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DATA HANDBOOK SYSTEM

Our Data Handbook System comprises more than 60 books with specifications on electronic compo-
nents, subassemblies and materials. It is made up of four series of handbooks:

ELECTRON TUBES BLUE
SEMICONDUCTORS RED
INTEGRATED CIRCUITS PURPLE
COMPONENTS AND MATERIALS GREEN

The contents of each series are listed on pages iv to vii.

The data handbooks contain all pertinent data available at the time of publication, and each is revised
and reissued periodically.

When ratings or specifications differ from those published in the preceding edition they are indicated
with arrows in the page margin. Where application information is given it is advisory and does not
form part of the product specification.

Condensed data on the preferred products of Philips Electronic Components and Materials Division is
given in our Preferred Type Range catalogue (issued annually).

Information on current Data Handbooks and on how to obtain a subscription for future issues is
available from any of the Organizations listed on the back cover.
Product specialists are at your service and enquiries will be answered promptly.

February 1984



ELECTRON TUBES (BLUE SERIES)

The blue series of data handbooks comprises:

T

T2a

T2b

T3

T4

T5

T6

T8

T9

T10

™

T12

T13

T15

T16

Tubes for r.f. heating

Transmitting tubes for communications, glass types
Transmitting tubes for communications, ceramic types
Klystrons

Magnetrons for microwave heating

Cathode-ray tubes
Instrument tubes, monitor and display tubes, C.R. tubes for special applications

Geiger-Miiller tubes

Colour display systems
Colour TV picture tubes, colour data graphic display tube assemblies, deflection units

Photo and electron multipliers

Plumbicon camera tubes and accessories
Microwave semiconductors and components
Vidicon and Newvicon camera tubes

Image intensifiers and infrared detectors
Dry reed switches

Monochrome tubes and deflection units
Black and white TV picture tubes, monochrome data graphic display tubes, deflection units

iv

October 1985



SEMICONDUCTORS (RED SERIES)

The red series of data handbooks comprises:

S1

S2a
S2b
S3
S4a
S4b
S5
S6
s7
S8a

S8b

S9

S10
S11
$12
S$13

*S14

g:;t;gnal silicon diodes, voltage regulator diodes (< 1,5 W), voltage reference diodes,
tuner diodes, rectifier diodes

Power diodes

Thyristors and triacs

Small-signal transistors

Low-frequency power transistors and hybrid modules

High-voltage and switching power transistors

Field-effect transistors

R.F. power transistors and modules

Surface mounted semiconductors

Light-emitting diodes

Devices for optoelectronics

Optocouplers, photosensitive diodes and transistors, infrared light-emitting diodes and
infrared sensitive devices, laser and fibre-optic components

Power MOS transistors

Wideband transistors and wideband hybrid IC modules

Microwave transistors

Surface acoustic wave devices

Semiconductor sensors

Liquid Crystal Displays

*To be issued shortly.

July 1986



INTEGRATED CIRCUITS (PURPLE SERIES)

The NEW SERIES of handbooks is now completed. With effect from the publication date of this

handbook the /N’ in the handbook code number will be deleted.

Handbooks to be replaced during 1986 are shown below.
The purple series of handbooks comprises:

ICo1

1C02a/b

1C03

1C04

ICO5N

ICO6N

1C08

ICO9N
IC10

IC11N

Supplement
to IC11N

1C12
IC13

IC14N

IC15

IC16
IC17
IC18

Radio, audio and associated systems
Bipolar, MOS

Video and associated systems
Bipolar, MOS

Integrated circuits for telephony
Bipolar, MOS

HE4000B logic family
CMOS

HE4000B logic family — uncased ICs
CMOs

High-speed CMOS; PC74HC/HCT/HCU
Logic family

ECL 10K and 100K logic families

TTL logic series

Memories
MOS, TTL, ECL

Linear LSI
Linear LSI

12C-bus compatible ICs

Semi-custom
Programmable Logic Devices (PLD)

