IeS

Ision

VIS

ID

M-3500s.

TEAC Profess

ing Console

ixing

-0

j-0if-orl-0f

o

-ojil-o

-DH-Og0

u

-0

ﬁ

3

O -0

: ke e i [ |

a-| o-

o

ﬁu‘g E

1

AR FA I
‘L 2]

=g

-t a-1 o-{ a-f o~

Einigak

0=] g-| O-i o
a-1 8- g-f o=
o-[o-| a7t g

g-| o-| o-| o

o-|.0-| e-|.e-

o-f o-

ol B

(_LOPERATION/MAINTENANCE )

5700119800




TABLE OF CONTENTS

Safety Instructions . . . ...... ......
Introduction . . ..... ...... ..
Mixer Fundamentals
Three Types of Controls 5
Signal Paths . . 5
Signal Routing/Block Dlagram .- 6
The Recording System and its Subsystems P o 7
MainMix ... .. . o e ... 8
8
9
10

2w

Monitor Mlx . ‘ .
Auxiliary Mixes- . -« v oo oo e
Control Room Subsystem -~ -+ - .o oo

BriefGuide . ... ... v i w1112
Connections . . . .. o v vt i e e e e aa 1D
Operations: .
Imitial Checkout and Calibration. ., . . . ... .. .. . ..., 16
Multitrack Recording and Monitoring . T 1 <
Mlxdown._...“.‘.H..‘...‘.‘..H.‘..‘..“18
General Procedures '
Using the Equalizer . .. e ... 19
Gain Staging and Mixing Adv:ce e e 18
Level Diagram . SRR 20
Using Effects .. . e e e Ca 21 22
Alternative Methods . .. . ... . oot e e . 23
Featuresand Controls ... ... ... . v v vivvnwa.. 2436
Voltage COnVersion . .. . . v v v o v v vt iua e e, 3B
Optional ACCESSOMES . . .. .. . oo e e e 32-39
Specifications .. ... ... ... .. .. e . 40-42

@ Copyright 1990, TEAC Corporation’

All rights reserved under international and Pan American copyright conventions
This book may not be reproduced in whole or in part, by mimeograph or any
other means, without permission.

CAUTION CAUTION: T0 REDUCE THE RISK OF ELECTRIC SHOCK, DO NOT REMOVE COVER
R o ST e (OR BACK). NO USER-SERVICEABLE PARTS INSIDE REFER SERVICING TO
L QUALIFIED SERVICE PERSONNEL

' The lightning flash with arrowhead symbol, within an equilateral triangle, is intended to alert the user
A ta the presence of uninsulated “dangerous voltage” within the product’s enclosure that may be of
sufficient magnitude to constitute a risk of electric shock to persons

The exclamation point within an equilateral triangle is intended to alert the user to the presence of
A important operating and maintenance (servicing) instructions in the literature accompanying the
appliance

vt | WARNING: TO PREVENT FIRE OR SHOCK
HAZARD, DO NOT EXPOSE THIS
APPLIANCE TO RAIN OR MOISTURE.




SAFETY INSTRUCTIONS

Before anything else, please remember that the
M-3500 is an electrical device and should be treated with
respect Read the following precautions. Don’t take
chances with your life or the lives of those you work
with

CAUTION:

* Read all of these instructions.

@ Save these instructions for Jater use,

¢ Follow all warnings and instructions marked on the
audio equipment.

1. Read Instructions — All the safety and operating instructions
should be read before the appliance is operated

2. Retain Instructions — The safety and operating instructions
should be retained for future reference.

3. Heed Warnings — All warnings on the appliance and in the
operating instructions should be adherad to

4. Follow Instructions — All operating and use instructions
should be followed.

5. Water and Moisture — The appliance should not be used
near water — for example, near a bathtub, washbowl, kitchen
sink, laundry tub, in a wet basement, or near g swimming
pool, etc

6, Carts and Stands — The appliance should be used only with
a cart or stand that is recommended by the manufacturer
6A.An appliance and cart combination should be moved with
care Quick stops, excessive force, and uneven surfaces may

cayise the appliance and cart combination to overturn

]

7. Ventilation — The appliance should be situated so that its
location or position does not interfere with its proper venti-
lation. For example, the appliance should not be situated
on a bed, sofa, rug, or similar surface that may block the
ventilation openings; or, placed in a builtin installation,
such as a bookcase or cabinet that may impede the How of
air through the ventilation openings

Heat — The appliance should be situated away from heat
sources such as radiators, heat registers, stoves or other
appliances {including amplifiers) that produce heat

9. Power Sources — The appliance should be connected to a
power supply only of the type described in the operating in-
structions or as marked on the appliance.

=

. Grounding or Polarizatien — The precautions that should
be taken so that the grounding or polarization means of an
appliance s not defeated

11. Power-Cord Protection — Power-supply cords should be
routed so that they are not likely to be waiked an or pinch-
ed by items placed upon or against them paying particular
attention to cords at plugs, convenience receptacles, and
the point where they exit from the appliance.

12. Cleaning — The appliance should be cleaned only as recom-
mended by the manufacturer.

13. Power Lines — Any devices connected to the audio system
must be located away from power lines

1.

15

16

17

18.

Outdoor Antenna Grounding — If an outside antenna is
cannected to the receiver. be sure the antenna system is
grounded so as to provide some protection against voltage
surges and built up static charges. Section 810 of the
National Electrical Code, ANSI/NFPA No 70 — 1984, pro-
vides information with respect to f:iroper grounding of the
mast and supporting structure, grounding of the lead-in
wire to an antenna discharge unit, size of grounding con-
ductors. location of antenna-discharge unit, connection to
grounding electrodes, and requirements for the grounding
electrode. See Figure below.

EXAMPLE OF ANTENNA GROUNDING ACCORDING
TO NATIONAL ELECTRICAL CODE INSTRUCTIONS
CONTAINED IN ARTICLE 810 -~ RADIO AND
TELEVISION EQUIPMENT"

POWE R _LINES

STAND-OFF
INSULATORS

MAST

ARTENNA
SEAVICE “"LEAD-IN WIRE
ENTRANCE

ECQUIPMENT . ANTENNA

o DISCHARGE
UNITE

GROUND
2 wiREa b
' GROUND
CLAMPS.

POWER SERVICE

GAQUNDING

ELECTRODE SYSTEM
le g, interior motsl water pipa)

TO EXTERNAL
ANTENNA
TERMINALS
OF PRODUICT

GROUND WIRE 2. b

BONDHNG JUMPER Y GROUND CLAMPS

OPTIONAL ANTENNA GROUNDING ELECTRODE DRIVEN
8 FEET {2.44 m} INTO THE EARTH IF REQUIRED BY LOCAL
COBES. SEE NEC SECTION 810 — 21 {f1

Use No 10 AWG (53 mm?} copper, No 8 AWG (84 mm?) alu-
minum, No. 17 AWG {1 0 mm?®) copperclad steel or bronze wire. or
larger . as a ground wire

Secure antenna lead-in and ground wires to house with stand-off
insulators spaced from 4 feet (1 22 m) to 6 feet {1.83 m) apart

€ mount antenna discharge unit as close as possible to where lgag-in
enters house

Use jumper wire not smaller than No. & AWG {13.3 mm?} copper, or
the equivalent, when a separate antennagrounding eiecirode is used
See NEC Section 810-21{j)

Naonuse Periods — The power cord of the apptiance shouid
be unplugged from the outlet when teft unused for a long
period of time

Object and Liquid Entry — Care should be taken so that
objects do not fall and liguids are not spilled into the en-
closure through openings

Damage Requiring Service — The apptiance should be ser-

viced by qualified service personnel when:

A The power-supply cord or the phug has been darmaged: or

B Objects have fallen, or liquid has been spilled into the
appliance; or

C. The appliance has been exposed to rain; or

D The appliance does not appear to operate normally or
exhibits a marked change in performance; or

E. The appliance has been dropped, or the enclosure dam-
aged.

Servicing — The user should not attempt to service the
appliance beyond that described in the operating instruc-
tions. All other servicing should be referred to quaiified
service personnel



Introduction

Thank you for choosing the TASCAM M-3500 mixing
console. The M-3500 is the latest in a long line of the
most successful consoles in the world. It was designed
for maximum flexibility without compromising perform-
ance in any way. This flexibility increases its value to
you, however it may alsoc make it difficult to under-
stand at first. With study and experience, you will find
the M-3B00 readily understandable, easy to use, and
adaptable to many different situations.

Using the manual: This manual is a reference book,
if you read it thoroughly at least once, you will know
where to turn when you need answers. Not all of this
information will necessarily apply to your studio, but
understanding ali the options will help improve your
sound.

The M-3500 is available in either a 32 or a 24 input
configuration. All information contained in this manual
is valid for both models unless otherwise specified.

Unfortunately, it is impossible for this manual to
cover in detail every possible operation and connection
of the M-3500. Every system is a little different, and so
the manual covers only the typical applications. Also,
this manual is not intended as a complete course in
audio engineering. tf you need help beyond this manual,
turn to your TASCAM dealer. There are also books and
magazines that can provide vatuable information to help
you,

It is easier to understand if you set up the system and
can experiment with the console as you read. Don't
make the mistake of booking a crucial recording session
before you’ve had free time to really get to know your
M-3500.

Use of Capital Letters: In general, we use ail upper
case type to designate a particular switch, control or jack
name or label {like PAD). All upper case type is also
used to clearly distinguish an item from other similar
ongs even if that item is not actually so 1abeled on the
console {like CHANNEL FADER, as distinet from
MONITOR FADER or other faders),

Recording is an art-as well as a science. A successful
recording is often judged primarily on the guality of
sound as art, and we ohviously cannot guarantee that.
Your skill as a technician and your abilities as an artist
will be significant factors in the results that you achieve,
The M-3500 console will perform properiy only if it is
connected and operated as stated in this manual. We
cannot guarantee your skill in adjustment or your
technical comprehension of this manual. However, we
want to do everything we can to help you get the most

-out of the M-3600. So, please, READ THE MANUAL!

If you invest the time and are patient, you’ll find it pays
off in the long run.

NOTE FOR UK. CUSTOMERS

U K. Customers Only:

Due to the variety of plugs being used in the U K.,
this unit is sold without an AC plug. Please request your
dealer to install the correct plug to match the mains
power outlet where your unit will be used as per these
instructions.

Bescheinigung des Herstellers/Importeurs

Hiermit wird bescheinigt. daB der/die/das
AUDIO MISCHPULT TASCAM M-3500

(Gerat Typ Bezeichnung)

in Ubereinstimmung it den Bestimmungen der

AMTSBLATT 163/1984, VFG 1045/1984

{AmtsblattverfGgung}

funk-entsiort ist
Der Deutschen Bundespost wurde das inverkehrbringen

dieses Gerdtes angezeigt und die Berechtigung zur Uber-
prufung der Serie auf Einhaliung der Bestimmungen eingeraumt

TEAC CORPORATION

Name des Herstellers/importeurs

This product is manufaciured to comply with the
radic interference of EEC directive '82/4899/EEC.”




Mixer Fundamentais

Three Types of Controls

Al mixers share some fundamental principles that are
not hard to understand. No matter how many there are,
or what company made them, each control on a mixer
performs one or more of these three basic functions:

1. Input selection—where is the signal coming from?

2. Output assignment—where is the signat going to?

3. Gain control—how loud is the signal?

Keep these three types of conirols {where from,
where to, and how much) in your mind as you go
through each control. For example, LINE is an input
select switch—when it is pressed, signal comes from the
line jack instead of the mic jack for that channel. The
"1-2" switch is an output assign type—it sends the
output of the channel to group cutputs 1 and 2.

| Signal Path ]

The path of signat flow through the M-3500 isn't
obvious unless you read the block diagram, which is a
“road map” of the actual internal signal paths. Every
switch, knob, and jack of the mixer has its place on the
block diagram. These three llustrations will help you to
tearn how to read the block, if you don't already know.
First is the illustration of the top panel controls, with a
number for each. The second is a pictogram, showing the
controls laid out according to how they are wired
internally. Note the numbers matching controls on one
drawing to another. Finally is a section of the block
diagram. Each symbol on the block stands for a jack or
control you can see, or an amplifier stage (symbolized
by the triangles}. By following the signal flow through
the diagram, you will be able to answer questions such
as “is the level at the direct out jack controlled by the
channel fader?” for yourself

Keep in mind that each symbol in these drawings
represents either a “where” or "“how much” point
Using the numbers on these illustrations, you can see
how a control knob on the first drawing relates to a
function on the second, and a symbo! on the third,
Studying these relationships will help you learn to read
the block diagram, on the next page. This is a valuable
skill which will aid you in getting the most performance
from your consote, Experienced engineers can operate a
sophisticated mixing console guided only by the black
diagram.

Not every channel is shown in the block—only one of
each type. Running vertically down the block are lines
calied busses, which are connected to several different
points A buss is basically a wire running across the
entire console, collecting signals from the different
channels, fike a river gathering strength from small
streams flowing into it
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Signal Routing/Block Diagram ]

L nmTawro 4 At w g; w
. . EETREEEE CE I355RY zoEd i
i
INPUT SECTION x24 / x32 L] | | BUSS SECTION x8 i)
i
M F 11 : H GRP MASTER
'] i ‘/-: g >
1 _— L
CHANNEL FADER | l @
Towie LERGE I i
. LIKE LIHPUTY
> o I
H = [INET] = { > & H 1 l_' - " _l

| @ i

g | ® (WwIEE )
|

GRSk SN R N o - VT AR

o [EE® |

n ! —s I

L858 S o T ®

[ )

E ot L) we L1
\_,,_!LPGSYG A 2]

.
X i A 1 O WY

vt

o 5D . 1 —-{;»@‘—[ -

E=eld
(F

@Lrws ]

"GRE" OF MONITOR SWITCHES
L% | s e

ey
-

L [

. O]

I——b—@—] >
@ EHEETER € |

>

tRA ST

N

EFFECT RTN SECTION x2

E. BTN EADER @
ST BADAB BAVIS ANRZ0 SMESEY G/IA2Z TE3 BAG/2E | AL MUTE e,
METER | ) [ [ { STERE0 oUT LB
L R FTADRG S )Z—r ot - L chaeini
: H - v ) -
| ir/mon0 ¢ E]__q 4 Jr—— ,
[ty @ : i STEREQ © i EERECGIT LT
k + INSERT | =R &
\@___. < B BTERES WASTER e {-indw
| T
S SR A t : . P -
P! [ CETERESSTTA 6
i @ 1 ' L CATEm Y
| | — 19 N S I S L4 +
! o i
i . a6 1Ly H T - lsoo friea
Lo i i 7 - T .
b= seweer b | H ;
L= E. RTH EADER H [Fri]
! GRP OUT } SHALL ! : ! e Lac] 1
TAPE 148 T — T
TS ; proo o ] E/—{\ 1 [ 1 7 o
’ TR IV !
e Lo ] [I__J & |
igei & .

