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TECHNICAL SPECIFICATIONS

MIC INPUT

input impedance: 1.2K electronically balanced

Noise: —125dBu ref 200 @ 20Hz to 20KH:z

Gain: 0 to 60dB variable ({including pad)
{overall system gain 70dB)

GROUP OUTPUTS, AUXILIARY SENDS, REMIX OUT

Qutput impedance: 100  balanced
Maximum level:

5KQ and above. +22dBm balanced +17dBm
unbalanced. into 600

OVERALL SYSTEM NOISE

—75dBu one channel routed to one output group,
faders set for unity, 20Hz to 20KHz.

DISTORTION
{LINE INPUT TO GROUP OUTPUT)

Better than 0.05% T.H.D. 1KHz +20dBu
Better than 0.1% T.H.D. 10KHz +20dBuy

+28dBu balanced, +22dBu unbalanced into loads of

LINE INPUT

Input impedance
Noise:
Gain:

10K Q electronically balanced
—B4dBu (Eq in, direct output) 20Hz to 20KHz
+10dB (overall system gain 20dB)

NOMINAL LEVEL
+4dBu

CROSSTALK

With one channel routed to one group and faders set
for unity, better than —65dB 20Hz to 15KHz

In accordance with our continuing pobicy of product improvement. we reserve the nght to amend specifications without pnor natice.
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SECTION 1. [INSTALLATION

» . 1.1 VOLTAGE ADJUSTMENTS

Each Serles 65 console is supplied with a separate, self
contained power supply which is designed to operate on either 110
or 240 volt, 50 or 60 Hertz A.C. mains power, In order +to
select the required operating voltage WHICH SHOULD ALWAYS BE
CHECKED PRIOR IO SWITCHING IHE UNIT ON, a sllde switch .is.
providea on the front panel of the power supply and this should
be set for +the correct voltage applicable to the country of
operatlon, It is Important also to change the fuse rating when
changing +the operating voltage so that the current rating is
correctly matched to the |ine voltage. As a gulde, the fuse
rating for 110 volts should be twice that of 240 volts,

1.2 SYSTEM INTERFACE

Since the Serles 65 console fol lows today's normal practice of
providing low impedance outputs and high Impedance bridging
inputs, cable runs to and from the console can be of considerable
tength (up to 1000 metres for example) without significant loss
or high frequency response. As all the major Inputs and outputs
are balanced (electronically), connections to external devices

having balanced inputs and outputs will provide consliderable
rejection of hum etc. I+ is important, however, as with all
. sophisticated audio equipment to make sure that all equipment

earths are connected +together correctly In order +to avoid
unwanted hum loops.

The best way to achieve this is to make the mixing console the
central piece ot equipment from an earthing point of view and
refurn all other equipment to a 'technical earth! at the console.
In order to do this, the procedure is as fol lows:

Connect the Series 65 power supply earth to the mains earth bu+
disconnect the mains earth from all other equipment that will be
connected to the console.

Re~connect a piece of heavy duty cable (preferably copper) to The
chassis of each piece of equipment and connect +these ‘o the
Serles 65 'technical earth! point.

On signal leads to and from equipment connected to the console
such as tape recorders, efc., disconnect the earth or screen of
the cable at one end so that the Input lead to external equipment
has an earth at the console end only and the output lead from

external equipment has an earth connection at the equipment end
only.

By using the above methods al | equipment remalns safely earthed

whilst the possibility of hum and clicks efc. will be greatly
. reduced.
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Figure 1 Is a diagram that detalls the type of connectors used on
the rear panel ot the Series 65 together with Indications as +to
which are balanced and unbalanced, as well as the correct way to
wire the various connectors. '
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) SECTION 2. GENFRAL DESCRIPTION
®

Because the Series 65 console offers a great many facilities in a
very compact space, the uses to which the console can be put are
many and in fact effectively encompass any use that can be
Imagined for a sound recording console. The most common of these
uses Include: multi-track recording, sound re-Iinforcement,
broadcast, mobile recording, and theatre sound.

Very otten the console can be used for a dual purpose such as
providing live sound re-inforcement whilst at the same time being
used to make a multi-track recording. |In this example the Series
6> can also be used to perform a sophisticated master mix-down
atter the recording, quite comparable with that obtalnable in a
major recording studio.

Because or an Ingenious mechanical construction, I+ is possible
to expand the Input section of the Series 65 by the addition of
8-way expander sections up to a maximum of 40 inputs., When the
console Is expanded in this manner, there Is no visible sign that
the console has been increased in size unless it is expanded
atter Its original purchase In which case the front arm rest will
need to be lengthened if It Is required to remaln in one
continuous length.

‘ If required, Instead of fItting input modules to an 8-way

> expander section 1t may be fitted with a 240 point professional
'bantam'! patch-bay. This greatly increases the versatility of
the system and eliminates the need to reach the back of +the
console In order to re-patch equlipment. This patch~bay is
supplied wunwired by Trident as 1t would be impossible to stock
patch-bays +to cater for +the wide variety of Input/output
configurations available with Series 65.

For portable applications, owing to its compact size the Series
6> will readily adapt to use in a flight case. Because the main
inputs and outputs ot the console are electronically balanced,
ground loops and hum etc. can safely be el Iminated when used in a
portable application where +the console is constantly being
connected +to different types of equipment. A separate power
supply aiso ensures that stray radiated fields can be avoided in
various types ot bulldings.