Microprocessors, microcontrollers and peripherals
Bipolar, MOS

FAST TTL logic series

CMOS integrated circuits for clocks and watches
Integrated Services Digital Networks (ISDN)

Microprocessors and peripherals

new issue 1986
ICO1TN 1985

new issue 1986
1CO2Na/b 1985

new issue 1987
ICO3N 1985

new issue 1986
1C4 1983

published 1984

published 1986

New issue 1986
ICO8N 1984

published 1986

new issue 1986
1C7 1982

published 1985
published 1986

not yet issued

new issue 1986
IC13N 1985

published 1985

new issue 1986
IC15N 1985

first issue 1986
not yet issued

new issue 1986*

* The Microprocessors were included in handbook IC14N 1985, so IC18 will replace that part of

IC14N.

June 19861 (




COMPONENTS AND MATERIALS (GREEN SERIES)

The green series of data handbooks comprises:

C2
Cc3
c4
C5
Cé6
c7
c8
c9
C11

c12
c13
Cc14
C15
ci6
c17
c18
C19
C20

Cc22

Television tuners, coaxial aerial input assemblies, surface acoustic wave filters
Loudspeakers

Ferroxcube potcores, square cores and cross cores
Ferroxcube for power, audio/video and accelerators
Synchronous motors and gearboxes

Variable capacitors

Variable mains transformers

Piezoelectric quartz devices

Varistors, thermistors and sensors

Potentiometers, encoders and switches

Fixed resistors

Electrolytic and solid capacitors

Ceramic capacitors

Permanent magnet materials

Stepping motors and associated electronics

Direct current motors

Piezoelectric ceramics

Wire-wound components for TVs and monitors

Film capacitors

July 1986
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PREFACE

More than ten years on from our first dedicated ICs for telephony, the pace of progress in telecommun-
ication continues to accelerate. An already-wide range of design possibilities offered by well established
circuits and enhanced by new ICs has been dramatically extended in concepts that include microcon-
trollers linked to peripheral circuits via the two-wire 1C (Inter-IC) data bus.

Telephony concepts range from simple pulse dialling to the most advanced feature-phones and from
cordless telephones to cellular radio. The concepts include both bipolar and HCMOS ICs (with 2,5 V
to 6 V operating voltage range) with most telephony ICs supplied in space-saving small-outline (SO)
packages as well as standard DIL.

An Integrated Services Digital Network (ISDN) which allows transmission and reception of digitized
voice, data and video signals is now in the final stages of development and we are well advanced in the
development of a range of ICs with ISDN-Oriented Modular (IOM) architecture to form the vital
interfaces between ISDN networks and the wide variety of subscriber terminals. We are also introducing
the Integrated Services Terminal (IST) bus and associated |Cs which are ISDN-compatible and allow

up to 31 subscriber terminals to be interconnected via a simple, easy to install, twisted-pair cable.
Specifications for IST bus and IOM ICs will be published separately.

October 1986
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FUNCTIONAL

INDEX
FUNCTIONAL INDEX

type number description page
PULSE DIALLER CIRCUITS WITH REDIAL (PCD332X family, page 15)
PCD3320 dialler with several mute signals 197
PCD3321 dialler with two automatic access pauses 211
PCD3322 variant of PCD3320 227
PCD3323 dialler for sophisticated PABX systems 241
PCD3324 dialler with one automatic access pause 261
PCD3325A dialler with manual access pause control 277
PCD3326 variant of PCD3321 293
PCD3327 variant of PCD3325A for ceramic resonator 309
SPEECH/TRANSMISSION CIRCUITS (TEA 1060 family, page 16)
TEA1060 speech/transmission circuit with dialler interface;

low impedance input for dynamic and magnetic microphones 609
TEA1061 speech/transmission circuit with dialler interface;