1 UNIT

prm == o o
AMFLIFER - ' ! '
O e umer [> | Aux bt | | £
2 IPERATIONAL LEVEL i 1 RUX 2 t . b b3
10 dBY B e e o o e T e s o e | aux 3 5
—*\—* SELECT SWITCH g SUMMING | AUX & ¢ N H
- T e . 3 AL L e @R . ;
slelelalel | elmd x| wfx| = z|zl S 3[:0F | AUX 6 L 4
—on HHEEEEREE HEIEIE E - T | exr |
) ACA JACK ~o— 2TR
@ —a L50) osc
PUSH SWITCH D BALANCED INFUT 407 007 1h 2 10w £ 1k
- AMP
(o 3 XLR-3-31 —q LIFIER
o EQUIVALENT 4

ELECTRIC — Heetd 44114 L] 3

G mess e S Dy s i

() EQULVALENT {TRANSFER A B} R i 1 I OO 0 T S N N )
ELECTRIC ] =

SWITCH %,
LED

PAD

W @ "
47 JACK

o’

(JNSERT EVREAK )

T

fffff TONTROL SIGMAL

STUBIG BUT_(RY

tosEut

RITARY FOT

A
{L"—-—e 174" STEREG JACK

‘®7
—p—
{7
{ PAN POT
7

LEL LEVEL METER

TWETER F—— ———e — Y
[wETER - H

| 5TUb]A ¢ ;
@ | €. ROOM | .

| I ‘ | E— ‘>—“———O—V
| STERED | = - < . Qj = PHONES 0UT
L , }
LINEAR FADER VU METER e [52] i i L

+ LONNECTION NODE
—+— SUMMING NODE




"|lans| INdING (BUUBYD URW &) 5195 {UMOYS Jou) Japey [auuey?s)

(*l2A8] [euiwou Joa0 gp 82-ge 51 Buiddls) -Alsedold sjaas)

WL} INOA 19584 UBD NOA 05 “1401S|P [jiM [SUUEBYD 3Y1 JO STILOJI05|8 8} 810180 gp-C-UQ S806) "I0IBJIPUL PEOIBAQ 110
“spuas

AlRI|IXNE | S04 Aue pue “oel 1no 30a01p 2yl Xnw osals pue sdnodb Indinoayl 01 jeubs 1o sInD {wep) 1NN
. {*ua3sy| apel-aid ouow B 58 $308 ()OS UMOP S UOIEOES
UIOOY |CJILOD BUL Ul YOMMS -4 9Yl UaYp) 'saxiws AJeljixne Jo 0sJals ayl 4o sdnosb indino jybia ayi o1

Xt ay3 BuIloayse INOULIM ‘UDI09S L0 |0J1L07) 2yl O s[euBis 1ay1o j|e 5110 “uo usyyy "soe|d-ul-0los 024818 1OT10S

“(*21a “g-1) sdnoJf uana/ppo UaaMIBY PUE 'XIW 08Jals Byl Ul |sUuBYD 3yl Jo uoilsod ued Ayl s18g  {WIBW) NYd
XIW (H-) 084015

ay) o} Ajsedlp Jo 'sdnoib 1ndino.1ybis syl 10 Aue 031 |auueyd 8yl JO 1NAINO 8yl puss :SIHILIMS LNINNDISSY.

uo1399s Indino puueyy _

¥d

Xiw (Y-} 084a1s syl Ul 10NUOW 3yl Jo uoinsod ued ayl sleg  :{J0MUO) NVd
"i2pey 20HUOW BYL WOy [BUBIS 14O SIND)  {1oMuoy) I ENN

‘BurioliuowWw SB |jam se BuiXiugns 104 fnjesn estnos
AOLUOW 3L SB XIW WEW 8yl O INdING 4N0YL Bulpuodsalioo 8yl 108(85 0} S5ald :{A|UO S|PULEYD g 158[) HD

(03-350d ‘dapes-I4d) |puueyo uiew eyl wody [eutis sy s3eb Jojuow ayl ‘passald Uaypy 34
Indul INIT NO @u 'NO dild
ndui JIN 440 8ui 'NO diid
indul wiMmed 34v1 440 difg
|suULteUD 8yl so dol
UL 1B SBUYDHUMS JN |7 PUE (T4 23Ul Ag 385 sE “Incur ue wouy jeubis 188 jjim Jonluows eyl ‘pesseld usypy  (Induj)  sdNI

e

XIW 8yl 01Ul {Suinlad 5198448 'sSuawInksul (W) sindul [euoippe Bullg

Ol Pasn 8q OS[e LY 1 UMOPXIW 1Y *(S[SUUBYD a4} WO 10 ‘SIN0 dnedb 8yl *SORJIILINW SYL W04} XILL JOUOW

e dojanap 01 pesn s, Bulpiooal Buling "xiw 084315 ayl BuIpeay (89| syl 5185 Japef 1JOUS SIY]  :48[pe) J0IIUO

UOI103S 101UCLL aulj-u] _ m

"Aluo g pue g XNy o} [eubis yo siD {xny) ILNN _ _

@
et

~
-

‘lauuEeyo tiew ayl Wody puas 1sed Jskiouy 19 XNy =
‘jJsuUBYD UIBW BY) Woa) puas 3sod ¢ ig X:d.lL _
*lapej-aad $1 924n05 8yl “dn 51 11 UBYAR "EAOTE ${0NIU0D XY i
a1 A0} a24nos Ayl 5B {YOUMS NOW 8yt uo Bujpuadsp Joliuow 10 [BUURUDY JBUNS) BpBL 1S0d 5199188 1 . 11 S0 merrrmrmrer——d
‘@2inos JOJIUO/ 3y} uo poseq saxiw
{(an2) suotdpeay jualajjp dojeAap 01 10 'Xiw JOUUoW INCA UO §1aal48 Ind 01 nNOA Smoffe siy| ‘pesisul sounos

fi

9

ayl se (Japey 1104s) HOL INOIN Y3 5309105 NOIN BLisseld "|auueyd sul S $-1 XNV §O 62In0S oYl “A||ELION NOW

"(/€ 01 Z/1 WO} 3 2A0dE SPUSS XNV U1 JO UOLIBUNISSP a3 sabUeyy g
TAJUO P SALBI|IXNY 109448 53UDMMS 8011 8U

N

FANIAY

(MO YOLMS AC 188} § 10 Z spuas AJeljIXne 1o} [03U0D [are™ pfZ XAY

(mo)aq youims A 18s) £ 10 | spuas Aleljixne Jof [0UOD [8A37] g/l XNV

A 4
&
A

~
Far

101UOW 34 Ul $308)40 0L ‘19pe) J0UUOW 1504 .

UMOPXI LW 18 $108148 104 ‘SpUsS 19pey [aUURYD 180 .

saxXiW auoydpesy OIpMs 10} *J01ILOW Y 19UUBYD UL £J0 SpUss JBpey ald .
ise pasn squeD Bsay ) p-L SFIUVITIXNY

spuas Adelpixny

‘310 uaym yled feubis syl Wody Jazijenha syl saaowsd A|[e10] D3
‘zH 00z 01 dn satouanbaly 19838 Ued ‘2 QL 1B 1ulod BulA|3YsS Ylim |01IU0D sseq sdAL Builaays 1001
ZHY €71 01 ZH Z ) aBuel Aouanball deamg P MO
"ZHM €1 01 zH OZk 5t abued Aousnbauy dasmg plN [H
*ZHY G 01 UMOop seiouanbaly 108348 Ued ‘ZH 0L 32 awod GUIA|YS Ylm [08U0D 81ge sdAl BuiAjpys 0L

&

|

\z‘/
Ak

~.
-

+
1

sdeams Aouanbaly sBueipiw 7 Yum pueq ¢ taeznenby
110 pAYDLIMS

a
8
3

+ o~
&
B

P

-~
-

s N d N v PLIY)
it o ST T A

ST

ki
XY

€/l
xnv

O

[<x]

(=}
e

DI
o7

i
H

St DT eyl Uaym uans B|ge|lBAR $,1] °UOI085 [T a3 su0eq ‘(ados earloo/gp Z1 ‘ZH 08) 19314 584 YBIM  iddH

uw
a
x

uonezjenby 1_

m
.x_EoEmumc«Bﬂ:a:__Soumﬁmc:nsow\m:._:ym._ﬂowtmhomusa:_vm__obcoo
QI 10} (si2pBy 3I0YS) LOITISS JOHUOW By} BSN O} NOA SMO||B SIYT UMOPXIL LY “[INIT 40 DA 89 UBD yaIym)

|BUUBYD UIBW BYL JO 324N0S AL YUM (adel Alensn si Yolym) INgN| JOHUOW 8yl 0 801N0s BUL ,SAIlY,, SIYL i} s

=
]
i

é

"JOHNOS Indut 2y Se (D] J0 pesIsul) IN|T 198}9s 03 $Sald  {Yo3MS) FNIT
‘WI00Ipesy 40 @p GZ YNM utefe ‘AGp 0Z+ o1 0z~

[EUIUIOU WICJ) STRUBIS 1RPOLIWLODOE YD Indul sul| paosueleduUn ay| (Wil feas| Indul aul eul s1eg  :{aod) INIT
'9)B|IEAR WIOOIPESY 4O P GZ [2Uol ppe
UB U1l 'Pelosuu0d ag UBD wigp b+ JO [BUBIS [8A8}-0UI| PITURIEY B ‘UO UOUMS (IWd YT UYLIM ‘UIED WNWILIW 1y
"(wgp Gz~ 0% £9~) AP Zi sBuBl Indu| (i) 9A3) INdUi W B SIS DI

&

e

&

\EEI
Pt

-

anr

@

~
-

B

Indul (41X} DI 943 Uo ped gp Og B $ind *Avd

ol (41X} DN 38U 01 Jemod wolueyd A g satddy  (HMd

uaunsnipe pue uo1199(as 1nduy _

apIny youg 00SE-N




MASTER SECTION

EFFECT RETURN: The four dedicated effects returns can be

soloed, muted, and assigned to any output groups or the
stereo mix as required, just like a channel. You can
print the returns to tape, or iust hear them in the
monitors.

auxiliary outputs.

——— AUX MASTERS: These are the six master controls for the

~—METER SELECT: The stereo VU meters at the head ot the

console can follow the Stereo, Control Room, or Studio

e MIC: This is a built-in talkback mic, which can communicate

with different output feeds {see below).

~=—08C: Oscillator, frequencies 40, 100, 1k, 10k, and 16k Hz.

TONE: This applies the oscillator to all eight output groups
and stereo sends.

mixes. In the Stereo position, Solo/PFL brings an
individual channel up on the meter so that trims can be
set easily.
| .
- ® @®
EFFECT RETURN AUX MASTER
.— N w h. »caa/ v bcx»z |,
& W | |-
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o} o f e | | e J—— | 0] METER SELECT j| os5¢C
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w0 —| f— | - | {0 —| f— | -w—|[ [~~~ [ CONTROL ROOM
SN |} N DV [} N OV N DUV | . [(oened]  [[laee
3 3 [
= = = = [ o :
Db:xu
| ,DE: STUDIO TALK BACK A“ Talkhack Section
g AUX
. » . - " -4
R M [+ L] . [ s EFIJ These controi where the talkback mic s assigned:
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.Dm.m [Jee [Jse [Jse Ny == o S| ATE  sends the mic to all 8 output groups and stereo sends
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e LS [ [Jun [ v Nl e M FC: - This adiusts the volume of the talkback mie, wherever
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STUDIO
A separate set of stereo outputs on the M-3500 is designed to
be sent to a studio amplifier, for communcation and play-
back.
b CR:  The studio outputs are usually fed with the Stereo mix.

e PEL {switch):

[ conTROL ROOM _

S0OLO: This control sets the volume in the control room
when any SOLQ switch is pressed in a channel {if the
PFL swtich is up). ““Solo” is stereo in-place, post-fader,
The indicator will light if any SOLO switch is down.

PEL {level): Pre-Fade-Listen. This control sets the volume of
the PFL feeding the control room speakers when a
SOLO key is switched, if the PFL switch 15 down, PFL
1s similar to SOLQ, but gets its signal from pre-fader so
you can hear sources in the control room before hring-
ing them into a mix, and is mono nstead of stereo.

Toggles the solo system between SOLO {Up)

and PFL (Down) modes.

e CR {Control Room}: This is the master volume control for
the feed to the control room mohitor amp and loud-
speakers.

MONMNO: This makes the Contro! room mix monophonic.

DIM: This lowers the controf room level by 30 dB.

A and B: These switches can turn on the feeds to two
separate control room amplifiers, typically one for large
monitors (A) and another powering small near-field
monitors (B). Only one can be selected at a time,

CONTROL ROOM SOURCE SWITCHES: These select the
source of the contro room mix, between the STEREQ
mix (normal monitoring position}, 2TR (2-track play-
back), EXT {External stereo source 2-track playback),
or AUX 1-6 (the six auxiliary mix outputs of the
M-3500, so you can monitor the headphone or effects
send feeds).

L.

o

s ol

But when CR 15 pressed, the studio mix will be the same
source as the control room.

~MONQ: This makes the studio mix monophonic.
PHONES: This is the volume control for the built-in head-

phone amp, which :mm the same mux as the STUDIO
output {except tor talkback),

STUDIO: This sets the level béing sent to the studio cutputs.
ON: This turns the studio outputs on and off. {The TALK-

BACK switch can still address the studic, even if it's
off).



The Recording System and its SUBSYSTEMS

There are six elements to a complete recording
system:

Multitrack recorder

Mixer

2 track (mixdown) recorder

Input devices (microphones, synthesizers)

Output devices {headphones or amp and speakers)

Effects processors

{Reverb. Delay,
Echo, Comp., ete.)

Control Monitor

and Amplifier |

o
— o
/A Talent Cue . eg : .clunn I@ @0

- " 2-Track
¥ Recorder
;5| s 6 o FEE S e P BEE L

DQaesser
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Instruments

Multitrack
Recorder

Note that the M-3500 is acting as the traffic control The M-360C is actually a collection of different
center for all the other system elements. [t takes sub-systems. Each subsystem is a “mixer” in its own
muitiple inputs, processes them for level and tone, and right, with its own task to perform. Each subsystem
sends of assigns them to multiple outputs. The mixer is has its own inputs, processing, and outputs,

easier to understand if you look at its relationship with
the other elements one at a time.



MAIN MIX: The primary system is the main mix.
It receives signals from the input jacks, routes them
through equalizers and faders, and sends them to any of
the eight group outputs selected. Each group has its

PW H

+48Y 9 @ 0
® ch TRIM  Line FLIP HPF
e ;:?&3;:;-
2] LINE P
o TEm To MONITOR mix
ectton
LINE IN @::)&

TAPE IN @)

To LED Meter

(CHATNEL) N
MUTE

@

D.OUT

*) **1 Gae the Monitor Pictodiagram helow.

MONITOR MIX: Just above the main (large) fader,
pan, and assignment switches is the Monitor section,
with its own (short) fader, mute, and pan controls.
Usually, the monitor is “listening 10"’ the outputs of the
multitrack recorder {or tape returns}, but it can also

own master level control and is usually connected to a

track of a multitrack recorder. The Main Mix can also

send signals to the L-R {left-right} Stereo mix, for final
_ mixdown or monitoring in the control room.

GHANNEL
FADER

To LED Meter

BUTTOKRES

= 4

EVEN(H) @

@ ADER
ASSIGN Y > o

®

STEREOD STEREQ ®
MASTER STEREC STEREQ QUT

@:-“1'——\>@L
g@;_\_’)@ n@

To CR Section
{STEREO in the CR Sourse
Setect Switch Rack ) )

receive signals from the groups or from individual
channels. The monitor is necessary for multitrack
recording. 1t allows you to hear various signals {five,
prerecorded or in combination} during the recording
process so you can make critical artistic decisions The

PWR To Main Mix Section @
=y @
I
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MASTER INSERT
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~ From 7] in MAIN MiX
{last 8 channels only)

@®

STEREQ QUT

To CR Section



monitor section always feeds the L-R Stereo mix, and
doesn’t affect the levels being sent to the group outputs
by the Main mix.