Because the Series 65 Is a fully modular system, malntenance and
fault finding is a very simple affair. Each module employs a
high quality glass flbre printed circuit board that has clearly
printed component identification. Al Integrated circuits are
mounted In sockets so that replacement is extremely quick and
does not require a soldering iron.
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SECTION 3. INPUT MODULE

. 3.1 GENERAL DESCRIPTION

The Series 65 Input Module is designed to accept the signal from
elther a low Impedance 200 ohm condenser or dynamic microphone
and a line level balanced source of up to 10K ohms Impedance. To
facllitate +the use of condenser microphones which require
x'phantom powering' a 45 volt supply Is made avallable at +the
microphone Input via two resistors, as is the practice when
providing 'phantom! microphone power.  Since some types of
dynamic microphones distort when phantom power s present, a
slide switch is provided on the rear panel for each microphone
input. By wusing condenser microphones that accept 'phantom!
power, they can be connected to the console In exactly the same
manner as conventional microphones thereby eliminating the need
for separate bulky power supplies.

The amplification ot the electronical ly balanced microphone Input
can be continuously adjusted from 0-60dB making it possible +to
accomodate the wide variety of signal levels available from all
types or dynamic and condenser microphones.

The balanced |ine Input can also be continuously adjusted
Independently ot +the microphone input over a 20dB range,
providing a maximum ot 10dB attenuation or 10dB amplification so
as Yo match the wide range of high level sources available from
‘ today's equipment. The centre position of the line level control
has a detent so that a 0dB reference point can be easily found.

A pushbutton switch allows Instant selection of either +the
microphone or line Inputs and a phase reversal switch operates on
both ot the Input sources.

After the microphone and Iine signal processing, the signal
passes through an 'equalliser' section which can be used to modify
the +tonal characteristic of +the signal by etlther amplifying or
attenuating chosen portions of +he frequency spectrum. The
Series 65 has a very comprehensive 'equal iser' section consisting
or flve separate ranges. The lowest range covers bass signals
around 100Hz and has a 'shelving! characteristic providing
continuously variable boost and cut of up to 15dB. The next
range covers low mid (continuously variable from 100Hz +o 1.5kHz)
wnich has a 'peaking' characteristic. The third range affects
upper mid range frequencies from 1kHz +o 15kHz again continuously
variable and with a 'peaking!' characteristic. Both mid ranges
provide 15dB ot boost and cut. The fourth band of 'equalisation!
s agaln of the 'shelving! type Ilke +the bass section but
provides continuously variable boost and cut of 15dB +o
frequencies In the 12kHz range. Completing the range of control
otfered Is a very useful continuously varlable low frequency
(high-pass) fllter. Thls makes It possible to eliminate |low
frequencies such as 'rumble' etec. without having to use the bass
. control. The frequency range of the filter is from 10Hz +o 400Hz
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; and has a slope rate of 12dB per octave. An Illuminated
‘ 'equaliser' bypass switch makes 1+ possible to compare the
'equallsed' to origlnal signal very easlly and without producing

an audible click.

After the 'equalliser' section, the signal appears at a pair of
sockets marked 'Insert send! and 'insert return!. These +two
unbalanced jack sockets make [+ possible to connect an external
prece of signal processing equlpment such as |im]ter compressor
etc. Into the signal path before the channe! fader.

From +the 1'insert return? Jack, the signal routes +through +the
channel fader and then to a |ine amplifier which provides a
further 5dB ot signal amplification. From thls point the slgnal
passes through an Illuminated channel 'Mute' button and +the
'Auto-Mute! circult. 'Auto~Mute! is an extremely useful function
and works In a simlar fashion to the normal 'Mute' circult except
that the 'Mute' Is only enabled when a master button (situated In
the Auxlliary module) Is initiated. This makes It possible to
pre-program and simultaneously !'Mute! any number of Input
modules. This can be used most effectively on a mix~-down session
when, for example, it may be necessary to bring into the mix a
group ot signals all at one time for a particular effect.

After +the 'Auto-Mute! circultry the signal passes through a
stereo pan-pot making it possible to continuously pan the signal
anywhere In the stereo spectrum. A centre detent Is provided on

. this control making it very easy to pan a slignal to +the centre
(mono) position. :

The signal then routes to the group assignment switches (elther
four or elght groups depending on the mode! chosen) and +he
master  stereo output groups (designated  'Remix!'). Each
assignment pushbutton routes the signal to one odd and one even
numbered output group at the same time via the pan-pot. This
means that In order to route to an odd numbered group it s
‘necessary for the pan control to be In the extreme left (anti-
clockwise) position whilst for an even numbered group the pan pot
should be turned fully right (clockwise position).

Because +the Series 65 is provided with a separate stereo master
output (Remix), independently of the multi-+rack output groups,
setting up for a stereo mix-down Is simply accomplished by
depressing the Remix buttons on the appropriate input modules and
panning the signal to the required points in the stereo Image.
In the Series 65, +the Remix outputs are In fact derived from The
same. mixing amplifiers as are used to provide the control room
monitor mix., This provides a useful additional function when
first recording 'live' tracks prior to mixdown since routing to
Remix will In fact cause the signal to appear only on the control
room monitor speakers {f no other assignment button Is depressed.
This can be very useful If It is desired, for example, to hear an

. Instrument only on monitor without |+ belng recorded.

b Betore feeding the group assignment and remix/monitor busses, the
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pan signal routes through an Illuminated 'Solo' pushbutton. When
. this button Is depressed, the signal Is diverted from its normal
path and feeds a stereo solo system which Is essentially the same
as a 'pre-fade Iisten'! circuit except that 1+ has the added
advantage or belng stereo.  This means that whenever an input Is
solo'd the signal will be heard In Its correct stereo

perspective, dependent on the setting of +the pan control.
Because It does not affect the signal being sent +to +the main
group outputs and only Interrupts the monitor signal, the 'Solo!
function can be used with equal benefit In either the recording
or mixdown modes.