high impedance input for eletret and piezo-electric microphones 609
TEA 1066T speech/transmission circuit with dialler interface; SO-encapsulation 625
TEA1067 low-voltage speech/transmission circuit with dialler interface;

input suitable for all microphone types 641
TEA1068 speech/transmission circuit with dialler interface;

input suitable for all microphone types 657
HANDSFREE LOUDSPEAKING TELEPHONES
TEA1042 telephone transmission circuit for handsfree loudspeaking 581
DTMF GENERATOR/DIALLER CIRCUITS
PCD3311 DTMF generator with parallel data inputs plus 12C bus 149
PCD3312 DTMF generator; 12C bus 149
TEA1075 DTMF dialler with line interface and mute switch 673
SINGLE-CHIP TELEPHONE CIRCUIT
TEA1046 DTMF dialler and transmission circuit 595
PULSE AND DTMF DIALLER COMBINATION
PCD3310 pulse and DTMF dialler with redial 129
REPERTORY DIALLERS (see Microcontrollers for telephone sets, page 16)
PCD3315/502 10-number repertory dialler with redial 167
PCD3315/503 10-number one-touch repertory dialler with redial 179
PCD3341 advanced 10-110 number repertory dialler; LCD control; 12C bus 321
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FUNCTIONAL

INDEX

type number description page
MICROCONTROLLERS (see Microcontroliers for telephone sets, page 16)
PCD3315C microcontroller for telephone sets 193
PCD3343 microcontroller for telephone sets; 12C bus 339
TONE RINGER
PCD3360 programmable multi-tone ringer 379
1C BUS COMPATIBLE ICs
PCB8582 256 x 8-bit EEPROM 121
PCD3311 DTMF generator with parallel data inputs 149
PCD3312 DTMF generator 149
PCD3341 advanced 10-110 number repertory dialler; LCD control 321
PCD3343 microcontroller for telephone sets 339
PCF8200 voice synthesizer (CMOS) 407
PCF8566 universal LCD driver for low multiplex rates (1:1 to 1:4);

max. 96 segments 421
PCF8570 256 x 8-bit static RAM 451
PCF8571 128 x 8-bit static RAM 463
PCF8573 clock/calendar 475
PCF8574 remote 8-bit 1/0 expander 493
PCF8576 universal LCD driver for low multiplex rates (1:1 to 1:4);

max. 160 segments 507
PCF8577 LCD direct driver (32 segments) or duplex driver (64 segments) 543
PCF8577A LCD direct driver (32 segments) or duplex driver (64 segments);

different slave address 543
PCF8591 8-bit A/D and D/A converter 559
CIRCUITS FOR MOBILE TELEPHONES
MC3361 low power FM IF signal processing system 41
NE567 tone decoder/phase locked loop 59
NEB70 compandor 69
NE571 compandor 69
NEbG72 programmable analog compandor 75
NE602 double balanced mixer and oscillator 81
NE604 low power FM/IF system 87
NE612 double balanced mixer and oscillator 89
NE614 low power FM/IF system 95
PCB80C31 single-chip 8-bit microcontroller; ROM-less version of PCB80C51 119
PCB80C51 single-chip 8-bit microcontroller; 128 bytes RAM;

4 K mask-programmable ROM 119
PCD3312 DTMF generator; |%C bus 149
PCD3315/502 10-number repertory dialler with redial 167
PCF8591 8-bit A/D and D/A converter; 1°C bus 559
SA571 compandor 69
SA572 programmable analog compandor 75
SAB602 double balanced mixer and oscillator 81
SA604 low power FM/IF system 87