At mixdown, however, the monitor section can
perform an additional function. The FLIP switch allows
you to rolte supplementary inputs (such as. effects
returns or MID1 controlled instruments) into the stereo
mix using the monitor section, doubling the number of
sources if you wish. While this monitor path does not
have EQ it does have level, pan, mute, and effects send
capability.

AUXILIARY MIXES: An “auxiliary” is a little less
independent because it gets its signals from antoher
system (in the M-3500, either the Main or Monitor
path). It is even less independent if its source comes
from POST fader—-when the fader goes down, the AUX
send goes down too. In the M-3500, the aux systems are
usually intended to feed effects sends or headphone (also
called “cue’” or “foldback”} mixes. What they'l! be
used for in your studio is entirely up to you. Think of
auxiliaries as additional mixers, performing mixing
duties separetely from the main mix.

The upper two knobs of the AUX system are the
most versatile. You can control both where the signal
comes from (pre or post, main or monitor} and where it
goes to {Aux 1 and 2, or 3 and 4}. When all the switches

0-0 -
Qg;@* v, BOBGTE

NPUT | EQBALIZER J

iy
\\\\\n§\\g

MCNITDR |-
FADER

are UP, the two controls are getting their signal from the
main signal path, before (PRE) the fader but after the
EQ. This allows it to be used as an independent head-
phone feed whose source is the channel {similar to
“monitor” or “foldback” controls on a PA board),
When the POST switch is pressed, the top two aux pots
get signal from after the main fader, making them usable
as effects sends from the channel. 5o “POST" is an input
select switch {“where from"’) for the top two auxiliaries,

The MON switch is also an input select for the first
two auxiliary knobs. When it is pressed, the signal will
come from the Monitor signal path. When MON and
POST are both pressed, the two controls above can act
as effects sends from the monitor section. If POST is up,
they can act as independent cue feeds from the monitor

The 34 switch is an output assign switch. When
pressed, it sends the output of the two controls above it
to AUX busses 3 and 4, instead of their usual 1 and 2.
This is used when you have special effects that aren’t
needed across the whole console. For example, some
drum channels can access a gated reverb attached to Aux
1. The vocal channels can still be processed through a
plate reverb connected to Aux 3

Auxiliaries 5 and 6 are comparatively simple, They
are always POST MAIN and will usually be used for
effects sends The MUTE switch beneath them applies
to Aux B and 6 only,

TR [303
\\\\\uu\\\m‘. '--—_._’i‘)'—____;_—__‘> TO ASSIGN BUTTONS
CHANKEL ‘
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& A
O\ @
Pm—

MASTER 1

= AUX DUT2
AUX
MASYER 2|

ﬁ AUX 0UT 3

‘,_‘—:>

IMASTER 3|

= AUX QUT2
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CONTROL ROOM SUBSYSTEM: With all these
subsystems gaing to different places all at once, how can
the engineer focus on one at a time? This is the task of
the Control Room and SOLO section. The Control
Room stereo outputs are intended to be connected to an
amplifier and monitor speakers in the control room
facing the console, Nine input select switches allow you
to hear any of the AUX outputs, external stereo re-
corders, or the Stereo output of the M-35600 (which is
the usual position, so you can hear the shori-fader
monitor section in the control room).

Regardless of which source is selected by the Control
Room switch, pressing any channel SOLO switch auto-
matically cuts off that source and sends the Solo (or
PFL) mix to the control room monitors. The Solo
system is used to adjust trim, level and tone in an
individual channel or group of channels. it allows you
to immediately hear only a few signals, and just as
quickly return to hearing the entire mix.

There are two types of solo: Stereo Solo in place,
and PFL (Pre-Fade-Listen). You select the type you

VM@'@@@'@K

iINPUT EQUALIZER i

n\\\\\\\\\\\
\\\\\\\\\\\\

want on the control room PFL switch. Solo takes its
signal from after the channel pan pot so you can hear
and adjust the level and position of signals in the sterso
mix. PFL gets its signal from pre-fader, so you can hear
a signal before bringing it up into the mix., SOLO and
PFL each have their own master controls.

There are two sets of CR outputs, A and B. This
allows you to have two sets of amplifiers and speakers
(typically large and small monitors). You can DIM the
control room monitors to speak to someone for a
moment, or put them in MONO to check for compati-
bility.

There is also a Studio output and control, intended
for a set of speakers in the studio for playback. Usually,
this receives the STEREO output, unless the CR switch
is pressed so the studic will follow the control room
selection {including SOLO/PFL). The headphone jack
of the M-3500 itself follows the Studio mix {except for
the talkback}.

@

B === Te GRP1-§8USS
2
N ~———""> 70 s7EREO BUSS

(78]
2R N LA -—'__

®

FROM STERED MASTER

Your M-3500 combines ajl these mixer systems—
main, monitor, auxiliary and control room—into a
complete audio production system. On the next page is
the M-3500 Brief Guide, a quick index of the top panel

10

Assign
Buttons

GR ouT AL

.[‘.R QUT A (R
Level ‘ . CR OUT B{L}
CR OuT B (A)

f//—;{) swnm ouT L

éﬂl

‘ p— %. STUDIU QuT R
™ @ PHCNES OUT

controls of the M-3500 It can be removed from the
binding if you wish, More detailed explanations of each
control and jack are in the “Features and Controls”
section on pages 24-36
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Hustration shows the 32-input version.
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Connections

This section of the manual is designed to help you
connect your M-3500, The “Operations’ section is
based on these connection diagrams However, these
methods are not the only way to use the M-3500. As
you learn the features of the M-3500, you will discover
afternative ways of connection and operation which may
better suit your needs

When installing your system, make sure all devices are
turned off and the level controls are turned down.

Power:

1. Place the PS-3600 power supply unit within easy
reach of the cable to the console. Do not place it
directly under or over signal processing gear in a rack, as
it may induce electromagnetic hum in those units if they
are not properly shielded.

2. Connect the multipin cable from the power supply
to the M-3600.

3. Connect the AC plug of the PS$-3500 to an outlet,
Try NOT to use outlets that are on the same circuit as
air conditioners and old refrigerators, These things may
introduce noise to the systemn, All slements of your
system should connect to the same circuit if possible,
but not to the same plug. There are several multiplug
power conditioners on the market that do a good job of
filtering out spikes and noise that come through the AG

Stereo
Headphone

line. Make sure that the outlet you connect to is
properly wired; AC. outlet festors can be inexpensively
purchased at electronics stores. If other units in your
system have three prong AC cables, it is possible they
may introduce “‘ground leops” or hum in the system if
the AC ground is not secure. {f this happens, you may
need to ground elements separately and “lift” the
ground with a three prong to two prong adapter. Make
sure you follow the manufacturer's recommendations
before you do this, though.

Proper audio grounding and shielding is a study in
itself. Your number one priority is the safety of the
system, and second is getting low noise. Standard
industry practice has become the “star ground”, where
all system elements are grounded at one place only:
the console or patch bay. If you have problems with
noise, or any “shocks”, consult a professional in studio
electrical system design,

INPUTS:

In this example, we are going to assume you aren’t
using a patch bay. However, as your system grows, you
may find ft will make your life easier to acquire some
TASCAM PB series patch bays.

MICROPHONES, low impedance {200 to 600 ohm)
can be connected to the MIC jacks. If they are phan-

Amplifier

CI[Digital Reverb Unit ﬂ

t

# F-y

DL Digital Delay ﬂ

'
l Digital Reverb Unit

l__':

Compregsor, Limiter,
or Noise Gate

U]
0ooo0

e N_o

~lseee

2-Track Recorder

Hesente

# y
m Reverb Unit ﬂ

tom-powered type, press the PWR switch for that
channel; otherwise leave it off. Line level XLR outputs
may also be connected to the MIC jack, if you press the
PAD swtich, lower the MIC TRIM level, and make sure
PWR is off,

LINE INPUTS, such as synthesizers, guitars, and
drum machines, may be connected to the 1/4” LINE IN
jacks. Some guitars may sound better if theyre run
through a preamplifier or direct box first,

TAPE RETURNS, the outputs of your multitrack
tape recorder, should be connected to the TAPE IN
jacks. They are designed for -10 dBV unbalanced tape
returns. Use good quality shielded, low capacitance,
high RF resistant cables such as the TASCAM Pro-
fessional series. Cable lengths up to 20’ are acceptable,
but the shorter the better,

{f you're not using all the tape returns, you can use
your “spares” for other high-level line inputs if you wish
—if you look at the block diagram you'll see the only
difference between TAPE and LINE ins is that Line has
an input trim and amplifier.

If your tape recorder has only XLR-type balanced
{or unbalanced}) +4 dBm connectors, an optional bal-

ansing amplifier LA-3500 is available.

OUTPUTS to Multitrack:

1. Using good quality cables, connect the GHP GUT
jacks to the same numbered track of the multitrack
recorder. Color-coded plugs help. Note that if you're
connecting to a 16-track recorder, Group 1 will feed
tracks 1 and 9, Group 2 will feed tracks 2 and 10 etc,

2 1in some cases, your 16 or 24 track recorder will
“normal” the connections, so you only need to run gight
cables to your recorder. For example, the TASCAM
MSR-24 has an “Input Link” feature that patches the
track one input to tracks 9 and 17 if desired.

3. If you need to record more than eight tracks at
once, you will use the D OUT (Direct Out} jacks on
certain channels. See p. 16, Right, "Recording on more
than 8 tracks’.

Control Room and Studic Amplifiers:

1. Connect the CR OUT A XLR jacks to the input of
your main control room amplifier. If your amplifier
does not have XLR inputs, obtain an adapter cable or
make one according to this diagram:

+4 dBm to - 10 dBV Conversion Cable

Connection to - 10 dBV amp inputs

PIN

- SHIELD [GROUND}

CR QUT XLR jack

{F HUM OCCURS
CUT THIS WIRE

e —fhéf /') siGnac cenTer conouctor) [ |
SHELL \J ~J

RCA PHONG PLUG

= TIP SHIELD {GROUND}

IF HUM OCCURS
CUT THiIS WIRE

Cﬂ_....——___ m SIGNAL [CENTER CONDUCTOR} m \'
x_']’u. W ]

SLEEVE
1/47 PHONE PLUG

2, If you pian to have a second, smaller set of control
room speakers with a smaller amp, connect the CR QUT
B jacks to it, as abave,

3. If you plan to have speakers in the studio, connect
tha STUDIO OUT L/R jacks to its separate amplifier.

Mixdown Deck:
1. Connect the STEREC OUT L/R jacks to the input

of the stereo mixdown deck. f it is a +4 dBm XLR

machine, use those connectors; if it is a —10dBV
unbalanced machine, use the phono connectors above,
Both connectors may be used at once, feeding multipie
mixdown decks {for example, a DAT and a standard
stereo cassette).

2. Connect the outputs of the mixdown deck to the
2TR IN XLR connectors, or to the EXT N unbalanced
connectors above them,

Effects Devices and Cue Amplifiers:
1. You will have to decide how you want to use your
auxiliaries. In this example we will connect AUX SEND

Y

1 and 2 to a stereo headphone amplifier, AUX 3 and 4
to two digital reverbs, AUX 5 to a digital delay, and
AUX 8 to another reverb unit. Note that in this case,
the digital reverbs are not “true’” stereo even though
they have a left and right input, so we only connect to
their MONGO input.

2. Connect the outputs of the effects devices fo the
effects returns. In this case, we wanted to use the
synthesized stereo outputs of the digital reverbs, so the
AlUX 3 and 4 units connect to effects returns 1, 2, 3,
and 4. The outputs of the other effects units are con-
nected to the left over tape returns on channels 17, 18,
19, and 20.

3 tf you have a compressor, limiter, or noise gate, it
normally is connected to an INSERT point, using a
PW-2Y or PW-4Y insert cable. Don't connact these yet,
until you're up and running, because it’s one more set of
controls in the signal path that might cause confusion.

See p. 21, "Using Effects’” for more detail on effects
processing.

15



Operation: Initial Checkout and Caribration

Preset the Controls: To avoid problems, begin with
the power off. In each channel, ““zero out”” the controls
as follows:

® Bring all the faders down.

® Set all MIC and LINE trims, AUX sends, AUX
MASTERs, CR, SOLO, PFL and STUDIO levels to full
counter-clockwise {7 o‘clock).

e Set all EQs and PAN controls to center {12
o'clock). You may feel a "detent” at their center
position, except for the EQ center frequency controls.

® Make sure all the switches (such as CHANNEL
ASSIGN, EQ and MUTES, FLIP etc.) are up ({off},
except for any PWR switches you need for phantom
power microphones.

¢ Depending on what inputs you have connected,
set the channel Input select switches (LINE) to the
appropriate position: MIC (up) or LINE (down).

Testing Connections To and From the Multitrack

1. Once all the connections are made, begin energiz-
ing the system by first turning on any electronic instru-
ments, then the mixer, then effects devices, and finally
the power amplifiers, NOTE: When shutting a sound
system down, turn the power amps off first. Wait at
least 30 seconds for capacitors to discharge, then
continue to turn off the remaining equipment

2, On the far right side of the console, set the oscil-
lator frequency to 1 kHz. Press TONE to the down
position,

3. Make sure the switch on the master meter bridge is
set to read “Group 1-8".

4. Slowly raise the Group 1 master fader to 0"
{about 2/3 up). You should see the Group 1 LED meter
on the M-3500's meter bridge go up.

5. Put your multitrack recorder into INPUT or REC
READY mode for track 1. 1ts meter should rise to
match the meter on the console. (If the recorder has
input level controls of its own, raise them until the
meter reads 0 VU, )

6. Press INP next to channef 1's monitor fader. Raise
the short monitor fader to its nominal (0 dB”} posi-
tion

7 Slowly raise the STEREO master fader. You
should see the two VU meters start to move If not,
make sure the METER SELECT (the 3 switches on the
console, not the 4 on the bridge above} is in STEREQ.

8. In the control room section, select STEREQ and
press the A button. Make sure that no SOLO lights are
on -anywhere on the console, and that DIM and MONO
are off. Slowly increase the CR LEVEL control. If you
haven't already, raise the level controls on the monitor
power amplifier. At this point, you should be hearing a
pleasent (?) 1 kHz tone in your monitors. Congratuta-
tions. if not, some connection is crossed or loose,
Retrace your steps and try again. |f you're really stuck,
put a prerecorded tape on the multitrack and put
it into play, to check that the tape returns are working,
Or start at the amplifier inputs and work your way back
{did you remember to wire the speakers?}. Be logical
and go one step at a time—eventually you'll find the
knob that’s set wrong, or the cable that's bad {even new
ones are, from time to time).