It 1Is possible to route to a meximum of 8 auxillary sends from
each Serles 65 Input module although only 4 auxillary send level
controls are fitted. This Is accomplished by means of +two
auxillary send routing pushbuttons located below auxiliary sends
2 and 4. By depressing elther of these buttons, auxiliary sends
1 and 2 can become sends 5 and 6, whilst auxillary sends 3 and 4
can become sends 7 and 8. This provides the operator with a very
versatile auxilliary send system, allowing many different types of
etfects devices to be used in conjunction with +the console.
Whilst 1t 1Is true that with this system It is not possible +to
route to all 8 auxilliary sends simultaneously, the philosophy
behind It Is that whilst it may be quite |lkely that a number of
different etfects devices may be used with the console, It s
unlikely that 1t will be required to route any single input +to
‘ all of the devices at one time.

Situated between each palr of auxiliary send controls are +two
pushbuttons which determine whether the auxiliary send signal
will be derived either 'pre! or 'post' the module fader. When
selected to the 'pre' mode, the auxillary signal is derived after
the equallser circuitry but before the fader, 'Mute' and Auto-
Mute clrcuits. This, therefore, makes its use Iideal as a
musicians headphone feed or !'foldback!'.

When selected to the 'post! mode, the signal is taken after the
fader, 'Mute' and Auto-Mute circuits. The auxillary sends
selected to this mode of operation can ideally be used as an echo
send signal since the relationship between the echo ('wet') and
maln ('dry') signal will always be maintalned irrespective of the
fader setting. Also, with the majority of echo effects i+ will
be desirable to have the echo signal terminate when the 'Mute! or
Auto~Mute functions are used.

Reterence +to the Input module signal flow diagram will help +to
glve a better understanding of the way in which the signal Is
routed from the microphone or Iine ‘Input to the module output.

3.2 OPERATIONAL DESCRIPTION
First or ail, make sure that all controls on the console are set

' to their normal or default positions. That is to say that all
, rotary controls are set to their minimum positions, (maximum)
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| anti-clockwise unless they have a centre detent; l.e. pan, line

. input tevel, or EQ boost and cut). All pushbuttons should be un-
depressed,

Connect the signal from elther a balanced microphone or |Iine

level device to the appropriate X-L-R or quarter inch (6.5 mm)
Jack socket located on the rear of the mixer. The wiring of the

microphone or line level Input must be In accordance with the
wiring Information glven in the Installation Section of +this
handbook. If an wunbalanced Iline input Is connected to the

console It Is aavisable that the negative phase signal connection
(ring ot the jack) is connected to ground.

Because the Input module provides separate microphone and |ine
Inputs, It is quite in order to connect both sources to the input
module at the same +tIime so that the 'Mic/Line! selector
pushbutton (depressed for |ine) selects elther Input instantly.

Having, therefore, selected the Input source by means of +the
'Mic/Line' switch, the next step Is +to adjust +the module
amplification to provide a signal of optimum noise and distortion
characteristic. In order to do this It will be necessary to have
visuai Indication ot the signal level. This Is best accomplished
by routing the module to a group output and using the appropriate
meter for this purpose. Obviously the group output chosen should

be the one that will wultimately be +the module's final
destination, In order to do +this, the appropriate group
. assignment pushbutton (situated next to the module fader) should

be depressed and the pan control used to determine which (or
both) of the two groups assoclated with the assignment buttons
the signal will route to. The relevant group fader(s) should be
set to maximum (the +top of +their +travel) and the !'Tape!
pushbutton (situated above the monitor pan control) should be
selected to monitor and meter the group, fi.e. un-depressed. In
order to listen to the signal, the monitor level control on the
appropriate  group output -module should be advanced to
approximately hal fway and the pan control should be set Initially
also to Its halfway (centre) position. The Control Room Master
level potentiometer (situated in the Remix Master module) should
also be adjusted for a comfortable monitor level through the
control room speakers.

The Input module fader should be adjusted to its maximum position
(+5) and the appropriate mic or line level control should be
agjusted to give a satisfactory level indication on +the group
output meter. This should be such that extreme peaks give an
occasional reading of no more than +2 whilst average signals are
around or just below the O marking., Many operators prefer +to
have extra gain avallable on the fader so that if necessary the
stgnal can be ralsed during quiet programme passages, etc. In
this case +the mic or Ilne level control should be advanced
clockwise and the fader attenuated until the required operational
. position Is achieved. Care should be taken not to bring the the
fader too far from the top as this will result in either +the
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~ mlicrophone or |ine amplifier ralsing the Input level to such a
. degree that It could overload the 'equaliser! clrcultry for
’ ‘ example, especially when amplification of frequencies predominant
in the programme material Is necessary. As a general rule,
therefore, operation ot the channel fader around the -5 posi+ion
will ensure enough extra galn for most occurencies whilst sti]l}

maintalning an adequate over]oad margin,

If 'equalisation' Is used, therefore, the appropriate Input level
control should be attenuated proportionately with any boost
Introducea.  Similarly, if the 'equal iser' s used to attenuate
frequencies, the appropriate Input level control may have to be
aavanced to obtaln a suitable reading on the meter.