October 1986\ (



FUNCTIONAL

INDEX
type number description page
SEG67 tone decoder/phase locked loop 59
TDA7050T dual audio amplifier for loudspeaking facilities 577
SPEECH SYNTHESIZERS
MEAS8000 voice synthesizer 45
PCF8200 voice synthesizer (CMOS) 407
0OM8200 speech demonstration board (for PCF8200) 111
om8210 speech analysis/editing system (for PCF8200) 1156
DISPLAY DRIVERS
PCF2111 LCD duplex driver (64 segments) with serial [/O 397
PCF8566 universal LCD driver for low multiplex rates (1:1 to 1:4);

max. 96 segments; 12C bus 421
PCF8576 universal LCD driver for low multiplex rates (1:1 to 1:4);

max. 160 segments; 12C bus 507
PCF8577 LCD direct driver (32 segments) or duplex driver (64 segments); 1°C bus 543
PCF8577A LCD direct driver (32 segments) or duplex driver (64 segments); 1°C bus;

different slave address 543
MISCELLANESOUS
NE5900 call progress decoder 105
PCB8582 256 x 8-bit EEPROM; I%C bus 121
PCF 1251 micropower voltage detector 393
PCF8570 256 x 8-bit static RAM; 12C bus 451
PCF8571 128 x 8-bit static RAM; 1°C bus 463
PCF8573 clock/calendar; 12C bus 475
PCF8574 remote 8-bit 1/0 expander; 12C bus 493
PCF8591 8-bit A/D and D/A converter; 12C bus
TDA7050T dual audio amplifier for loudspeaking facilities 577
TEA1042 telephone transmission circuit for handsfree loudspeaking 581
TEA1080 supply circuit for telephone set peripherals 689

Purchase of Philips’ 12C components conveys a license under the
Philips’ I°C patent to use the components in the 12C-system
provided the system conforms to the 12C specifications defined
by Philips.
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NUMERICAL

INDEX
NUMERICAL INDEX

type number description package page
MC3361D low power FM [F signal processing system D-PLASTIC (SO-16) 1
MC3361N low power FM [F signal processing system N-PLASTIC (16-pin) 41
MEA8000 voice synthesizer DiL-24;SOT-101A 45
NE567D tone decoder/phase locked loop D-PLASTIC (SO-8) 59
NE5S67F tone decoder/phase locked loop F-HERMETIC (14-pin) 59
NEG67E tone decoder/phase locked loop FE-HERMETIC (8-pin) 59
NES67N tone decoder/phase locked loop N-PLASTIC (8-pin) 59
NE570F compandor F-HERMETIC (16-pin) 69
NE5S70N compandor N-PLASTIC (16-pin) 69
NE571D compandor D-PLASTIC (SO-16L) 69
NES71F compandor F-HERMETIC (16-pin) 69
NE571N compandor N-PLASTIC (16-pin) 69
NE572D programmable analog compandor D-PLASTIC (SO-16L) 75
NEG72N programmable analog compandor N-PLASTIC (16-pin) 75
NE602D double balanced mixer and oscillator D-PLASTIC (SO-8) 81
NEGO2FE double balanced mixer and oscillator FE-HERMETIC (8-pin) 81
NEGO2N double balanced mixer and oscillator N-PLASTIC (8-pin) 81
NE604D low-power FM/IF system D-PLASTIC (SO-16) 87
NE604N low-power FM/IF system N-PLASTIC (16-pin) 87
NE612D double balanced mixer and oscillator D-PLASTIC (SO-8) 89
NE612N double balanced mixer and oscillator N-PLASTIC (8-pin) 89
NE614D low power FM/IF system D-PLASTIC (SO-16) 95
NEG614N low power FM/IF system N-PLASTIC (16-pin) 95
NE5900D call progress decoder D-PLASTIC (SO-16L) 105
NES900N call progress decoder N-PLASTIC (16-pin) 105
0OM8200 speech demonstration board (for PCF8200) standard Eurocard 111
om8210 speech analysis/editing system (for PCF8200) special pack 115
PCB80C31P single-chip 8-bit microcontroller;

ROM:-less version of PCB80C51P DIL-40; SOT-129 119
PCBBOC31WP  single-chip 8-bit microcontroller;

ROM:-less version of PCB8OC51WP 44-PLCC; SOT-187A 119
PCB80C51P single-chip 8-bit microcontroller;

