPeration on the incorrect mains
Voltage, or without the correct tgl:)e and value of fuse fitted. 1t is the users
resPonsibility to ensure fitness for purpose in any Particular aPPIication. The
warranty is limited to the original Purctlase Price of the equipment, and excludes any
consequential damage or loss. When claiming service under warranty, Proot of

Purchase date must be included with the ec]ui[:)ment for rePair.

Please record the to”owing details, and retain Proot of Purc"lasc:

Serial Number.....ooooooe

Date Purct]asecl ...........................

Dealer .o
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