Once you've gone through this procedure on track/
group 1, do the same for all the other tracks and groups
in turn. : :
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Meter Calibration: It is normal for slight variations
both in the meters and in the fader readings. If a fader
must be set a little above “0"” to get 0 VU, it's nothing
to be worried about. The meter settings of the M-3500
are very stable, so recalibrating the meters of the mixer
itself is not advised unless you have an extremely
accurate voltmeter. [f levels of your multitrack don't
match those on the mixer, the multitrack may need
calibration. If the tape meters don’t play back at the
same level you recorded, a complete alignment of the
deck may be needed to bring everything back into
“spec”. Level differences of T dB or less may be due to
other factors, and should not be of concern,

Set the 2 Track Level:

You can also set the input sensitivity of your 2 track
mastering recorder. Adjust the STEREO Master fader
until the M-35800's VU meters read O VU Put your
mastering recorder into INPUT or RECORD mode, and
adjust its input control until it reads 0 VU on that unit
(some digital recorders may use “-18" as their 0 VU”
point). When you put a prerecorded tape on your two
track, you should be able to heat it in your monitors
when you press the 2TR or EXT switch in the control
room,

Set the Control Room Amp Level

If the CR leve! controf is set relatively low (below
12 o'cloek), and the monitors are very loud, it's a good
idea to turn down the controls on the power amplifier
itself. This is a safety precaution to avoid damage to
your monitor system, and it also leads to quieter
operation.

Set the Input Levels

At last you're ready for audio. Plug a microphone
into a channel and make sure the LINE switch is UP.
Turn the MIC TRIM up to the 12:00 position. Press
that channel’s LR ASSIGN switch. Slowly increase the
channel fader to the () dB position while someone speaks
into the mic. You should hear it faintly, if the STEREO
fader is still at its nominal position and the CR is set to
hear STEREQ. Slowly increase the MIC TRIM until the
stereo meters read 0 VU, (Watch out for feedback if the
mic is in the control room.)

Setting LINE TRIM is basically the same procedure.
Remember, these procedures are only initial. In actual
performance, further adjustments are usually needed to
fine tune the settings. For more information on setting
gain, see p. 19, ""Gain Staging and Mixing Advice "

If the channe! signal level is too high, the channel OL

(overload) LED will light 1f this indicator comes on,

turn the MIC or LINE TRIM control down.

Setting Auxiliary and Effects Send Levels

Getting the right levels to your effects devices is as
important as setting levels to the recorder. Once you
have a line or mic signal working at the proper gain, the
“2 o'clock” position of the AUX control and AUX
master should make the meter of the effect device go to
its "0 VU" indication, whatever it may be, Consult tfie
manual for your effects device, and see p. 21, “Using
Effects” for more information. At this point, just verify
that you're gefting signal to the device, and that it is
returning to the console (either through the effecis
returns ar the monitor spare inputs).

Operation: Multitrack Recording and Monitoring

Multitrack recording is divided into three separate
mixing tasks:

1. We must route the input signals to the desired
tracks of the recorder at the proper level to achieve the
best signal-to-neise ratio.

2 We need one or more cue mixes for the artists

3. We must create a monitor mix in the control room
for the engineer and/or producer.

To be most effective, these three mixes must be
independent of each other.

Decorder Mix ]

Routing the inputs to the multitrack is a simple task.
Once you have set the input trims properly, press the
channel assign button to send the signal to the correct
output group. Remember that the MAIN PAN control
mist be set correctly—signal won’t make it to group 1
if the PAN is turned hard right.

Remember that although the M-3500 is an eight
group design, the 16 outputs and in-line monitoring
miake it possible to perform 16 or 24 track recording and
mixdown. Each group supplies signal to a pair of group
output jacks. Each pair is controlled by a single group
master fader, and the signal is identical at either jack.
Typically, group one feeds track one, track nine, and
track seventeen. There’s no need for an on/off switch or
additional assignmeni—those selections are made at the
REC FUNCTION track switches on the recorder, and
the high input impedance of modern recorders means
one group output can feed more than one track anyway.
Since the whole idea of multitrack recording is to build
up tracks a few at a time anyway, it usually isn't neces-
sary to have as many output groups as tracks.

As far as fevels are concerned, if your equipment
is properly calibrated the meters on the multitrack
recorder will match the meter levels on the M-3500
itself. “'0 VU’ is the typical ideal level for recording,
though peaks to +8 and above can be tolerated on some
types of program material. 1t would be presumptuous to
suggest a “best” level setting. The actual final setting
for a performance can only be judged and set by the
operator, and we encourage you to try different
methods and submit them to the ultitmate judge—your
gars. In most situations, the magnetic tape itself is the
limiting factor. The M-3500 outputs themselves do not
distort until approximately +28 dB—long after the
meters have pegged. The meters do not reflect mixer
distortion, but distortion of a typical tape recorder.
(Mote, however, that it is possible to clip the input
channel electronics by an improper TRIM setting, even
though the following signal path is well within its limits,
This is indicated by the channei OL iights).

If you want to see the level of the tape returns at the
console, press the “TAPE IN” switch on the meter

bridge. This will bring the tape inputs up on the meter,
eight at a time, instead of the group outputs,

For tape ins 25-32 on the 32-input version to be
monitored by the meters, an optional expansion meter
unit needs t be mounted. See thé ACCESSORIES
section of this manual.

For important information about level setting, see
p. 17, "Gain Staging”.

Recording more than 8 tracks simultaneously: If you
need io record more than 8 tracks at once, you can use
the D QUT {(Direct Qut) jacks of certain channels to feed
the multitrack recorder, instead of the group outputs.
in this case, there is only one input per track, and
the record level is controlled by the channel fader
only, and the Group Meters will not show the record
level Press the TAPE IN switch on the meter bridge, or
go by the meters on the recorder itself.

In most cases, you patch the direct outs of single
channels (such as a lead vocal) to a track, saving group
outputs for instruments (such as multiple keyboards)
that have to be combined,

Cue Setting

In our example, AUX 1 and 2 are being used for
headphone cue feeds to the studio. Your basic decision
to make is what the source of the signals should be: the
multitrack tape recorder outputs, or g "tap’ from some
section of the mixer itself.

Tape cue: For the performers to hear the output of a
tape track, press INP and MON in that channel. (Make
sure that FLIP is UP}. If there is signal on the tape and
it is in PLAY-REPRO mode, they should hear it. There
are several advantages to using tape as the cue source:

1. The cue level will be the same during recording
and playback.

2. i the tape recorder has an INSERT ({pre-roll sync})
feature, it will be easy for the performer to hear when
punch-ins and outs are made.

The disadvantages of using tape for cue, when you
would want to monitor the mixer channel instead are:

1. Any changes the engineer makes to the main
faders (in order to lower the record level, Tor example)
will also be heard in the cue mix.

2 The performer may not be able to hear at certain
times depending on the settings of the tape deck itself.
For example, taking the track out of REC READY
mode can cut the feed of the instrument io the cue

3. When instruments that aren’t going to be recorded
to multitrack tape—for example, MIDI “virtual” tracks—
must be heard, source cue is the only way to go.

Source cue: If you want to use the mixer channe! as
source for AUX 1-2, simply make sure that the MON
switch is UP, :

Tape/source mixed: Some artists need to hear both
the pre-recorded track and their “live” instrument

‘simultanecusly when they are doing a punch-in to fix a

section.

If you want a mix of the tape track and its source,
make sure the source is in a different channel from the
track. For example, while doing guitar overdubs onto
track 7, the guitar can be patched into channel 24. To
get a mix of both, press MON in channel 7 {Aux 1-2 will
hear tape track 7) and make sure MON is up in channel
24 {Aux 1-2 will be a cue send of the guitar}



Group output cue: Another variation of “‘source
cue” is to feed one of the eight group mixes to the head-
phones. This can be done on the highest 8 input
channels on the console, the ones with GRP switches in
the maonitor, directly under the 8 Group meters. Press
GRP, and MON in that channel. This will bring the mix
of everything assigned to that group into the headphone
mix. The advantages are when you have already done a
complex mix {of percussion mics, for example} for
recording and don’t want to repeat the mix all over again
on each individual AUX control

Effects to Cue: Will returning effects make the cue
mix more cluttered, or is it needed for artists to perform
properly? If you decide you need effects in the cue mix,
there are two ways to go:

1. Patch the output of the effects devices into a line
input, instead of the Effects Return inputs of the
console. As a line input, it can be monitored like any
other source. OR:

2, Leave the effects in the Effects Returns, but assign
them to a group that is not going to be recorded. Then
bring that group output into the cue mix (see “Group
Output Cue”, above}.

Of course, if you are recording “wet” (effects to
tape), using tape as the cue source brings the effects
returns into the cue mix as well.

Speaking to the cue section: Press AUX 1-4 in the
Talkback section, and the console’s built-in mic wilf be
patched to the performers’ headphones as your control
room monitors are muted to avoid feedback. Press also
the TB switch if you have a studio speaker system, and
your voice will go cut over the speakets (regardless of
whether ON is pressed).

Other decisions you may have to make include:
Should the AUX 1 and 2 mixes be stereo (1 feeds left, 2
feeds right) or two separate mono mixes {one for the
drummer, one for the vocalist}? Should | make EQ
settings while I'm recording? (AUX 1-2 is always post-
EQ, even when it is pre-fadsr—~the musicians will be able
to hear EQ changes in the headphones)

| Monitor Mix ]

To create your centrol room monitor mix, you will
usually rely on the STEREO switch in the Control
Room sszetion, and use the short monitor faders, A lot
of the same options availabie to the cue mix are available
in the control room as well There is one important
note, however. In most cases, the engineer should be
hearing tape, not source. This ailows you to hear the
signal as it's actually being recorded, any verify the
sighal continuity to and from the mixing console and the
recorder

To menitor tape: Press INP, and make sure ELIP is
tp.

To monitor mixer channel: Press PRE

To monitor group outputs: On the highest 8 chan-
nels of the console, press GRP

Note that the “L-R" assign switch on the main
channel will also bring the output of the channal into
the control room menitors. In some cases this may be
desirable; in other cases it can mislead you. Make sure
that no “L-R’" assign switches are down if you want to
make sure you're hearing what’s going on to the tape
and onky what's going on to the tape.

When the recording is complete, rewind the tape and
play it back through the control room speakers. You
don’t have to change any control settings to do this, and
should hear exactly the same mix as while you were
recording. |If playback is also desired on the STUDIO
speaker system, press the studio ON switch and raise the
STUDIO level, The studio will hear the same stereo mix
you are hearing. Remember to tum the switch OFF
hefore you cut more tracks to prevent feedback.

In some situations, you may find SOLO useful. If
you want o solo a tape return, simply press FLIP and
SOLO. Some engineers make a practice of playing back
the newly recorded material after every pass. This will
allow you to hear if any audio or acoustical problems are
emerging, such as improper tuning, voicing timing errors,
etc. If problems are found, correct the cause and re-
record the track. While certain tonal characteristics can
be equalized and adjusted later, many problems are
impossible to “’fix in the mix’"

Monitoring on the large faders: Depending on how
many inputs you are recording, and how many tracks
you have, you may want to moniter via the main mix.
This "trick” is to leave your lower channels open, using
the higher channels of the console for overdubs. Since
the lower channels aren't needed during the overdubs,
you start your mixdown “early” by pressing FLIP on
those channels, and assigning their outputs to L-R only.
You can start marking levels, using EQ, even adding
effects this way.
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Operation: Mixdown

Once the multitrack master tape has been completed,
the next step is to mix it down to a standard two track
stereo format. The procedure is a reverse of the
direction signals took during tracking: instead of going
TO the multitrack, signals come FROM the multitrack.
Typically, you want to bring signals through the main
mixer channels so they can be EQ’d and processed. This
is the job of the FLIP switch—press it to bring tape to
the channel, and mic or line “flips” up to the short
monitor fader,

To mixdown to stereo:

1. Press FLIP on all the tape channels.

2 Assign all the channels to L-R.

3 Make sure the monitors are muted.

4 Press 2TR (EXT) in the Control Room section.

Note that the monitor faders are still feeding the
sterea mix. Unless you are using them for MIDI
instrument inputs or effects returns {see Double Inputs,
below}, make sure they are muted or they will add noise
to the mix. In fact, any unused faders should be muted.

During mixdown, press 2TR (or EXT} in the Control
Room source. This allows you to verify that signal is
indeed reaching the recorder. You may have to place
the deck in REC READY, REC PAUSE, or INPUT to
hear it If you have the inputs of the two-track calib-
rated properly, the meters of the deck and the two VU
meters of the M-3500 will track propetly. The red
PEAK LEDs of the M-3b00's meters flash at approxi-
mately +10 VU, so you can see transients too fast for
the meter to show. If you press CR in the METER
SELECT, and 27TR is the control room source, the two
VU meters will reflect the output level of your two
track,

Note that if you SOLO or PFL channels during a
mixdown, these solos will NOT affect the stereo output
to the two track. PFL is useful during mixdown to gat
a cue from & track before you bring it in. For example,
PFL a muted vocal track, and unmute it after the singer
clears her throat before an entrance. SOLO is useful for
checking the mix, for example, scloing two guitars to see
if they balance each other in the stereo image

if you want compression or equalization of the entire
stereo mix, there are two INSERT points on the stereo
L-R output that can be used to insert signal processors
in the signal path. ,These insert points are post-fader.

Mixdown with double inputs:

If you have a large number of MIDI virtual tracks and
effects returns, or other sources in addition to tape tracks
at mixdown, you can use the monitor short faders as
additional inputs. It helps to think of them as “short
faders' instead of as monitor faders, because they are
going the same place the large faders are going in this
case: the stereo outs.

FLIP brings the tape return to the large fader, and

either the MIC or LINE input {as chosen by the LINE
switch at the top of the channel} to the short fader. To

18

use AUX 1-4 as effects returns, disconnect the headphone
amp from AUX 1-2 and repatch those outputs to an
effects device instead. Press MON and POST, and Aux
1-4 will act as an effects send from the short fader Aux
5-6 are still effects sends off the large fader.

Subgrouping

Typically, the groups have no use in a mixdown.
However, you can use them to subgroup when you have
a large number of input channels which must be con-
trolled through one fader as a group at mixdown.. This
subgroup gets to the stereo mix via the short faders
GRP source capability.

1. Assign the channels you want to a group, and NOT
to L-R directly. For example, if tracks 1-10 are all drum
tracks, assign channels 1-10 to Group 1-2,

2, In the channels directly under the group meters
{1/8/17 and 2/10/18), press GRP as the monitor source.
(These are the first two short faders that have GRP
switches).

3. Turn the first monitor PAN hard left, and the
second monitor PAN hard right,

4. Bring the 2 monitor faders to the "0 dB” (nomin-
al} position.

5. Bring the Group 1 and 2 Master Faders to their
nominal position.

6. Play tape, set the CHANNEL PANs 1-10 to the
desired positions, and get the mix you want on the
channel faders.

When you want to change the level of the entire drum
group, you can move either the group master faders
(which we recommend, because they’re larger}, or the
monitor faders. To mute the entire drum group, press
the two MUTEs in the monitor,



General Procedures

LUsEng the Equalizer —I

sweep-type. There are two controls,
the center frequency of the affected band while the

One determines

second determines the amount of boost or cut applied

_ EQ can be used 1o change the tonality or timbre of

a signal in an individual channel of your mixer. There
is no specific control setting we can advise—the sub-
jective art of applying EQ must remain the responsibility or cut,
of the person performing the mix.