128 bytes RAM; 4 K mask-programmable ROM  DIL-40; SOT-129 119
PCBBOCS51WP  single-chip 8-bit microcontroller;

128 bytes RAM; 4 K mask-programmable ROM  44-PLCC; SOT-187A 119
PCB8582 256 x 8-bit EEPROM; I2C bus DIL-8; SOT-97A 121
PCD3310P pulse and DTMF dialler with redial plus 12C bus DIL-20; SOT-146 129
PCD3310T pulse and DTMF dialler with redial plus I2C bus S0-28; SOT-136A 129
PCD3311P DTMF generator with parallel data inputs

plus 12C bus DIL-14; SOT-27KE 149
PCD3311T DTMF generator with parallel data inputs

plus 12C bus SO-16L; SOT-162A 149

October 1986
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NUMERICAL

INDEX

type number description package page
PCD3312P DTMF generator; 12C bus DIL-8; SOT-97AE 149
PCD3312T DTMF generator; I2C bus S0-8L;S0T-176 149
PCD3315/502P 10-number repertory dialler with redial DIL-28; SOT-117 167
PCD3315/502T 10-number repertory dialler with redial S0-28; SOT-136A 167
PCD3315/503P 10-number one-touch repertory dialler with redial DIiL-28; SOT-117 179
PCD3315/503T 10-number one-touch repertory dialler with redial  SO-28; SOT-136A 179
PCD3315CP microcontroller for telephone sets DIL-28; SOT-117 193
PCD3315CT microcontroller for telephone sets DIL-28; SOT-136A 193
PCD3320D dialler with several mute signals DIL-18;SOT-133B 197
PCD3320P dialler with several mute signals DIL-18;SOT-102GE 197
PCD3321D dialler with two automatic access pauses DiL-18;SOT-133B 211
PCD3321P dialler with two automatic access pauses DIL-18; SOT-102GE 211
PCD3322D variant of PCD3320 DIL-18;SOT-133B 227
PCD3322P variant of PCD3320 DIL-18;SOT-102GE 227
PCD3323D dialler for sophisticated PABX systems DIL-28; SOT-135A 241
PCD3323P dialler for sophisticated PABX systems DIL-28;SOT-117 241
PCD3323T dialler for sophisticated PABX systems S0-28; SOT-136A 241
PCD3324D dialler with one automatic access pause DIL-18;SOT-133B 261
PCD3324P dialler with one automatic access pause DIL-18; SOT-102GE 261
PCD3325AP dialler with manual access pause control DIL-18; SOT-102GE 277
PCD3326P variant of PCD3321 DIL-18; SOT-102GE 293
PCD3327P variant of PCD3325A for ceramic resonator DIL-18;SOT-102GE 309
PCD3327U variant of PCD3325A for ceramic resonator uncased chip 309
PCD3341P advanced 10-110 number repertory dialler;

LCD control; 12C bus DIL-28; SOT-117 321
PCD3341T advanced 10-110 number repertory dialler;

LCD control; I2C bus S0-28; SOT-136A 321
PCD3343D microcontroller for telephone sets; 12C bus DIL-28; SOT-135A 339
PCD3343P microcontroller for telephone sets; 12C bus DIL-28;SOT-117 339
PCD3343T microcontroller for telephone sets; 1C bus S0-28; SOT-136A 339
PCD3360P programmable multi-tone ringer DIL-16;SOT-38 379
PCD3360T programmable multi-tone ringer SO-16L; SOT-162A 379
PCF1251P micropower voltage detector DIL-8; SOT-97AE 393
PCF1251T micropower voltage detector S0O-8; SOT-96A 393
PCF2111P LCD duplex driver (64 segments)

with serial 1/0 DIL-40; SOT-129 397
PCF2111T LCD duplex driver (64 segments)

with serial 1/0 VS0-40; SOT-158A 397
PCF8200 voice synthesizer (CMOS) DI1L-24;SOT-101A 407
PCF8566P universal LCD driver for low multiplex rates