Another method that can be employed to set up Initial levels
without having to route to a group etc., Is to use the 'Solo!
facility. By depressing the 'Solo' button on the appropriate
Input module and advancing the 'Solo' master level control
(situated in the Remix Master Module), +the module output can be
| istened +o directly on the control room speakers. The signal
can be metered via the large Left/Right Remix meters but will be
dependent on the level of the !'Solo! master level control. The
'Solo' facility, therefore, has the advantage of being quick to
set up but does not give a totally accurate indication of +the
level belng sent to a group. This problem can be overcome by
routing +to a group in the normal manner and making a note of the
meter indication, +then routing via the 'Solo' system and
. adajusting the 'Solo' master [evel control until a similar reading
is indicated on the Left/Right Remix master meters. The solo
function will then give an accurate Indication of level. '

The pnase reverse button (situated below the line gain control)
works In conjunction with the mic and |lne Inputs and can be used
to reverse the signal phase of either Input. Phase differences
on a mic Input can occur when +wo microphones are In close
proximity (for example when recording acoustic guitar) and causes
a cancellation of certain frequencies (usually bass) which
results in a 'thin' sound. By using the phase switch, +this
effect can otten be minimised to a degree where it is no longer
objectionable. In the Ilne mode, phase errors can often occur
due to Incorrect phase wiring of a piece of equipment connected
to the console. Operation of the phase switch under these
circumstances will usually solve the problem completely.

The Serles 65 equaliser section is extremely comprehensive and to
a large degree should be self explanatory.  The high frequency
(HF) and low frequency (LF) controls are of the 'shelving! type
which  means that when they .reach +the required level of
amplification (boost) or attenuation (cut) at +the appropriate
frequency (elther 100Hz or 10kHz), they form a plateau or 'shelf!
above or below the frequency depending whether boost or cut has
been chosen.  This provides a very musical response that can be
. used to great effect on certain Instruments. The two swept mid
ranges have a ‘'peaking'! characteristic which means +that the
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‘ signal rises to the desired frequency and then falls back quite
‘ snarply atterwards. This makes It possible to pin point +the
harmonics ot various Instruments +to elther accentuate or
eiriminate them. The final but by no means least important
equal iser facllity Is the swept high pass fllter. This makes |+
possible +to roll off frequencies from 10Hz to 400Hz at a rate of
12dB  per octave. This is extremely useful for eliminating low
frequency rumble or boom from such things as passing vehicles or
sub=sonics which can very easily damage speakers. An 1l|luminated
bypass switch makes It possible to compare the original +to
equal Ised sound instantly.

If 1T Is required to introduce a further signal processing device
such as a |Imiter/compressor or graphic equaliser Into the
programme cnhaln, this can be accomplished by connecting the Input
ot the device to the jack socket marked 'send! and the output of
the device to the jack socket marked 'return!' located on the rear
of the console. At this point In the signal chaln the signal Is
unbatancea and this means that a balanced signal must be made
unbalances by connecting the minus phase +to ground before
connection to the console.

It the external device contalins level controls, these should be
adjusted so that when the device is connected the level through
the module is approximately the same as before.

, The auxillary send section can now be utilised to provide elther

‘ a headphone mix for musicians (foldback) or the feed to an echo
or reverberation effects device. To provide. foldback, the
appropriate auxillary send(s) should be selected pre-fader by
using the 'pre/post! switch located between each palr of
auxilliary send level controls. This will then make the signal
Independent ot the module fader and 'Mute' controls so that any
changes made by the operator will not affect what the musicians
are hearing. A power amplifler capable of driving the required
number ot headphones should be connected to +the appropriate
Auxlliary Send X-L-R on the rear panel of the console.

The master auxiliary send level controls located on the Aux/Echo
Return module should be advanced fully clockwise and the module
auxlliary send level control adjusted until the required level Is
being sent to the headphones.

To provide an echo send signal, a similar procedure has +to be
fol lowea except that the appropriate auxlllary send(s) should be
selected post fade and the auxiliary send output X-L-R must be
connected to the Input of the echo device. The . echo device
output should elther be connected to the Ilne Input of another
Input module or any of the four echo return jacks located on the
rear panel of the console. '

The Series 65 console provides a maximum of eight auxlliary send

. systems and these can be accessed by using the auxillary send
' routing buttons located below each pair of auxlllary send level
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- controls. The first button Is marked '5-6' so that auxiliary

. sends 1 and 2 can become 5 and 6, whilst the lower butfton Is
marked '7-8' so that auxlillary sends 3 and 4 can become 7 and 8.
Tnis system provides a great degree of flexibility and Is very
practical since It Is unllikely that any module will require to
send to as many as elght different destlnations at any one time
but it Is |lkely that the console may be used with as many as
eight types of echo or effects devices.

The 'Solo! function is a very useful facility as It Is a stereo
system which means that any channel can be listened to In
isolatlon on the monitor speakers but malntaining its stereo
perspective. Since It does not 'Mute' the other modules and only
affects the monitoring system, the 'Solo' function can be used
whilst recording without affecting the signal being sent to the

tape recorder. I+ can, therefore, be used just as easily during
+he recording process or final mixdown stage making It a very
versatile facillty. In order to operate the 'Solo' function it

is only necessary to depress the Input module 'Solo' button and
advance the Master Solo level control (situated in the Remix
Master Module) for a comfortable l|istening level.