There are 4 bands of equalization in the M-3500, plus
a High Pass Filter used to roll off low frequencies. The
EQ points were chosen for the most musical sound and
are useful on a wide variety of signals,

{actually low bass} to 1.3 kHz.

to the band. It can boost or cut 15 dB. The center
frequency can vary from 420 Hz to 13 kHz, The Q" or
bandwidth varys depending upon the amount of boost

) The next band (LO MID} is similar to Hi Mid, except
it covers the frequency band centers from 42 Hz

The 100 Hz control is a shelving type, cutting or

boosting fréquencies uniformiy below 100 Hz with a

The top control {10 kHz} is a “shelving” type of
control. This means there is a gradual increase or
decrease from appreximately 2.5 kHz to the shelving
point, and frequencies above that point are all boost or
cut by the same amount. This affects the relative briili-
ance or brightness of the signal, similar to a “treble”
control.

setting.

gradual increase/decrease up to 500 Hz depending on the

Not actually part of the EQ itself is the HPF or high-
pass filter. This is designed to out off low frequencies in
a signal, when those frequencies represent undesirable
rumble or noise. For example, vocal mics can pick up

stand vibrations that are not part of the desired vocal

The next band {Hl MDY} is a peak-and-dip type with a

variable frequency, sometimes called a semi-parmetric or will filter them out

sound, and the HPF with its 12 dB/octiave filter at 80 Hz
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if EQ is desired, begin by determining which band
requires alteration. Keep in mind that there are two
ways to alter the tonality of a signal using EQ. One is to
boost what you want to hear, the other is to cut what
you don’t. Thesé two opposite approaches can both be
effective depending on the situation, and sometimes can
be combined. For example, if a vocal signal is a little
too heavy, you could either reduce the low frequency
content, or increase the amount of mid or high frequ-
ency signal.

The technique of using the sweep EQ is simple,
Adjust the GAIN control of the band so there is an
exaggerated amount of boost or cut, then slowly sweep
the FREQUENCY control through its entire range. As
the control is turned, you will hear the change in the
signal’s content. When the desired frequency is isolated,
set the GAIN to the desired level. "A few trials with
different signals will give you a feel for the M-3500s
capabilities,

The EQ bands perform in an interactive way. It is
possible to raise the 100 Hz bass shelving control, and
then cut the LOW MID at a certain point to remove an
undesirable overtone. Remember, though, that you
can't put back what isn’t there in the first place. Boost-
ing the treble on a synthesizer that has no signal above 7
kHz only boosts the noise of the synth. Not amount of
tonal change can correct instruments which are out of
tune or signals which are distorted,

Proper EQ can lower noise in a mix. lmproper EQ
can cause distortion. Note that the OL light is post-EQ;
if a TRIM is set high, increasing EQ can make the light
go on because it is adding gain to the signal. if this
happens, simply lower the trim {or be more reasonable
with your EQ setting),

Of course, sometimes the best EQ is no EQ. If it's
not needed, bypass the unused electronics by releasing
the EQ ON switch,

In some cases, even more control is needed. Octave
equalizers, 1/3 octave equalizers, notch filters, and full
parametric EQs (such as the TASCAM PE-40} can be
inserted into the signal path via the INSERT jack, when
the on-board EQ of the M-3500 needs to be supplement-
ed Usually this is the case when a signal has particular
noise bands (such ,as a 60 Hz hum) that need to he
filtered out

Gain Staging: A Word of Mixing Advice J

How to set levels Tor best operation

Good design, state-of-the-art components, and proper
shielding makes the noise floor of each section of the
TASCAM M-3500 superior to previous consoles in 115
class, but that does not mean there is no noise Every
piece of electronic equipment has a noise floor, a varying
random voltage that we hear as noise if it is amplified
Even a plain resistor has random molecular motion
{except while being frozen to “absolute zero™ temper-
ature in a laboratory) that can be measured as noise.

When it comes to operating a mixer, the trick is to
operate the mixer with the proper gain staging so you
don‘t needlessly amplify the noise that is there,
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Similarly, every piece of electronic equipment has a
limit of high voltage that it cannot pass. Even a piece of
wire will meit if you push too much voltage through
it—that's what fuses and circuit breakers are for. Less
dramatically, electronic circuits will start to “clip” or
distort when too much signal is passed through them.
An amplifier with a 30 volt power supply cannot pass a
signal of 32 volts, so the tops of the waveforms are
“clipped off”, resulting in the familiar square wave.
This distortion is just as annoying (and in terms of
equipment, more dangerous) as noise is.

high

Too NS
low

The M-3500, thanks to its outboard power supply
and careful design, has a very high clip point and very
low noise. In the case of the mic preamps, the noise is
within 3 dB of the theoretical minimum. Butitalso can
apply a lot of amplification to signals at various points in
the path. It is your job to operate the recording system
to get the best results. Your signal must be between the
two limits—noise below and distortion above.

[
I

OK{I FOK

—| |
)

19



liLe\.'el Diagram

A level diagram shows where gain is made and lost in
a console. Note that even with a nominal -10 dBY
input, it is possible to amplify signal quite a ot if faders
are pushed above their nominal settings so each stage is

providing gain. Hf the channel fader is up full, the direct
output and the group feed will both be 10 dB louder
than the input was. A group master pushed up fuil can
add 10 dB to that, and if GRP is selected by a monitor,
it too can add 10 dB, for a total gain of 30 dB {which,
if the signal was nominal to begin with, will probably
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distort the stereo summing amplifier}. On the diagram,
the arrows show the nominal setting of a fader. The
horizortal line at $he —10 dBV shows what will happen
if all faders are at their nominal position. |n most cases,
a rotary pot (for example, an Aux send) Is at its nominal
unity gain position at approximately “2 o'dock”,

(dzv) -
{30dB} ON CLIPPING LEVEL
+20 —
H 1
_____ 1A
[stereo 1\
+10 4 T eut o1
_____ i 3
(BAL, +44Bm)
I \
© { STEREOQ' 7 | \
| STEREO ! \
| INSERT | . \
{ 6RP OUT o LSTEREC BUSS L \
{10 dBY] $0LO BUSS |
PE::O BlLJlSS | r__"_’o_da.\'_’l OFF
: ! STEREQ |
-20- p oL N '
STEREO %
MASTER
~30 :
I
i
I
|
|
{dBV) =
| CLIPPING LEVEL
+20 4+
|
|
+10A i
|
_____ !
[ AUX 0T o4 |
{0dBul j —
1 i
104 |
_20 -
STUDIO
730_
NOTE
0dav = 10V {-10dBY = 346mV )
O dBm = 0775V (+44Bm =} 23V)
0¢Bu = O TTBV

{0 dBu!

STUDIO
ouT

(0 dBu)

-
1
1

-
|



Using Effects

Effects and signal processing allow you to develop
your own unique recording style. But because there are
s0 many possibilities, it can also be confusing There are
many different effects units on the market, all with
different controls, types of inputs and outputs, and
other characteristics. Read the manual for your signal
processors, and the following section to get the complete
story of what's possible in your own studio.

In-line Processing

The processing that's easiest to deal with happens
before signal ever enters the M-3500. H a musician plugs
his instrument directly into an effects device, and you
plug the output of it into the console, the whole signal
gets processed and only one instrument can use that
processor. This is the typical use of effects pedals for
guitar,

insert Processing

This is closely related to the above method, and is
typically used for compressors, limiters, and equalizers.
Each channel, the output groups, and the stereo sends
have special two-way send/recieve jacks called INSERT
jacks. Each has the effect of inserting a signal processor
into the signal path. in the channels, it is post-EQ,
pre-fader; on the group and sterec qutputs it is post-
fader, just before the output jack. Whatever signal is
travelling down that path gets diverted out the insert
jack, sent to its own individual signal processor, and
returned to the path it was on. This requires a special
Y-cable with a stereo 3-conductor TRS (Tip-Ring-
Sleeve} phone plug on one end, split to two cables with
mono plugs, ane for the input {send} to the device and
one for the output {return}. The TASCAM PW-2Y and
PW-4Y can be used for this purpose. Using INSERT for
processing has the limitation that only one signal can use
a processor at a time. The advantages are:

1. The signal at the jack has already been preamplifi-
ed and equalized. This means you can put a microphone
signal through a line level processor {most processors
can't preamplify microphones by themselves).

2, 1t's easy to move a processor from one channel to
another, just by moving the insert cable from one jack to
another. It's also easy to disconnect the effect by
simply unplugging the insert cable.

3. Certain devices, notably graphic equalizers and
compressor/limiters, are designed for in-line or insert
use, dedicated to one instrument at a time. |f a signai is
compressed, ALL of it must be compressed {unlike
reverb, where a mix of reverb and original signal is
usually needed), '

4. It's possible to have as many different effects
devices going as vyou have channels—there is no
limitation due to the number of auxiliary sends on a
console For example, if there is a reverb setting only
designed for a snare drum and not intended for anything
else on the conscle, the insert jack may be the place for
it.

Send Return Auxifiary Mix Processing

This is the most common method of effects process-
ing, especially for reverb and delay. It allows a number
of different channels to use the same effect, while
allowing you to control how much effect is mixed with
each channel. All input channels have access to six
Auxiliary sends that can be used as effects sends. The
Aux outputs can be connected to six different effects
devices. The processed signals from the devices can
come back into the mix via the EFFECT RETURNs, or
a regular line input. In either case, they can only be
heard or recorded if the processed signal is assigned to
L-R or an output group.

This whole path--from the auxes to the processor and
back into the console—is called an effects loop. The
Aux system controls how much signal goes to the
processor, and the effects returns control how much
comes from it. See p. 8, "Auxiliary mixes” to see a
diagram of the signal flow through the Aux system.

Setting Effects Send Levels

The goal is not to distort the device, while staying
above the noise that effects units often generate To get
the best signal-to-noise from most signal processors, you
should send it as strong a signal as it is designed for,
With a properly set input signal (reading 0 VU on the
meter when faders are set to nominal}, the AUX will
send the same level {nominal -10 dBV) to an Aux Out
when the channel AUX and AUX MASTER are both set
to approximiately 2 o’clock rotation.

If your effects device has an input level control of its
own, it should be set so the meter or signal light of the
effects device is just under the overload point when the
M-3500 is sending it peak signals. When you want to
hear or record less effect overall, make it a rule to reach
for the EFFECTS RETURN first, not the Aux Master.
When you reduce the effects return, you are also reducing
whatever noise that effects device contributes to the
mix If you cut down the Aux send, you are reducing
the signal-to-noise ratio through that device.

Setting the Output Level of Effects Devices

I the effects send level has been set properly, in most
cases the output level of the signal processor should be
set to its nominal {unity gain} setting, or alternatively set
it as high as possible without clipping the Effects Return
of the M-3500 while keeping a reasonable range of
control on the fader. If you can get the effects sound
you want with the Effects Return {(or other fader} set
near 0 dB, that's ideal On the other hand, if your mix
is drowning in effects even when the Effects Returns are
in the low part of their range, turn down the ocutput
level of your effects device,

Some effects units have rear panel switches setting
input and output level ranges between “+4” and “~20
dB"”. In this case, try setting the input to —-20 (high
sensitivity) and the output to +4 (full output level) to
start
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Setting the Mix/Balance Control on Effects Devices

If a device is being used in a send-return auxitiary
mix, set its mix/balance control all the way to “wet”, or
full processing with no direct driginal signal. In send/
receive processing, the “dry” ({original unprocessed)
signal goes down the channel path to be mixed with the
effects return signal on a ground or stereo master. There-
fore, you don‘t need any dry signal coming to the
effects return, The mix balance control is set toward
“dry” only when you're using the effects device at the
INSERT jack or as an in-line processor.

How to Connect Effects Deviges
There is no absolute “right” or “wrong"” way to do
this—there are several ways, each with its own consequ-

ences.

REVERB <

CHORUS <

This is the most common method. Aux 3 feeds a
reverb wunit, which has a synthesized stereo output
patched into effets returns 1 and 2. it would be used
for effects off the monitor. Aux b feeds a chorus device
with a stereo output patched into effect returns 3 and 4.

To record effects onto a track: Simply assign the
effects return to the group of the track being recorded
and adjust the controls for the sound you want

To hear effects in the control room but not record

them: Assign the effects return to L-R oniy.

To put effects into the Aux for performer cue: Assign
the effects return to an unused group, {for example,
Group 8}, press GRP 8 as the monitor source, and MON
in the corresponding AUX channel. Press PRE if you
want the performers’ reverb mix to be different from
what you hear in the control room. Otherwise, as you
move the Group 8 Monitor fader for your own needs, it
will affect the send to Aux 1-4 headphones as well, See
p. 18, “Cue setting: Group Cutput Cue” for more
information.
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Stereo _from Mono sends: Please note that while
many effects units have stereo outputs and inputs, in
most cases they are not “true” stereo with separate
processing on each side. The stereo inputs are designed
to preserve sterec on the dry signal only on such units
In fact, the stereo inputs are typically mixed to mono,
then run through a digital unit that creates a synthetic
stereo reverb image. So there is no need to use two
auxiliaries to feed such a unit—a single mono send will
be converied by the unit into a stereo image. You do
need to patch the outputs to separate effects rerutns,
however, and pan them to opposite sides of the mix to
get the stereo effact.

Using line or tape inputs for effects returns: If the
four effects returns aren’t enough, you can patch the
output of effects devices either into an unused tape
return or a line input. If you patch to a tape return, you
will be able to monitor the effects return on the short
monitor fader when FLIP is up, or send it through the
main channel for monitoring (by assigning the channel
to L-R} or recording {by assigning it to a group) by
pressing FLIP down again.

If you patch to a Line input, you have the added
feature of a Line Trim control so you dont have to
reach back to the output level of the effects device. Also,
depending on the position of FLIP, you can add EQ to
the effects return,

In either case, be cautious of one thing: Make sure
the AUX pots of the channel you're returning to are set
to the off position, if that aux is feeding the same effects
device. Otherwise, you will be sending the cutput of the
effects device back to itself, which is a kind of feedback,
if the effects device is a digital delay, this feedback has
the same effect as a regeneration {number of echoes)
control; in other cases it can cause real feedback,



Alternative Methods

In addition to the standard methods earlier in the
manual, here are some other ideas you may want to try:

Mixdown to groups, using L-R as an effects send: If
you don't want to use the monitor as supplementary in-
puts at mixdown, it can be used as an effects send. The
L-R {(stereo} output will feed an effects device. The 2-
track will get its signal from Group Qutputs 1 and 2 in-
stead. By pressing PRE in each monitor, the short fader
becomes a stereo presend from the channel. The
control room source must he 2TR {or EXT), since
“sterea” is now meaningless as a mix reference.

Mixdown to Control Room outputs: If for some
reason you need a lot of SOLO in a mix, repatch so the
Control Room A or B stereo output is feeding the two
track instead, and connect the control room amplifier to
the outputs of the two track. This way, SOLO/PFL will
affect the mix.