(1:1 to 1:4); max. 96 segments; 1°C bus DIL-40; SOT-129 421
PCF8566T universal LCD driver for low multiplex rates

(1:1 to 1:4); max. 96 segments; |2C bus VS0-40; SOT-168A 421
PCF8570P 256 x 8-bit static RAM; 12C bus DIL-8; SOT-97AE 451
PCF8570T 256 x 8-bit static RAM; 12C bus SO-8L; SOT-176 451
PCF8571D 128 x 8-bit static RAM; 12C bus DIL-8; SOT-151A 463
PCF8571P 128 x 8-bit static RAM; 12C bus DIL-8; SOT-97AE 463
PCF8571T 128 x 8-bit static RAM; 12C bus SO-8L; SOT-176 463
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NUMERICAL

INDEX
type number description package page
PCF8573P clock/calendar; 12C bus DIL-16;SOT-38 475
PCF8573T clock/calendar; 1°C bus SO-16L; SOT-162A 475
PCF8574P remote 8-bit 1/0 expander; 12C bus DIL-16; SOT-38 493
PCF8574T remote 8-bit /O expander; 12C bus SO-16L; SOT-162A 493
PCF8576T universal LCD driver for low multiplex rates

(1:1 to 1:4); max. 160 segments; |2C bus VS0-56; SOT-190 507
PCF8576U universal LCD driver for low multiplex rates

(1:1 to 1:4); max. 160 segments; 1C bus uncased chip 507
PCF8577P LCD direct driver (32 segments) or

duplex driver (64 segments); 12C bus DIL-40; SOT-129 543
PCF8577T LCD direct driver (32 segments) or

duplex driver (64 segments); 12C bus VS0-40; SOT-158A 543
PCF8577AP LCD direct driver (32 segments) or

duplex driver (64 segments); 1°C bus DIL-40; SOT-129 543
PCF8577AT LCD direct driver (32 segments) or

duplex driver (64 segments); 12C bus VS0-40; SOT-158A 543
PCF8591P 8-bit A/D and D/A converter; 12C bus DIL-16; SOT-38 559
PCF8591T 8-bit A/D and D/A converter; 12C bus SO-16L; SOT-162A 559
SA571F compandor F-HERMETIC (16-pin) 69
SA571N compandor N-PLASTIC (16-pin) 69
SA572N programmable analog compandor N-PLASTIC (16-pin) 75
SA572F programmable analog compandor F-HERMETIC (16-pin) 75
SA572D programmable analog compandor D-PLASTIC (SO-16L) 75
SA602D double balanced mixer and oscillator D-PLASTIC (SO-8) 81
SAG602FE double balanced mixer and oscillator FE-HERMETIC (8-pin) 81
SA602N double balanced mixer and oscillator N-PLASTIC (8-pin) 81
SA604D low-power FM/IF system D-PLASTIC (SO-16) 87
SA604N low-power FM/IF system N-PLASTIC (16-pin) 87
SEbB67F tone decoder/phase locked loop F-HERMETIC (14-pin) 59
SEB67FE tone decoder/phase locked loop FE-HERMETIC (8-pin) 59
SE567D tone decoder/phase locked loop D-PLASTIC (SO-8) 59
SE567N tone decoder/phase locked loop N-PLASTIC (8-pin) 59
TDA7050T dual audio amplifier for loudspeaking facilities S0-8; SOT-96A 577
TEA1042 telephone transmission circuit for

handsfree loudspeaking DIL-24; SOT-101A 581
TEA1046P DTMF dialler and transmission circuit DIL-24; SOT-101A 595
TEA1060 speech/transmission circuit with dialler interface;

low impedance input for dynamic and

magnetic microphones DIL-18; SOT-102HE 609
TEA1061 speech/transmission circuit with dialler interface;

high impedance input for eletret and

piezo-electric microphones DIL-18; SOT-102HE 609
TEA1066T speech/transmission circuit with dialler interface; -