The 'Mute' and Auto-Mute functions operate In a similar fashion
whereby the 'Mute' pushbutton allows you to 'Mute' any module
indlvidually wnllst the Auto-Mute function makes it possible to
'Mute! a number ot channels simultaneocusly. This Is accomplished

‘ by depressing the required input module Auto~-Mute pushbuttons and

- then +the master Auto-Mute button located in the Remix Master
modu le. By this method, any number of Input modules can be pre-
programmed to !'Mute' simultaneously by the depression of one
master button.
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SERIES 65 INPUT MODULE PIN CONNECTIONS

"l’ UPPER HEADER
=3 1 MICROPHONE /P +ve
P1 - 2 MICROPHONE /P -ve
Pt - 3 ov
P1 - 4 LINE 1/P =~ve
P1 - 5 LINE 1/P +ve
P1 - 6 INSERT SEND
P1 - 7 INSERT RETURN
P1 - 8 DIRECT 0O/P
P1 - 9 N/C
P1 - 10 N/C
LOWER CONNECTOR
P2 - 1 +18Y
P2 - 2 -18V
P2 - 3 ov
P2 - 4 ov
P2 - 5 LED EARTH
P2 - 6 +5V
P2 - 7 AUTO MUTE D.C.
P2 - 8 AUX 1
P2 - 9 "2
P2 - 10 "3
P2 - 11 "4

"l’ P2 - 12 "5

i P2 - 13 "6

P2 - 14 "7
P2 - 15 "8
P2 - 16  SOLO D.C.
P2 - 17  SOLO O/P LEFT
P2 - 18  SOLO O/P RIGHT
P2 - 19  REMIX LEFT
P2 - 20  REMIX RIGHT
P2 - 21 GROUP O/P 1
P2 - 22 " noo2
=Y 23 " "3
P2 - 24 n LU
P2 - 25 " " o5
P2 - 26 n " o6
P2 - 27 n U
P2 - 28 n " o8
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COMPONENT SCHEDULE
MODULE SERIES 65 INPUT - CB 9349
SHEET 1 OF 7 ISSUE ¢ DATE 18/6/86
PCB No DESCRIPTION
R1 RESISTOR 1/4W 1%
R2 " 1/4W 1% 2K2
R3 " 1/6W 1% 3K3
R4 n 1/74W 1% 2K2
R5 Y 1/4W 0 1% 22 Q
R6 " 1740 1% 4K7
R7 u 1/6W 1% 680 @
R8 " 1/74W0 1% 3K3
R9 " 1/4W 1% 4K7
R10 " 1/8W 1% 22K
R11 " 1/4W 1% 1K2
R12 " 1/4W 1% 30K
R13 " 1/4W 1% 360 Q
R14 " 1/4W 1% 5K6
' R15 " T/4W 1% 5K6
i R16 " 1/74W 1% 56K
R17 " 1/4W 1% 1K2
R18 " 1/4W 1% 270 Q
R19 " 1/4W 1% 5K6
R20 " 1/4W 1% 5K6
R21 A 1/4W 1% 56K
R22 " 1/4W 1% . 47K
R23 " 1/6W 1% 22K
R24 " 1/74W 1% 150K
R25 n 1/6W 1% 150K
R26 " 1/6W 1% 1K
R27 " 1/4W 1% 150K
R28 " 1/4W 1% 1K
R29 - n 1/4W 1% T2K
R30 " 1/4W 1% 150K
R31 " T/4W 1% 12K
R32 " 1/4W 1% 47K
‘ R33 n 1/6W 1% 12K
a R34 " 1/6W 1% 4K7
R35 " 1/4W 1% 6K8
R36 " 1/6W 1% 6K8
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COMPONENT SCHEDULE
. MODULE  SERIES 65 INPUT - CB 9349 /
v SHEET 2 OF 7 ISSUE 6 DATE 18/6/86 -
TRIDENT

PCB No DESCRIPTION PART No
R37 RESISTOR _ 1/4W 1% 2K7
R38 " 1/6W 1% 47K
R39 " 1/6W 1% 47K
R40 n 1/4W 1% 2K4
R41 " 1/4W0 1% 2K4
R42 " 1/6W 1% 12K
R43 " 1/4W 1% 12K
R44 " 1/4W 1% 4K7
R45 " 1/6W 1% 6K8
R46 " 1/6W 1% 6K8
R4T " 1/6w 1% 2K7
R48 " 1/6W 1% 12K
R49 " 1/6W 1% 2K4

"';;' R50 " 1/4W 1% 2K4

. R51 n /60 1% 12K

o R52 " 1/6W 1% 12K
R53 ! 1/6W 1% 1K
R4 " T/4W 1% 4K7
R55 " 1/6W 1% 1K
R56 " 1/4W 1% 12K
R57 " 1/6W 1% 12K
R58 " 1/4W 1% 3K
R59 " 1/4W 1% - 3K
R60 " 1/6W 1% 100 Q
R61 " 1/6W 1% 270 Q
R62 " 1/6W 1% 100K
R63 ! 1/76W 1% 100K
R64 " 1740 1% 12K
R65 " 1760 1% 12K
R66 " 1/4W 1% 12K
R67 " 17490 1% 12K
R68 " 1/6W 1% 2K2

. R69 " T/4W 1% 47K

RT0 " T/64W 1% 36K
R71
R72
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COMPONENT SCHEDULE S
- MODULE SERIES 65 INPUT - CB 3949
. SHEET 3 OF 7 ISSUE 6 DATE 18/6/86
PCB No DESCRIPTION PART No
R73 RESISTOR  1/4W 1% 2K2
R74 " 1/6W 1% 12K
R75 n /60 1% 1K
R76 L /60 1% ™
R77 ' n 1/40 1% 12K
R78 " 1/4W 1% 12K
R79 " 1/6W 1% 12K
R80 n 1/6W 1% 12K
R81 " 1/6W 1% 12K
R82 " 1/6W 1% 12K
R83 " 1/6W 1% 12K
R84 v 1/6W 1% 12K
R85
R86 n 1/4W__1% , 270 9
’ R87 " 1/64W 1% 12K
-~ R88 " 1/4W 1% 12k
R89 " 1/6W 1% 12K
R90 " T/6W 1% 12K
R91 L 1/6W 1% 12K
R92 " 1/6W 1% 12K
R93 " 1/4W 1% 12K
R94 n 1/4W 1% 12K
R95 " A A.0.T.
R96 " A.O.T.
R97 " 1/6W 1% 12K
R98 " 1/6W 1% 12K
R99 " 1/6W 1% 12K
R100 " 1/4W 1% 12K
R101
R102
o R103
ﬂ R104
S R105
R106
R107
R108
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COMPONENT SCHEDULE —