Use in PA applications: it's much easier to use a
recording console for PA than it is to make a PA console
wark for recording. Since there are no tape returns, the
Maonitor section hecomes either supplementary inputs, or
an independent stage PA feed {again, by witing the on-
stage mix to the STEREO cutputs, and the house PA be-
ing fed by two output groups.) The XLR outputs of the
console are set to 0 dBu (.775 volts), the nominal input
needed for most power amplifiers,

Use with an external submixer: If you have another
mixer whose output you want to pass through the
M-3500, plug it into a spare TAPE IN jack, press FLIP,
and bypass the EQ. This way you can assign the output
o any of the Groups or L-R, and the CHANNEL
FADER will act as the submaster control for the
external mixer, Use the —10 dBV (low lave!) outputs of
the external mixer, or adjust the master output control
of the mixer to that level, This path is as direct as the
“Group Sub fn” path on other consoles, except for the
channel fader.
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Features and Controls: Detailed Reference
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1. PWR: When pressed, this applies phantom power to
the X1.R microphone jack for that channel. 48 volts DC
appears equally on pins 2 and 3 (per DIN standard
#45 596) to be used by condenser-type microphones
requiring external power. Since this potential is equal,
it is “invisible” to standard balanced dynamic micro-
phones, hence ‘‘phantom powesr”. Check the manual
for the mics you plan on using to make sure that his
phantom method is correct before you apply power.
While this 48 volt duplex phantom power is correct for
most microphones, it will not operate “T power” or
“AB power’ mics such as the Sennheiser 405, 406 or
418,

Warning: This PWR switch must be off if any electro-
nically balanced fine input {such as the balanced output
of a tape recorder or CD player) is connected to the MIC
IN JACK; it could damage the output circuitry of such
units. Imbalances in the cabling leading to microphones
{such as an intermitient connection on one pin) can lead
to voltage offset in the dynamic mic that can cause
damage to the sound or to the mic itself,. TURN OFF
the PWR switch on all inputs that don"t need it!

2. PAD: This inserts a 30 dB pad in the MIC signal path
so that the MIC input can be used for high level signals.
When it is on and the MIC trim is at minimum, the
nominal input of the MIC jack increases to +4 dBm
{1.23 volt),

3. MIC TRIM: This sets how much premplification level
there i5 on the MIC input of the channel, It shouid be
set high enough to amplify the source above the noise
floor of the eiectronics, but not so high that it distorts
them (indicated by the OL light in the channef). The
gain range of the mic trimm is 42 dB: when the MIC
TRIM is set all the way to the left, the maximum input
level is -25 dBm (0.044 volt), When the MIC TRIM is
turned full clockwise it can amplify signals as low as ~67
dBm {0.35 millivolt) to nominal level.

4, LINE TRIM: This sets the preamplification level on
the LINE input of the channel, and works similarly to
the MIC TRIM control. At full clockwise, there is 10 dB
of gain in the preamp; at full "off” it is enough to
attenuate any practical audio input (infinite attenua-
tion).

5. LINE Switch: This switches between MIC {up) and
LINE {down) as the input source for the channel, {The
input routing after this to the short monitor fader or
large channel fader is determined by the FLIP switch}

6. FLIP: This selects TAPE as the source of the
channel. However, at the same time, it sends MIC or
LINE {whichever is chosen by the LINE switch above)
to the {NP switch of the monitor fader. For example, if
all the console's LINE and FLIP switches are pressed, all
the main channel faders will be getting signal from their
respective tape returns, and all the short monitor faders
will be getting signal from the line input jacks. This



would be a typical mixdown patch. By releasing FLIP
on all channels, the large faders would be getting signal
from the line inputs, and the monitor faders would be
getting tape returns, the typical patch for overdubbing
So by pressing FLIP, you are simply flipping the inputs
from one path to another, which allows you to use the
monitor section for supplementary inputs at any time,
doubling the total inputs to the stereo mix

7. HPF: High Pass Filter. When pressed, a filter is
inserted into the signal path which rolls off (attentuates}
frequencies below 80 Hz at a rate of 12 dB per octave.
A 20 Hz signal will be attenuated 24 dB when this is on.
It is used to filter out subsonic frequencies which may
be present in a signhal. It is independent of the EQ ON
switch. :

EQUALIZER: The following controls allow you to
adjust the tonality of the signal going through the main
channel only. They get their signal after the HPF and
send it on to the INSERT jack and CHANNEL FADER,
For more information, see p. 18, *"Using the Equalizer”,

8. 10 kHz: This is a high-frequency equalizer, shelving
type, with a hinge point of 10 kHz

9. HI MID Frequency: This changes the center frequ-
ency of the Hi Mid control, from a low of 420 Hz to a
high of 13 kHz. The "“Q" or bandwidth of the Hi Mid
section is approximately 1.7, but varies according
to the amount of cut or boost applied.

10. HI MID Amount: This controls how much cut or
boost is applied to the band chosen by the HI MID
FREQ control At the center detent position, there is
no effect (flat response). Turning to the right amplifies
the band, to a maximum of 15 dB. Turning to the left
cuts the band, to a maximum cut of ~15 dB.

11. LOW MID Frequency: This changes the center
frequency of the Low Mid control, from a low of 42 Hz
to a high of 1.3 kHz, The “Q" or bandwidth of the Low
Mid section is approximately 1.7, but varies according
to the amount of cut or hoost applied.

12, LOW MID Amount: This controls how much cut or
boost is applied to the band chosen by the LOW MID
FREQ control. At the center detent position, there is
no effect (flat response). Turning to the right amplifies
the band, to a maximum of 15 dB. Turning to the left
cuts the band, to a maximum cut of -15 dB.

13. 100 Hz: Thisis a Low-frequency equalizer, shelving
type, with a hinge point of 100 Hz.

14. EQ On Switch: This inserts or removes the above
equalizer controls from the signal path, When the LED
is ON, the EQ is in the signal path. This switch has no
effect upon the HPF control.

15. AUX 1/3 Control: This controls how much signal
will be sent to either Auxiliary buss 1 or Auxilary buss
3, as set by the 3-4 switch befow. Its input is determin-
ed by the settings of the MON and POST switches
below, {ts nominal unity gain position is approximately
“2 o'clock"”

16. AUX 2/4 Control: This is similar in operation to
AUX 1/3, except it sends signal to Auxiliary 2 or
Auxiliaty 4 (as set by the “3-4" switch}. Its input is
determined by the settings of the MON and POST
switches below. lts nominal unity gain position is
approximately "2 o’clock”

17. 3-4 {Auxiliary Assign}: When this switch is up, the
Aux 1/3 control sends signal to the Auxiliary 1 buss, and
the control beneath it sends signal to Auxiliary 2 When
"3-4" is down, the two auxiliary controls above send
signal to Aux 3 and Aux 4 instead. The reason for this
switch is to allow you to use the auxiliary controls for
different purposes on different channels {for example,
two different types of effects) Another common
application for this control is to use Aux 1 and 2 for
headphone cue mixes during tracking and overdubbing,
and use Aux 3 and 4 for effects sends at mixdown
without repatching.

18. MON: This is an input select switch for the Auxi-
liaries 1-4 above, When MON is up, they get signal from
the channel path. When MON is pressed, they will
receive signal from whatever source is selected by the
short monitor fader instead. f you are using the auxes
for a headphone cue mix, MON would be pressed so the
performers can hear Tape (which is usually in the
monitor path). If MON is up, the cue feed will come
from the channel itself. |f you are using the auxesas an
effects send from the monitor, MON would be down; if
you need to have 4 different effects on the channe!,
MON should be up so all 4 aux controls can get their
signal from the channet,

12. POST: This is a second input select switch for the
auxiliaries 1-4 above. When POST is up, the signal to
Aux 1-4 come from pre-fader, {sither pre-channe! fader
it MON is up, or pre-monitor fader if MON is down).
Press POST, and the auxes will get their signal from post-
fader, POST means that when you change the level on
the fader, the AUX 1-4 send will also change. POST is
normally down if you wish to use Aux 1.4 as an effects
send, because when you fade out a signal you (usually)
don't want its reverb to stay in the mix. POST is up
{PRE) if you are using the auxes as a headphone cue
sand, so the performer’s mix doesn't change as you
adjust the mix feeding the tape recorder.
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20. AUX 5: This controis how much signal is sent to
the Aux b buss and master control. It is typically used
as an effects send off the main channel  Its signal always
comes from post-channel fader, unless it is muted (by
#22 MUTE below).

21. AUX 6: This is a second post-channe! send similar
to Auxb

22. MUTE {Aux}: This switch cuts off the signal feeding
both Auxiliaries 5 and 6§ When the LED is ON, the send
is muted (off},

23. MONITOR FADER: The input to this fader is
determined by the switches next to it, pius the FLIP
switch (and sometimes by the LINE switch} Regardless
of source, it always feeds the STEREO L-R mix, where
it can be used as a control room monitor or as additional
inputs to the final stereo mix.

24, INP {Input): This is an input select switch for the
monitor fader. During typical tracking and overdubbing,
this switch is down so that the engineer can hear the
Tape Return {provided FLIP isn't down, sending the
Tape Return to the channs! instead}. If the FLIP switch
at the top of the channel is pressed, INP gets its signal
from MIC or LINE input (as determined by the LINE
switch},

25, PRE: Pressing PRE selects the main channel pre-
fader post-EQ signal as the monitor source. This is the
position when vou need to monitor the instrument’s
original signal before it passes through the channel fader,
group outputs, or tape electronics.

26. GRP (iast 8 channels only): This selects the corre-
sponding Group Output {(post-master fader and insert
jack} as the source for the monitor. Note that the group
meters are directly over the monitors they correspond
to. This is used when you need to monitor a group mix
before it is sent to the tape recorder. [t can also be used
te make mixdown easier by subgrouping many channels
onto one fader {see p 18, "Subgrouping’).

27. MUTE (Monitor): Press this {LED ON} to turn off
the monitor send completely regardless of source.
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28. PAN (Monitor}: This allows you to create stereo
control room mixes by sending the monitor signal in
continuously variable degrees anywhere to the left or
right of the STEREO mix,

29, GROUP ASSIGNMENT SWITCHES: These assign
the output of the channel (large fader) to any of the
eight output group busses. Each switch is an odd-even
pair, and the amount of signal sent to odd or even
numbered groups is determined by the CHANNEL PAN
control They may be used in any combination. Note
that even if "1-2” is pressed, no signal will go from the
channel to Group 1 if the CHANNEL PAN {(#31) is
turned hard right.

30. L-R STEREO ASSIGNMENT SWITCH: This sends
the output of the channel directly to the stereo busses,
depending on the setting of the CHANNEL PAN. This
is normally pressed for final mixdown, or if the entire
channel is being used for monitoring {see p. 16, Right,
"Multitrack Recording and Monitoring”).

31. PAN (Channel): This sends the output of the
channel in continuously variable degrees to either side
of the stereo mix (if L-R is pressed), or 10 odd-even
sides of the Group Assignment switches {pan left for
groups 1, 3, 5, and 7, pan right for groups 2, 4, 8, and
8). A PAN control is a combination “where to/how
much” control, in that it controls both the level and
direction of a signal.

32. SOLO Switch and LED: When pressed, it will send
that channel's signal (and only that channel’s signal, if
no other SOLO keys are pressed) directly to the contro!
room monitors, cutting off any other signals to the
control reom. The soloed channel feeds also the studio
and headphones outputs if the CR switch is pressed in
the STUDIO section. The Master Solo light in the
control room section will tight, to alert you that Selo is
active,

This SOLO can also act as a PFL {Pre Fade Listen) if
that is chosen as the Solo status for the console. See

p 10, "Control Room Subsystem’’, and p. 29 "PFL
switch”,

33. MUTE: This completely disconnects the channel
from the stereo outputs, any group outputs, and any
POST auxiliary sends, when the MUTE LED is ON

34. OL (Overload LED): This LED will flash when the
signal level in the channel {post-EQ, pre-insart, pre-fader)
is 25 dB over nominal {~10 dBV) level. This is 3 dB
before the channel electronics will distort, if it fiashes,
reduce the appropirate MIC or LINE TRIM until it stops
flashing

35. CHANMEL FADER: This linear 100mm slide fader
varies the level feeding the Channe!l PAN contro! and
Group Assign switches, Aux 5 and 6, and Aux 1-4 if
they are in the post-channel position {POST down, MON
up) The fader is set for unity gain {Havel in = level out)
when it is set at the “0 dB” level. When the fader is
pressed to its maximum, there is 10 dB of gain added to
the signal
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36. EFFECT RETURN FADERS: These control how
much signal from the effects return inputs will be applied
to the EFFECT ASSIGN switches via the EFFECT PAN
control.

37, EFFECT RETURN ASSIGNMENT SWITCHES:
These assign the effectsreturns to any of the eight output
group busses They work in the same way as the
CHANNEL ASSIGN switches. Press these switches if
you want to record an effect onto the multitrack.
Remeber that the EFFECT PAN has an effect on the
assignment.

38. EFFECT RETURN {-R STEREO ASSIGNMENT
SWITCHES: These send the effects return inputs directly
to the sterso busses, depending on the setting of the
EFFECT PAN. This is normally pressed for final mix-
down. It can also be pressed during recording to bring
effects into the control room monitor mix without
printing them to tape (" menitor wet, print dry”’}.
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32. EFFECT RETURN PAN: This sends the cutput of
the channel in gontinuously variable degrees to either
side of the stereo mix (if L-R is pressed), or to odd-even
sides of the Group Assignment switches {pan left for
groups 1, 3,5, and 7, pan right for groups 2, 4, 6, and
8). Note that each effects return is MONO; a stereo
effects return uses 2 separate effects return channels, and
their pans are typically turned hard right/hard left in
pairs.

40. EFFECT RETURN SOLO Switch and LED: These
work the same as the channel SOLOs  It's very handy to
hear in isolation what the effects processor is doing,

Note that if you solo a channel, you will hear it “dry";
but soloing the Effects Return in addition, you will also
hear all other instruments being sent to the effect at the
time. If you want to hear just one instrument and its
effect, you will have to solo the instrument, the effects
return, and also MUTE any other channels feading that
effects device



41. EFFECT RETURN MUTE: This completely discon-
nects the effects return from the stereo outputs, and any
group outputs, when the MUTE LED is ON.

42 AUX MASTERS 1-6: These are the last overall level
controls for the Aux mixes. They get their signal from
the AUX LEVEL controls in the channels. The signal
then goes to the respective AUX QUT jacks on the back
panel, and the AUX SWITCHES in the Control Room
section beneath. Adjust these AUX MASTERS for the
correct level feeding your external effects device. The
nominal {unity gain} setting for these controls is appro-
ximately “2 o'clock”,

43. SOLOC INDICATOR LIGHT: If any SOLO is pressed
anywhere on the console, this will light indicating that
the Control Room is receiving signat from the Sclo or
PE L busses instead of the Control Room Scurce switch.
Please note that if SOLO is engaged on a channel that
has no signal in it, you will hear nothing in the Control
Room untilt SOLO is turned off on that channel.

44. SOLO LEVEL: This sets the level you will hear in
the control room when SOLO is pressed (if the
PFL switch is up}. Typically it is set a little above unity
gain, so that a single instrument will sound about as loud
in the control room as the entire mix does, allowing you
to focus. The SOLO signal is stereo, coming from post-
fader, post-pan.

456, PFL LEVEL: This sets the level you will hear in the
contorl room when SOLO is pressed {if the PFL switch
is down}. Typically it is set a littie lower, since PFL
signals are often much hotter than Solo signals because
they do not pass through the Channel Faders Mote that
the PFL signal comes from a channel just after the EQ
and Insert points, and is mono.

46. PFL Switch: This changes all the SOLO switches in
the console between SOLO {Stereo-in-place} and PFL
{Pre-Fade-Listen} modes. See p 10, “Control Room
Subsystem” for more information.

47. CR—Control Room Level: This sets the overall
Control Room level, for both A and B outputs. ldeally
the ampiifier input controls should be set so that full
rotation of this control does not exceed the maximum
level you want in the control room.