SO-encapsulation S0-20; SOT-163A 625
TEA1067 low-voltage speech/transmission circuit with

dialler interface; input suitable for

all microphone types DIL-18; SOT-102HE 641

w ﬂ)ctober 1986
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NUMERICAL

INDEX

type number description package page
TEA1068 speech/transmission circuit with dialler interface;

input suitable for all microphone types DIL-18; SOT-102HE 657
TEA1075P DTMF dialler with line interface and mute switch  DIL-18; SOT-102HE 673
TEA1075T DTMF dialler with line interface and mute switch  SO-20; SOT-163A 673
TEA1080P supply circuit for telephone set peripherals DIL-8; SOT-97AE 689
TEA1080T supply circuit for telephone set peripherals SO-8; SOT-96A 689

14
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PCD332X

FAMILY
PULSE DIALLER CIRCUITS WITH REDIAL, PCD332X FAMILY
PCD....
functional survey
332033213322 |3323 3324 |3325A|3326 [ 3327*

Number of pins 18 | 18 | 18 | 28 | 18 | 18 18 | 18
Dialling pulse frequency 10Hz| e ° ° ° ° ° ° °

selectable with FO1, FO2 16, 20 Hz ° ° . ° ° °
Mark/space ratio 3:2| e ° ° ° ° ° ° °

selectable with M/S 2:1 ° ° ° ° °
Inter-digit pause duration 8xTpp| ® ° ° ° ° ° ° [

selectable with IDP 9x Tpp °
Reset delay for line power breaks 1,6 x Tpp| ® ° ) ° ° ° ° °

selectable with RDS 32xTpp °
Access pauses repeated during redial ° ° ° ° ° )
Manual insertion of access pauses ° L] ) ° ° )
Automatic access pause insertion 1 max. L]

2 max. ° ° °

Access pause duration 32 x Tpp ° ° ° °

selectable with APD 64 x Tpp ° °

not automatically terminated ° °
M1, inverted mute output ° 'y °
M2, strobe output ° °
M3, AND function of mute (M1) and

inverted dialling pulse (DP) outputs [ o
CL, clock output °
APO, access pause output [
HOLD, dialling-interrupt input ) [ °
APO + HOLD, internally connected ° ) ° ° °
APR, access pause reset input ]
AAE, automatic access pause enable (]

Tpp = dialling pulse period.
* PCD3327 for ceramic resonator.

Features common to all PCD332X family
OSCIN

0SC OUT } on-chip oscillator input and output

C1 to C3, column keyboard inputs with on-chip pull down
R1 to R4, row keyboard inputs with on-chip pull-up

CE, chip enable input

DP, dialling pulse drive output to external line-switching transistor or relay

M1, mute output

October 1986
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TEA1060
FAMILY

SPEECH/TRANSMISSION CIRCUITS, TEA1060 FAMILY

. TEA . ...
functional survey
1060 1061 1066T | 1067 1068
Microphone inputs:
low sensitivity; dynamic or magnetic L] ° ® °
medium sensitivity; dynamic or magnetic ° ° L] L]
eletret with preamplifier ° ° L) °
piezo-electric ® [} ° °
Receiver outputs:
dynamic or magnetic o ® ° ° °
piezo-electric o ® ° ) °
Electronic mute input ° ° ° ° °
DTMF input ° ® ° ° °
Voltage regulator:
adjustable d.c. voltage ° ° ° ° °
adjustable d.c. resistance ° ® ® ° )
Power-down input ° [} ° o
Gain control:
control can be switched-off °® ® ° ° °
adaptable to exchange voltage and impedance ° L) ® ° °
SO encapsulation °
Parallel operation possible L]
MICROCONTROLLERS FOR TELEPHONE SETS
type number short description type number of type number or
of family standard version customized version

dedicated single-chip,
8-bit microcontroller for
PCD3343 telephone sets; available in PCD3341 PCD3343/0XX
standard or customized versions;
3K x 8 ROM; 224 x 8 RAM

dedicated single-chip,

8-bit microcontroller for
PCD3315C telephone sets; available in
standard or customized versions;
1,6K x 8 ROM; 160 x 8 RAM