MODULE SERIES 65 INPUT - CB 9349

. SHEET 4 OF 7 ISSUE 6 DATE 18/6/86
PC.B No DESCRIPTION
R109
R110
R111 ‘
R112
R113

| Ri14

R115
R116
R117 RESISTOR  1/4W 1% 47K
R118 " /60 1% 10K
R119 " /60 1% 10K
R120 " /60 1% 270 Q
R121 " 1/4W 1% 1K
R122 " /60 1% 12K

. R123 " /40 1% 270 Q

: R124 " 1/6W 1% 12K
1 CAPACITOR 470pF 10V RADIAL
c2 " 4TpF 50V RADIAL
c3 " 4TpF 50V RADIAL
Ch g 22uF 25V RADIAL
c5 " , 22uF 25V RADIAL
cé L 4TpF 25V RADIAL
c7 " 22uF 25V RADIAL
cs L 4TuF 50V RADIAL
c9 A " 100pF 25V RADIAL
c10 " 22uF 25V RADIAL
c11 " - - 22pF 25V RADIAL
c12
c13 " 10pF c/D
Cl4 " 100uF 25V RADIAL

‘ c15 " 1500pF
. c16 " 1500pF

c17 n T00uF 25V RADIAL
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COMPONENT SCHEDULE S
MODULE  SERIES 65 INPUT - CB 9349 /]
SHEET 5 OF 7 ISSUE 6 DATE 18/6/86
TRIDENT
PCB No DESCRIPTION PART No-
c18 CAPACITOR 100uF 25V RADIAL
€19 " 33pF
Cc20 n ‘ 100pF 25V RADIAL
ca1 " 0.015uF
ce2 ) " ' 0.015uF
| ce3 " 0.1pF c/D
ca4 " 0.1uF c/D
c25 " 100uF 25V RADIAL
co6 " 22uF 25y RADIAL
c27 " 100uF 25V RADIAL
c28 " 33pF
€29 " 100uF 25V RADIAL
30 " 100pF 25V RADIAL
C31 " 0.22uF
“I.ﬂ c32
» €33 " 22uF 25V RADIAL
C34 " 100pF 25V RADIAL
€35 ; ! 0.22,F
C36 " 100uF 25V RADIAL
c37 " 100uF 25V RADIAL
c38
€39 g 22uF 25V RADIAL
C40 " } 47pF c/D
c41 " 100pF 25V RADIAL
cu2 NOT ON BOARD
c43 " 220uF 25V AXIAL
Ca4 " 220uF 25V AXIAL
cus " 0.1uF C/D
C46 " 0.1uF C/D
c47 NOT ON BOARD
cu8 " 0.1pF C/D
. c49 " 0.1uF C/D
. 50 " 0.1pF c/D
| c51 n 0.47pF S.1.E.
€52 " 560pF SUFLEX
53 g 0.1uF c/D
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EOMPONENT SCHEDULE -
MODULE  SERIES 65 INPUT - CB 9349 /
SHEET 6 OF 7 ISSUE ¢6 DATE 18/6/86
TRIDENT
PCB No DESCRIPTION - PART No
C54 CAPACITOR 0.1pF c/D
55 " 33pF
c55 " (BENEATH FADER) 4700 25y RADIAL
VR ‘ POTENTIOMETER 10K ALOG OMEG
VR2 " 10K LOG C/D OMEG
VR3 " 22K LIN C/D OMEG
VR4 " 100K INV LOG 2G OMEG
VRS " 22K LIN C/D OMEG
VR6 ! 100K INV_LOG _2G OMEG
VR? " 22K LIN C/D OMEG
VRS " 22K LIN C/D OMEG
VR9 " 100K LIN/LIN 2G OMEG
, VR10 " 22K LIN OMEG
: ' VR11 " 22K LIN OMEG
o VR12 " 22K LIN OMEG. .
VR13 " 22K LIN OMEG
VR14 " 10K - LOG/ALOG CD 2G OMEG
S1-10 SWITCH ALPS SUN 2
S11 " ALPS SUN 4
S12-16 " ALPS SUN 2
@
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e COMPONENT SCHEDULE

HARERYY

MODULE SERIES 65 INPUT - CB 9349
.‘ SHEET 7 OF 7 ISSUE 6 DATE 18/6/86
TRIDENT

PCB No DESCRIPTION PART No
LED SQUARE TLSY 5301  YELLOW
no TLSR 5301  RED

FADER ALPS 10K LOG  MONO
- TLOTT

1-c 12 - ML 14053 BCP
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4.1 GENERAL DESCRIPTION

The Series 65 Output/Monitor contains two sections that provide
all the necessary mixing and monitoring facillties that are
required for use with multi-track tape machines, etc. The lower
section contalns a group mixing amplifier for the appropriate
- sub-group. and an associated master fader, plus the added facillty
ot a 3-band equaliser with swept mid-range that can be inserted
elther Into the monitor path or group output.