48 MONO: This makes the stereo monitor mix into a
mono mix. It is typically used in final mixdown so the
engineer can check how the mix will sound when played
back on a mono system, such as a car radio

49, DIM: This cuts the control room outputs by 30 dB,
and is useful when you need to answer the phone etc
without disturbing the CR LEVEL control.

50, CONTROL ROOM SOURCE SWITCHES: These
seiect the source of the Control Reom mix (provided
that no SOLO source is on to override them)

AUX 1-8: These allow you to hear the mix being
sent to the AUX OUT jacks. Typically the're used when
you want to check the mix being sent to the performers’
headphones, or the mix being sent to an effects device,
They are automatically mono,

EXT: Press this to hear the output of an external
device plugged into the EXT IN jacks (typically a 2 track
recorder, but also possibly a reference CD player or
other device} If you are mixing down to an unbalanced
recorder, you will probably monitor it here during mix-
down,

2TR: This is just like EXT, except the 2TR IN jacks
accept +4 dBm balanced XLR connectors from pro-
fessional mastering decks

STEREO: This is the typical monitoring position
since the Monitor Faders feed the sterec mix. It con-
nects the output of the Stereo (L-R} master to the
contral room outputs

51. A and B Switches: These turn the corresponding
Control Room jacks on and off. in a typical installation,
Control Room A Out wilt be connected to an amplifier
feeding large monitors so the engineer can hear a high-
quality signal in detail, and Control Room B Qut will be
connected to a smaller system such as a hifi amp and
bookshelf speakers so the mix can be checked on a more
typical system Only either A or B can be selected at a
time ; don't try pressing both switches together. [f they
are both off it has the effect of a control room mute.

52, METER SELECT: The two mechanical VU meters
on the bridge above can be switched between thres
outputs: STUDIO, CR {Control Room), or STEREO.

STUDIO: The meters will read the level appearing at
the Studio Qut jacks, including any Talkback signals.
This is useful to make sure levels in the studio speakers
are consistent.

CR: This is the most useful position, since it allows
you to read the level of any of the Auxiliaty mix
outputs, either of the External 2-track inputs, or the
Stereo Qut, depending on the setting of the Control
Room Source Switch Meter readings will be unaffected
by the CR LEVEL or DIM controls. Also, if the PFL or
SOLO LEVEL controls are set to nominal, pressing any
S50LO switch will show that channei's level on the VU
meters.

STEREQ: The meters will read the level appeating at
the Stereo Qutput jacks,

53. CR (STUDIO Select): A separate pair of outputs on
the back panel is designated to be connected to a
separate sound system in the studio, for communication
and so performers can hear playback without travelling
to the control reom The normal Studio source is the
STEREQ mix. If CR is pressed, the studio will be fed by
the source chosen by the Control Room Source Switch
{Auxes, Ext, 2TR), or by SOLO or PFL, instead.

54. MONO ({Studiok: This makes the Studio outputs
monophonic,
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55. PHONES Level: This controls the output level of
the headphones built into the M-3b00 itself. This head-
phone mix follows whatever is chosen as the Studio
source (except for talkback).

56. STUDIO Level: This sets the overall level of the
Studio outputs. Note that it does not affect the level of
Talkback to the studic, which is set by the MIC leve!
alone.,

57. STUDIO ON/OFF Switch: This turns on the send
to the Studio amplifier. When the LED is on, the
speakers are on. If it is off, it is still possible to use the
Taikback system to communicate with the studio.

58. TB MIC: This is a buiit-in tratkback microphone for
communication

59, OSC Frequency Select: This is a six-position switch
choosing the frequency of the M-3500's built-in oscill-
ator, or turning it off 16 kHz and 10 kMz are used to
lay test tones on a tape 50 it can be adjusted for azimuth
and frequency respense at another studio. 1 kMz is the
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industry standard level reference tone. 100 Hz can be
used to check low frequency reshonse, and 40 Hz is used
to lay a ''slate tone” on a tape that can be heard as a
marker when a tape Is being fast wound.

60. TONE: This applies the tone of the built-in oscill-
ator t0 the Group and Stereo busses {pre-Group and
Stereo faders).

61. TALKBACK ASSIGN SWITCHES: These assign the
output of the built-in Talkback mic to three different
outputs:

AUX 1-4 sends the mic to the first four auxiliaries,
allowing you to communicate with performers wearing
headphones fed by any of those auxes.

SLATE serids the mic to all of the Group Busses and
the Sterec outputs at once, so you can record an an-
nouncement on the multitrack and the mastering
recorder ("“Take 3", etc.).

TB sends the mic to the Studio ampiifier, even if the
Studio switch is off or the Studio Level is down

62. MIC LEVEL: This sets the output levet of the built-
in Talkback mic.



63. STEREO MASTER FADER: This fader adjusts the
total output level of the stereo signal. It gets its signal
from the Stereo busses, which are always fed by the
short MONITOR FADERS, and by any CHANNEL
FADERS whose L-R switch is down It sends signal
to the STEREO L/R QUTPUT jacks {both the un-
balanced RCA jacks and balanced XLRs), the Control
Room STEREO switch, the CR (STUDIQ select)
switch, and to the METER SELECT switch. Itis set for
unity gain at the "0 dB"" mark, and at full up adds
10 dB of gain to the signal.

64. GROUP 1-8 MASTER FADERS: These adjust the
total output level of all signals assigned to a group. They
get their signal from the ASSIGN switches in the
channels They send signal to the 16 GRP OUT jacks
on the back panel {2 jacks for each group, intended for
16 track recordingl. They also send signal to the GRP
switch of the highest 8 Monitor faders, the GRP 1-8
switch on the Meter Bridge. There is 10 dB of gain
available on gach Group when the Master Fader is at full
up. MNote that although the Group Meters peak at +10,
there is 28 dB of headroom in the M-3500 itself. This
means that even when the meters are peaking, the
circuitry of the M-3500 itself still has 18 dB of available
headroom (maximum output is 8 volts before distor-
tion}. Seep 19, “Gain Staging’

65, METER BRIDGE SELECT SWITCHES: These
switches and indicators allow you to use the 8 LED
meters of the M-3500 to measure four different sources:

GROUP 1-8 (the normal position) measures the
output of the groups

TAPE 1-8 meters the signals arriving at the first 8
TAPE IN jacks;

TAPE 9-16 meters the signals arriving at TAPE IN
jacks 8-16;

TAPE 17-24 meters the signals arriving at TAPE IN
jacks 17-24.

If you have the 32-input model, an optional expansion
meter unit is available to measure the TAPE IN 25-32
signals. For more details on the expansion meter, see
p 37, "Optional Accessories’”
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Features: Back Panel Connections Reference

68 67 73 72 76
—-—
: @ ® ®
O O O
L
® D
66 70 69 71 74 7B 78

66. POWER SUPPLY: This:is 2 muitipin connector for
connection to the PS-3500 Power Supply Unit only.
The POWER On/Off switch is located on the external
power supply

67. GRP INSERT Jacks: These are three-conductor
{TRS Tip-Ring-Sleeve or “stereo”) 1/4” phone jacks
inserted into the Group Out signal path between the
Group Master Fader and the Group Qut jacks. f nothing
is plugged into this jack it is bypassed, but with the
proper cable {a 1/4” TRS “stereo” to twoe 1/4” “‘mono’”
phone splitter cable, such as the TASCAM PW.2Y
or PW-4Y Insertion Cable) yvou can route the entire
group through an external signal processor (such as
a compressor, equalizer, or reverb unit) before it goes
to the tape recorder. For more information, see p. 21
“Using Effects”. The INSERT point is before the feed
to the GROUP METERS, and the GRFP position of the
highest 8 Monitor channels. lts nominal level is ~10
dBvV
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68. GRP QUT Jacks: These jacks are the outputs of the
eight output groups, receiving signals from channels
assigned to the groups via each GROUP MASTER
FADER. The GROUP QUT jacks typically connect to
the unbalanced inputs of an multitrack recorder whose
nominal input level is —10 dBV {316 volts = 0 VU).
There are two output jacks for each group. These two
jacks carry exactly the same signal and are intended for
connection to 16 track recorders {Group 1 feeding both
tracks 1 and 9, etc.). The GRP QUTS have an output
impedance of 100 ohms, and a maximum output level of
+18 dBV (8 volts}, so they may be connected in parallel
to 3 or more tape recorder inputs without signal degra-
dation. They may also be connected to power amplifier
inputs for multichannel (matrix) PA applications.

An option is available to add +4 dBm balanced outputs
to each outputgroup if required. See p 37, "Accessories”.



69. CR QUT A Connectors: These +4 dBm balanced
XLR jacks are typically connected to an amplifier
powering the main reference loudspeakers, -Signal comes
from the Control Room Level control, vis the A"
onfoff switch. If your power amp does not have XLR
inputs, obtain or build an adapter cahle according to the
diagram below:

70. CR OUT B Connectors: These are the same as the
CR OUT A connectors, except their signal comes from
the “B”, and they are intended for connection to a
secondary Control Room amplifier. This amp typically
powers a pair of bookshelf-type reference monitors, or a
headphone network.

+4 dBm to - 10 dBV Conversion Cahble

Connection to - 10 dBV amp Inputs

e SHIELD (GRGUND)

CR QUT XLR jack

iF HUM OCCURS
CUT THiS WIRE

— E m SIGNAL (CENTER CONDUCTOR! m
SHELL s NS

RCA PHONO PLUG

TP SHIELD (GROUND}

{F HUM OCCURS
CUT THIS WIRE

€ E—

m SIGNAL (CENTER convDucTor) | \
—e

SLEEVE N
1/4" PHONE PLUG

71. STUDIO QUT: Connect these to the inputs of an
amplifier powering speakers in a separate studio, Signal
comes here from the STUDIO LEVEL and ON/OFF
switch, except when the TB (Talkback) switch is pressed
to override all switches and controls in the STUDICO
section.

72. EFT RTN Jacks 1-4: These jacks send signal directly
to the corresponding EFFECTS RETURN faders Con-
nect the outputs of your effects devices to these jacks,
although you can connect any other line input if desired.
Each EFT RTN is normaily independent and may be
assigned to any of the Groups or to Stereo via the
EFFECTS ASSIGN switches However, if a signal such as
the output of a reverb is plugged into RTN 1, but
nothing is plugged into return 2, the signal will go to
both EFFECTS RETURNS 1 and 2. Effects Returns 3
and 4 work the same way. The input level expected by
these jacks is - 10 dBV, although higher levels can be ac-
comodated.

73. STEREQD INSERT Jacks: These jacks are similar in
operation to the GRP INSERT jacks (#67 above} They
are typically used to insert a stereo compressor or other
signal processing into the signal path at mixdown The
insert point is between the STEREQ MASTER fader and
the STEREQ QUT jacks below.

74. STEREQ OUT Unbalanced Jacks: These jacks ate
typically connected to a mixdown deck with -10 dBV
nominal input level These jacks and the balanced jacks
can be used simultaneously,

N

75 STEREOQO QUT Balanced Jacks: These are for con-
necting the Stereo L-R signal to any +4 dBm balanced
input device, such as a mastering recorder.

76, AUX SEND 1-6 Jacks: These are the output con-
nectors for the six Auxiliary mix outputs of the M-3500.
Signal comes here directly from the AUX MASTER
controls. They are typically connected to the inputs of
external devices such as reverbs, digital delays, ete. Aux
1-4 may also be used to feed a separate headphone (cue)
mix. Their nominal output level is 0 dBu {779 volts).

77. EXT IN Jacks: These provide a route from an
external source {typicaliy a -10 dBV level mastering
recorder) directly to the Control Room Select EXT
switch |t may also be used for any source you want to
hear in isclation in the control room, such as a CD
player Note that since the EXT IN source can only Teed
the Control Roomr (not the Groups or Stereo busses), it
is not used for any source you wish to mix together with
other signals.

78, 2TR IN: Like EXT IN, these jacks connect directly
to the Control Room Select 2TR switch. They are
typically connected to the +4 dBm halanced outputs of
a two track mastering recorder, so playback can be heard
in the control room without disturbing any settings or
risking feedback by bringing the two track returns into a
channel,
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Input Channel Connectors

79, INSERT: The INSERT jack of each channel allows
you to insert an external signal processor (typically a
compressor or equalizer} into the channel path of the
mixer, in between the EQ section and the channel fader.
If nothing is plugged into this jack it has no effect, but
with the proper cable (a 1/4" TRS “'sterec” to two 1/4”
“mono’ phone splitter -cable, such as the TASCAM
PW-2Y or PW-4Y Insertion Cable} vou can send signal to
and from the externa! device from the channe!l. Note
that the channel QL (overload) light is just befare the
insert jack; if the external device adds gain it is possible
to clip the input electronics without the overload light
flashing. For more information, see p 21, “Using
Effects”,

INSERT

2 3D SEND

T — Tip, send signal
R — Ring, receive signal
§ — Sleeve, ground
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80. D OUT (Direct Out): This allows you to connect
the post-fader signal of a channel directly to a recorder
irack or other device, without passing through a group
output. 1t is used whenever more than eight outputs are
needed simultaneously (see p. 16, Right, ""Recording
More than 8 tracks™). This output can also be patched
into an outboard mixer for an additional post fader mix
(simitar in function to Aux 5 and 6}.

81. TAPE IN: Every channel has an input jack designat-
ed for Tape Input (also called Tape Return} This signal
normally goes to the MONITOR INP switch in the
channel, so that tape may be monitored in the control
room. When FLIP Is pressed, the tape signal is sent
through the main channel path (EQ, large fader, assign-
ment switches) instead, for mixdown. This jack is
designed for the unbalanced -10 dBV outputs. If you
need +4 dBm balanced tape inputs, an optional balancing
amplifier LA-3500 is available

82. LINE IN: These jacks are intended for unbalanced
line tevel inputs (nominal signal level - 10 dBV or 0.316
volts} such as synthesizers and other audio equipment.
Signal goes from this input directly to the LINE TRIM
control, and may be sent down the channel by the LINE
switch, If will accept a minimum input level of =20 dBV
{"“guitar level”} when the trim is at maximum gain. The
maximum input level, when the trim is at minimum,
exceeds any practical line tevel input (the TRIM comes
before the input electronics, and has attenuation of over
80 dB) +4 dBm balanced signals may be connected to
this jack if the source device can safely be unbalanced by
an adapter (see CR QUT B for diagram}. Check the
manual for the device to see if this can be done.



83. MIC IN: These XLR balanced connectors are
intended for connection of low-impedance microphones.
However, they can also be used for line-level sources up
to +4 dBm nominal level if the PAD and MIC TRIM
contrals are set to minimum. Signals go from this jack
to the PAD, MIC TRIM, and (if the LINE and FLIP
switches are both up) proceed down the channel path

The PWR switch applies 48 volt phantom power to pins
2 and 3 of this connector. Make sure PWR is OFF if
any source except a phantom-powered microphone
is connected. The pin assignment is: Pin 3 high, Pin 2
low, Pin 1 shield {ground).

Front Panel —l

Headphone Jack: This built-in headphone amplifier gets
sional from the CR (STUDIO select} switch, If the CR
switch is released, the signal source is the STEREQ
output. This atlows the engineer to continue to monitor
the stereo mix in headphones, while a second engineer
uses the Control Room speakers for other sources, or for
SOLO. If the CR switch is pressed, the headphone signal
comes from the Control Room Source Select switch, or
from the SOLO or the PFL switch, although it will not
be affected by DIM, or the Control Room MONO switch.
To hear a mono mix in the headphones, press the
STUDIC MONO switch. The headphone amplifier is
rated at 100 mW. per channel into an 8 ohm load
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LPower Supply

The PS-35Q00 Power Supply should be located within
easy reach of the console. However, do not mount it
directly over unshielded audio equipment, to avoid
electromagnetically induced hum in such units. Do not
use any multipin cable between the power supply and
the console except that provided with the unit Mount
the PS-3500 in an area with proper ventilation. Connect
the power supply to a good quality, noise-free AC power
source of the proper rating

The POWER switch is located on the front of the power
supply,
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VOLTAGE CONVERSION

The M-3500 is adjusted to operate on the electric voltage

specified on the PS-3500 Power Supply Unit,

NOTE: This voltage conversion is not possible on models
sold in the US.A, Canada, U K, Australia, or
Europa.

For ""general export’” models, if it is necessary to change

the voltage requirements of the M-3500 to match your

area, use the followinyg procedures,

WARNING: ALWAYS DISCONNECT THE POWER

CORD BEFORE MAKING THESE
CHANGES,
1. Locate the voltage selector on the side panel of the
PS-3500 Power Supply Unit,
2 Using a regular (stot blade} screwdriver, turn the
sefector until the numerals corresponding to the
voltage requirements for your area appear.




Optional Accessories

CS-3532/CS-3524 Pedestal

The C5-3532/3524 is a stand especially designed for
supporting the M-3500 console, The CS$-3532 is for the
32-input version of the M-3500, and the C5-3524 is for
the 24-input version,

C5-3532/3524 —

MU-3532/MU-3524 Meter Expansion Unit

The MU-3532/3b24 is a meter expansion unit to be
added to the standard 8 LED meters, The MU-35632 is
for the 32-input version of the M-35600 and has 24 LED
meters; in total you'll have 32 LED meters and be able
to switch them to show all 32 channel inputs or tape
returns at once. The MU-3524 is for the 24-input version
and has 16 LED meters, allowing, together with the
standard 8 LED meters, all 24 channel inputs/tape re-
turns to be registered The expanded meters can also be
switched to show levels feeding auxes 1-6, in addition to
groups 1-8.

LA-35600 Batanced Amplifier Kit

The LA-3500 is a user mountable circuit board kit, and
accommodates the M-3500 console to +4 dBm group
outputs and tape returns. Included are 2 input and 2
output circuit boards, each equipped with- a 25-pin
D-sub connector. One connector handles 8 audio signals;
2 inputs are for 16 tape returns, and 2 outputs both
issue the same 8 mixes from the eight group busses to
two different outhoard equipment at a time.

PW.2Y/PW-4Y Insertion Cable

The TASCAM PW-2Y/PW-4Y s a connecting cable that
atlows signal processing such as a graphic equalizer to be
inserted at specific points of the signal path of the
M-3500. 1ts trip-ring-sleeve plug connects to the INSERT
jack while its “Y'ed” end accommodates connection to
the input and output terminals of the outboard equip-
ment being used. Available in two lengths — 2 m (PW-2Y)
and 4 m (PW-4Y).

MH-40B Headphone Amplifier

The MH-40B is a headphone distribution amplifier that
can be used to feed four sets of studio cue headphenes
and can be mounted in a 19" ElA rack

37



TASCAM PB-32 Series Patch Bays

The PB-32 Series Patch Bays are ideal for any applica-
tion in multitrack recording process, They are available in
tour basic configurations, and can be mounted in 19”
ElA rack. They also feature “normalled” connections to
provide the maximum in patching convenience without
the need to patch through unused circuits,

Specifications

Number of circuits:

Type of jacks:

Dimensions:
WxHxD)
Weight:

16

RCA and/or 1/4”

phone

Front jacks with
switch (white)

Rear jacks without
switch (red)

482 x 44 x 75

{197 x 1-3/4” x 3"}

1.3 kg (2-14/186 |bs.}

I ircuit .
Model name Type of jacks nternal circuit connection
(FRONT} (REAR)
Upper v
g 1/4" phonejack | = SO0 —-——————
PB-32p {front and rear)
Lower ||VAGST 7777
RCA Upper Aoy
jack 0 el
P8-32R {front and rear}
Lower S/ Aol ~TTTTTT
1/4° phone jack (front) Upper [|VAog ~ 777
PB-32H RCA jack {rear) 7
Lower [|V&o2 7777
Leftmost 12 jacks {sdéme as PB-32P)
Upper [iVA o ~—~ ~ 7777 v
1/4" phonejack | U1 ________
{leftmost 12 jacks.
frontandrear) &
Lower ]
PB-32W Rightmost 20 jacks (same as PB-32R}
: Upper (g Oo————-———-
RCA jack L
{rightmost 20 jacks
front and rear)
Lower \gAoj ~ T~
— e e ————— S B, V—
External Dimensions
482 mm 118" |
b
432 mm (17 } .?if"m 31}
44mm(131‘4’$ 90 ee @000 ODQEOeRRE clazmm {14144 ) E@ P
- id © 0060 060 0% 66 0 O e 6 t e <P
465 mm {18516 | -J b _ﬂ,i.__ D 2mm {1716 ) (1/4 phone jacks)
- D D 7 mm (1/4°7) [RCA jacks)
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TASCAM Cables {U.8 A, Market Only)

Cable, because of its inherent capacitance and resistance,
is an active component in an audjo system. There are
vast differences in cable design and performance that
have significant effect on the sound quality you'll get
from your equipment TASCAM Professional Audic
Cables are the bast available

Our cables feature very low capacitance (under 15
picofarads/foot} so they don't act as jow pass filters and
roll off high frequencies The capacitance is also gon-
sistent; it doesn’t change when the cable is bent or com-
pressed You don’t get noise ot degraded results when
the cable has been used a while. Our cable’s long term
stability is provided by a special insulator that is as
flexible as foam core dielectrics, but far more resistant
to extreme cold or heat, and it doesnt let the center
strands migrate. [t also avoids the possibility of shearing
th center conductor when the cable is crushed, so the
cable does not suddenly fail.

Rather than loosely braided shield or spiral wrapped
shield that can open up, we use bare copper braided
shield with 97 % coverage. This excludes electrostatic
noise {buzz) and RFI {CB interference, etc). We also
use a 7-strand center conductor: 4 pure copper strands
for minimum resistance and 3 copper weld stainless
steel strands for strength, The multipie strands increase
flexibility and strength while offering less resistance at
ultra high frequencies due to increased surface area for
the ““skin effect " This improves transient response.

The outer PVC insulating jacket resists abrasion, and is
tightly fitted to the shield so it will not elongate The
connectors are special, too. Their nickel plated brass
center pins are a bit longer than most to establish good
contact in all RCA jacks. The cadmium plated steel
outer shell includes a gentle ridge which burnishes the
mating jack when the connector is twisted to ensure
good contact. For maximum RF shielding, the braid is
terminated inside the shell and 2-radian soldered, not
just spot soldered, for maximum strength. The plugs are
clad with an oval jacket of molded plastic to further in-
crease strength and make the ends easier to handle.
TASCAM cable is available in lengths from 6 inches to
20 feet, or in color-coded sets of 8 for fast channel or
function identification. TASCAM cable is also available
in 500 foot spools

tf TASCAM professional cables are not available in your
area, please try to find the next bhest cahles. It really
does make a difference in system performance,
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Specifications

40

ELECTRONICS

MIC iN {XLR Type Connector, Balanced)
Input Impedance:
Nominal Input Level :
Mirimum Input Level;
Trim Min:
Maximum Input Level;
Trim Max:
With Pad:
Trim Range:
Pad:
LINE IN (1/4” Phone Jack, Unbalanced)
input Impedance:
Mominal Input Level:
Minimum Input Level:
TAPE IN (Unbalanced)
Inpuit impedance:
Nominal Input Level:
Minimum Ilnput Level:
Channel INSERT {TRS 1/4" Phone Jack, Unbalanced)
Qutput Impedance:
Nominal Qutput Level:
Maximum Qutput Level :
{nput Impedance:
Nominal input Level :
Maximum Input Level:
D OUT {Unbalanced)
Qutput Impedance:
Nominal Qutput Leve!:
Maximum Qutput Levelz
EFT RETURN (1/4” Phone Jack, Unbalanced)
Input Impedance:
Nominal Input Level:
Minimum Input Level:
2TR IN (XLR Type Connector, Balanced}
Input impedance:
Nominal Input Level:
Minimum Input Level:
EXT IN (Unbalanced)
Input Impedance:
Neminal Input Level:
Viinimum Input Level :
GRP OUT {Unbalanced)
Output impedance:
Nominal Output Level:
Maximum Qutput Level:
AUX OUT (1/4” Phone Jack, Unbalanced)
Output Impedance:
Nominal Qutput Level:
Maximum Qutput Level:
CR OUT {XLR Type Connector, Unbalanced)
Output Impedance:
Mominal Qutput Level:
Maximum Output Levei:
STUDIO OUT {XLR Type Connector, Unbalanced)
Output 'mpedance:
Nominal Qutput Leve!:
Maximum Output Level:
STEREO OQUT (XLR Type Connector, Balanced)
Output Impedance:
Nominal Qutput Level:
Maximum Output Level:

2.2k ohms
-57 dBm (1.10 mV}

~67 dBm {0.35 mV)

~-25dBm {0.044 V}
+4 dBm {1.23 V}
42 dB

30 dB atteneation

16k ohms
-10dBV (0.316 V)
-20dBV (0.1 V)

10k ohms
-10 dBV (0.316 V}
-20dBV {01 V)

100.chms
-10dBV {0.316 V}
+18dBV (8.0 V)
40k ohms
-10dBV {0.136 V)
+11dBV (3.5 V}

100 ohms
-10dBV (0.316 V}
+18 dBV (8.0 V}

7k ohms
-10dBV {0.316 V)
-20 dBV {0.1 V}

37k ohms
+4 dBm (1.23 V)
-6 dBm {0.39 V)

20k ohms
-10 dBV (0,316 V}
-20dBV (0.1 V)

100 ohms
-10dBV {0 316 V)
+18 dBV (8.0 V)

100 ohms
0 dBu (0.775 V)
+20 dBu (8.0 V}

100 ohms
0 dBu (0775 V)
+20 du {8 0 V)

100 ohms
0dBu {0.775 V)
+20 dBu (8.0 V}

75 ohms
+4 dBm (1,23 V)
+25 dBm (13.8 V)



STEREQ QUT (Unbalanced)
Output Impedance:
Nominal Output Level:
Maximum Output Level:

100 ochms
-10dBV (0.316 V)
+18 dBV {8.0 V)

GRP INSERT (TRS 1/4" Phone Jack, Unbalanced)

Qutput impedance:
Nominal Qutput Level:
Maximum Qutput Level:
Input Impedance:
Maximum Input Level:

100 ohms
-10dBV (0.316 V)

C+H1BdBV (80O V)

20k ohms
+11dBV (35 V}

STEREO INSERT (TRS 1/4"” Phone Jack, Unbalanced)

Output Impedance:
Nominal Qutput Level:
Maximum Qutput Levei:
Input Impedance:
Maximum Input Level:

Headphone Qutput {TRS 1/4” Phone Jack}
Nominal Load Impedance:
Maximum Qutput Level:

Equalizer
Type:

Frequency;
Hl:
HI MID:
LO MID:
LO:
Boost/Cut:
HPF (High-Pass Filter):

OL {Overload) Indicator
Fiashing Level:

Bim
CR QUT Attenuation:

Test Tone
OSC Qutput:

Meter
Type:

PEAK Flashing Level:

Fader
Attenuation:

Power Requirements
USA/CANADA:
EUROPE: .
UK/AUSTRALIA:
GENERAL EXPORT:

Consumption
32-in Model :
24-in Model:

s

TYPICAL PERFORMANCES
Equivalent Mic Input Noise:

Signal-to-Noise Ratio:
32 MIC INS to GRP OUT:
24 MIC INS tc GRP QUT:
1 LINE IN to GRP QUT:
32 LINE INSto GRP OUT:
24 LINE INS to GRP QOUT:
1LINE IN t0o AUX QUT:
TLINE IN to CR QUT:
1LINE IN to STUDIO OUT:

32 LINE INS {Monitor) to GRP QUT:
24 LINE INS (Monitor) to GRP QUT:

Headphones:

100 ohims
-10dBV (0.316 V)
+18 dBV (8.0 V)
6k ohms

+11dBV {35V}

8 ohms
100 mW + 100 mW

4.-hand, 2-sweep

10 kHz

420 Hz to 13 kHz

42 Mz to 1.3 kHz

100 Hz

15 dB

12 dB/octave at 80 Hz

+15 dBV
30 dB
40 Hz, 100 Hz, 1 kHz, 10kHMz, and 16 kHz

8 LED and 2 VU meters
+10 VU

90 dB (at T kHz) or more

120V AC, 80 Hz
220 V AC, b0 Hz
240V AC, 50 Hz
100/120/220/240 V AC, 50/60 Hz

135 W
122 W

DIN AUDIO/IHF ”A’" (150 ohm source)
-130 dB/-132 dR

DIN AUDIO/IHF A"

50 dB/63 dB {150 ohm source}
52 dB/bb dB (150 ohm source)
82 dB/85 dB

62 dB/65 dB

63 dB/67 dB

70 dB/73 dB

83 dB/86 dB

83 dB/86 dB

62 dB/65 dB

63 dB/67 dB

72 dB/75 6B

41
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Total Harmonic Distortion {THD)

1 MIC IN to GRP OUT: Less than 0 018 % (at 1 kHz}
1 LINE !N to GRP QUT: Less than 0.018 % {at 1 kHz}
IMD (Intermodulation Distortion}
1 MIC IN to GRP QUT: Less than (.05 % (100 Hz and 5 kHz in the ratio 4:1)
1 LINE IN to GRP OUT: Less than 0 05 % {100 Hz and 5 kHz in the ratio 4:1)
Frequency Response {at nominal input level)
MIC IN to GRP OUT: 20 Hz to 20 kHz +0.5 dB/- 1.5 dB
LINE IN to GRP QUT: 20 Hz to 20 kHz +0.5 dB/~1.5 dB
Headphones: 50 Hz 10 20 kHz +0.5 dB/~3.0 dB
Crosstalk
GRP OUT: Better than 53 dB (at 10 kHz)
STEREQO QUT: Better than 59 dB {at 10 kHz}
Other Qutputs: Better than 60 dB (at 1 kHz)
Click Noise: Less than -35 dB
OTHERS
Dimensions (W x H x D)
Console;
32-in Model : 1,360 x 305 x 953 mm {53-1/2"" x 12" x 37-1/2")
24-in Mo del: 1,120 x 305 x 9563 mm (44-1/8" x 12'" x 37-1/2")
Power Supply Unit: 482 x 144 x 953 mm (19" x 5-11/16" x 37-1/2"%}
Weight
Console;
32-in Model: 70 kg {154-5/16 Ibs.)
24-in Model :

Power Supply Unit:

60 kg {132-4/18 Ibs.)
13.5 kg (28-12/16 Ihs )

In these specifications, 0 dBV is referenced to 1.0 V, and 0 dBm/dBu is referenced to 0.775 V

Changes in specifications and features may be made without notice or obligation,
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M-3500 mounted on the £5-3632/3524 Pedestal Stand