The upper section provides comprehensive facllities to monitor
the output from a multi-track recorder and by use of the 'Group
Assign' facillity can also monitor the send to the tape recorder.

Let us look at the lower section first. After the signal has
been restored to normal level by the mixing amplifier, 1l.e. the
same level that was present prior to the group mixing resistors,
the signal 1is connected to a jack socket marked 'Group Insert
Send! located on the rear of the meter overbridge panel. This is
so that an external signal processing device such as a
| iImiter/compressor or graphic equaliser etc. can be used to
atfect the entire group ot Instruments. The output of the device
s connected to the 'Group Insert Return' jack socket also

‘ located on the rear of the meter overbridge panel. From the

- 'return' jack the signal is routed through the group fader and
then to a line amplifler which provides an extra 5dB of galn.
This means that any input routed to a sub-master output will be
amplified by thls amount thereby Increasing the overall amount of
galn of +the system. From here the signal routes to the
appropriate rear panel Group Output X-L-R.

The monitor section ot the sub-master module begins with the
'Tape' selector switch which selects to the monitoring clrcuitry
elther +the line level output of a professional tape recorder or
the output or the appropriate group output (in conjunction with
the 1'Group Assign' switch in the case of the upper section).
This makes It instantly possible to monltor either +the signal
feeding the tape recorder or the signal being played back. This
Is known to many people as A/B or 'line-in |ine-out' switching.
From +this switch a feed Is taken for the group output VU meter
and then the signal passes through (in the case of the lower
monitor section) a 3-band equaliser and then a monitor level
control. Since +the upper section has no equallser, the signal
goes directly to the monitor level control after feeding +the
group VU meter and pre-fade auxlil|lary sends. The signal then
passes through a line amplifier which provides an extra 5dB of
galn to the monitoring clircultry. After +this comes the
Ifluminated monitor 'Mute'! switch. By using this switch It |Is
possible +to Instantly switch In or out of the monitoring system
_ . output groups or tape returns If they are not required. ‘
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After +the 'Mute' switch a feed Is +aken for +the post-fader
, auxillary sends and then goes to the monitor pan control. This
. centre detented potentiometer makes |+ possible to place +the
monitor signal anywhere in the stereo perspective. From here the
signal passes through the monitor 'Solo! switch which makes 1t
possible to hear any monitor channel in Isolation  during
recording. Because thls 1Is a stereo facillty it can be very
useful for not only checking whether a signal Is distorted etc.
but also Its position In the stereo field. The 'Solo! function
purely atfects the monitor system so If used during recording
will  not murte any group outputs. After the 'Solo' switch the
signal feeds +the stereo monitor/remix groups.  Because the
monitor/remix groups share the same mixing amplifiers, It is
possible to use +this to advantage during mixdown whereby the
monitor section can become a sub-mixer with up to 16 inputs, 8 of
which are provided with 3-band equalisation. This facllity
Increases the versatility of the Serles 65 enormously as It can
virtuailly double the amount of Inputs available during mixdown.

Up to flve auxillary sends are avallable from each monitor
section, corresponding to sends 1 to 5 from +he Input modules.
Three level controls are provided, auxiliary send 1 is controlled
by the top level control and is permanently pre-fade. Auxiliary
sends 2 and 3 are controlled by the next two controls which can
In turn be routed to become auxillary sends 4 and 5 and are also
selectable pre or post the monitor level control. Because the
auxlliary sends are selected after the 'Tape' switch they are

. particularly useful during recording and overdubbing. Since, for

< example, when recording a drum track, several microphones will be
mixed and equallsed there is very little point In creating a
headphone mix from each ot the appropriate Input modules when a
composite mix is avallable from the Sub-Master modules that are
being used ‘o send and monltor +the feed to a multi-track
recorder. It makes sense, therefore, to send the foldback from
the output groups, which also has another advantage not possible
when sending from the Input modules. Because the output group
auxillary sends follow +the monitoring mode when overdubbing,
there is no need to re-balance +the foldback levels once +the
monitor source switches have been selected to 'Tape' and +the
recorder to 'sync' playback. The musiclans who were previously
hearing themselves as they recorded will Instantly receive a
playback of their recording together with any new track they are
abouT +to record as a composite mix, Multi-track recording is,
therefore, much simplified and far |ess time consuming as far as
headphone balancing is concerned.

As mentioned earlier, the 'Group Assign' swltch makes i+ possible

. for either the upper or lower section +o monitor the group output

and this feature makes the Series 65 an extremely versatile

multi-track mixing console. When recording, for example, with a

16-track recorder, +the first 8 tracks would be recorded in +he

normal manner using the lower monitor section and assoclated

group output faders. When It is required to record on groups 9-

. 16, all that is necessary Is to depress the appropriate 'Group
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Assign' switch. This Immediately routes the group output +to
. _ another X-L-R (for example In the case of group 1 It would become
, group 9, group 2 would become group 10, etc., up to 16). This
signal 1Is then metered and monitored by the appropriate upper
section of monitor. The group has, therefore, to all Intents and
purposes become the 'Assigned! group and by this method no cross
plugging or paralleling of connections Is necessary when
recording on multi-track recorders.

e Reference to the Output/Monitor module system flow diagram will
help to give a greater understanding of the facilities available.

4.2 OPERATIONAL DESCRIPTION

First of all make sure that all rotary controls are at their
default positions, 1.e. all level controls at minimum and centre
detent controls such as pan and EQ level are at the centre of
thelr travel. All push buttons should be un-depressed.

Assuming that an Input module has been routed to an output group
via the Input module routing buttons (located next to the fader)
and pan-pot, pushing the appropriate group master fader to the
top ot [Its travel will cause the assoclated group output V.U.
meter to Indicate In accordance with +the level. When the
desired level has been set (this should ideally be when the
signal level peaks travel just Into the red sector ot the scale),
, the fader can then be set at this position. If however In order
‘ to achieve the required output level the group fader has to be
o set to a position lower than -10 on the fader scale, the input
module . faders snould be attenuated equally until the group fader
can be set nearer the top. All input modules routed to the same
output group will now be controlled simultaneously by the group
master fader. To monitor the programme on control room speakers
In stereo, adjust the monitor pan control so that signal will
appear out or the required speaker and advance the monitor level
control until the desired amount of monitor signal from that
particular instrument (or group of Instruments) is obtained.

If after advancing the monitor level control no signal is heard,
check that the master monitor level control situated In the Remix
Master Module Is advanced fully clockwise as this controls the
overall control room monitor level. Adjustments of any of the
monitor level controls will have no effect whatsoever on +the
signal feeding the tape recorder, etc.

To send a headphone feed via the auxiliary send systems, the
appropriate send should be selected to the ‘'pre-fade' position
and the aux level control advanced until the required balance Is
achieved In the musicians headphones.

For echo the same procedure Is followed except that the
'pre/post! switch is selected to the 'post! position.

‘ The 'Solo' function can be used at any time during recording
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. since its operation Is purely a monitor function that does not

affect the group output signal. When the 'Solo' button Is
depressed it Is essentlal to make sure that the Master Solo level
control (sltuated In the Remix Master module) Is adjusted for a
comfortable monltoring level.

The lower section 3-band equalliser can be brought into operation
by depressing the 'EQ IN' pushbutton located below the equaliser
section. When +this switch has been activated, a vellow L.E.D.
Indicates that the equalliser circuitry is 1In operation. When
using equalisation 1t 1Is important (as with the Input module
equal Iser) to make sure that If a signiflicant amount Is used, the
monitor level Is adjusted accordingly to correct for any possible
overload that may be caused by Its use. In Its normal mode of
operation, the equalisation Is purely a monitor function and will
not affect the signal feeding the tape recorder. However, at the
top ot the equaliser section Is a pushbutton marked 'EQ TO GROUP!
which, when depressed, will insert the equaliser into the group
output so that It can be recorded. Again, when this pushbutton
Is used it Is important to make sure that the group level via the
VU meter is aajusted to allow for any overload that could occur
owing to Its use,

When a track (or number of tracks) have been recorded, it Is a
simple matter +to listen to a playback by simply selecting +the

) recorder to playback and depressing the appropriate

. Output/Monitor module 'Tape' pushbutton. In this mode the module
no longer monitors the master group output but is connected +o
the output ot the tape recorder instead. Because each monltor
section has |Its own 'Tape'! switch, each track can be selected
individuaily +to monltor either the tape machine send or return.
Overdubbing, therefore, is a simple matter of selecting the
previously recorded tracks to 'Tape! (and the recorder to 'synct)
and the tracks to be recorded are left in the group monitor mode
("Tape' switch un-depressed).

Once the first four +tracks (or eight +*racks - depending on
whether the four or eight track version of Series 65 is being
used) have been recorded using the lower monitor section, it will
be necessary to use the upper monitor section in order to record
and monitor elther tracks 5 to 8 or 9 +o 16. This is
accompl ished very easily by depressing the 'GROUP ASSIGN!
pushbutton situated below the upper section '"MUTE' switch. When
the 'GROUP ASSIGN' pushbutton is depressed, the output of +the
lower section group fader Is re-routed to the appropriate upper
section output, 1i.e. group fader 1 becomes group fader 5 in the
4-track version or group fader 9 in the 16-track version. At the
same tIme, +the signal Is routed to an X-L-R of the appropriate
designation and +the signal is metered on a corresponding VU

meter. It then follows that use of the 'Tape' switch in +the
upper section will ailow the operator to switch between +the
console output and the tape machine replay In exactly the same
' manner as was previously possible with the lower monitor section.

If a 'Tape' pushbutton is selected to monitor a group output In a
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monitor section that does not have a group assigned to I+, the
operator will hear nothing as there will be no signal present.

In order to insert an effects device such as a |imliter/compressor
or outboard equalliser In the output group of +the console, +the
'Group Insert Send' and 'Group Insert Return' jacks located on
the rear ot the meter panel may be used in exactly the same
manner as the Input Module Insert send and return jacks. These
Jackpoints operate before the master group faders so +that the
"T'imIt/compression' ratio is unaffected by alteration of the
fader.

Because the Serlies 65 shares the monitor and remix busses, It is
possible fo utilise the entire monitor section as additional line
Inputs during the remix process. This Is accomplished by means
ot the 'MIX' button located In the Remix/Master module and as a
consequence will be described more fully In +the Remix/Master
section or this handbook.
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UPPER E/C

Pt - 1 METER (UPPER)
- 2 EARTH
- 3 TAPE RETURN (LOWER) +ve
- 4 n " n -ve

» e 5 " " (UPPER) +ve SN

- 6 " "- " -ve
- 7 METER (LOWER)
- 8 GROUP OUTPU! (UPPER) +ve
= 9 1" L " -ve
- 10 " " (LOWER) +ve
- ] ‘I " " 1] —ve
- 12 GROUP INSERT SEND
- 13 " " RETURN

LOWER E/C

P2 - +18V
- ~-18V

ELECTRONIC EARTH
"

n
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