PCD3315/502

PCD3315/503 PCD3315/6XX

16 October 1986



ARCHITECTURE OF ELECTRONIC SUBSCRIBER SETS

Telephones for pulse dialling
Telephones for DTMF dialling






ARCHITECTURE

ARCHITECTURE OF ELECTRONIC SUBSCRIBER SETS
The path to electronic operation

The first step in converting subscriber sets to electronic operation is usually in the replacement of the
rotary dial by a push-button keyboard which operates either with a pulse generator for interrupted
current-loop dialling, or with a tone generator for DTMF dialling (this division of techniques has
resulted in two main streams of telephone production; pulse dialling and tone dialling). Subsequent
steps for improvement are in the replacement of the carbon microphone by an active transducer such
as an electret or electro-dynamic microphone, and replacement of the transformer hybrid by an
integrated speech/transmission circuit. The sequence continues with the inclusion of features such as
repertory dialling, last-number redial, extended redial, dialled number display, and tarif-unit metering.
Some sets may also have the capability of either pulse or DTMF dialling.

The ringer is a completely separate function and can therefore be replaced by electronics at any stage.

Basic telephones for pulse dialling

Figs 1, 2 and 3 show the architecture of basic push-button subscriber sets for interrupted current-loop
dialling using 1Cs from the PCD332X family.

In Fig. 1 an insert unit to perform the dial function is shown in a conventional set with a transformer
hybrid. A muting relay inhibits the speech function during dialling.

Fig. 2 shows a parallel circuit in which the line current flows through either the speech part or a
dummy load and is interrupted by the M3 output of the dialling IC. Note that the conventional speech
circuit operating with two wires may be replaced by a speech/transmission circuit (from the TEA1060
family). This allows the possibility of operating the speech IC in the handset with only a two-wire cable.

In Fig. 3 the dialling IC operates in conjunction with a transmission IC with common-line interface.
The latter works with any kind of microphone and earpiece and has a special input for muting. For this
function we have a family of speech/transmission ICs (the TEA 1060 family).

— rih
) |reossex

la\ M1
sl

[
. —7
dialling

pulse

|
|

b/a

CONVENTIONAL
SPEECH HYBRID

PULSE
DIALLING CIRCUIT

7289951.2

Fig. 1 Pulse dial insert unit replacing the rotary dial in a conventional telephone set.
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b/a I-II]'—I
BST76A

——- OEE
| | =i pep32x | ¢ ]
. l , M3 | FAMILY )]
B |J Blolo
v or BsT76a |V
lO —! TEA1060 ],
| FAMILY |
| FORROR I
7Z89952.3
CONVENTIONAL SPEECH HYBRID PULSE
or DIALLING
SPEECH CIRCUIT CIRCUIT

Fig. 2 Puise dial basic set with either conventional or electronic speech.

supply I'll:ll']
D_ mute m[as)
TEA1060 [ ¥ ] PCcD332X ¢|4n 3|5}
FAMILY | FAMILY [AEE
D— Lr;]r 3)
|
75 BST76A
line {)'_I/ 7291936.1
b/a SPEECH / PULSE
TRANSMISSION DIALLING
CIRCUIT CIRCUIT

Fig. 3 Pulse dial basic set with two ICs and common line interface.
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Basic telephones for DTMF dialling
Figs 4, 5, 6 and 7 show the architecture of four basic push-button sets for DTMF dialling.

In Fig. 4 a conventional speech circuit with a transformer hybrid is used together with a DTMF
generator; this requires a DTMF generator which has an output stage, line interface and mute switch.
Fig. 5 shows the same DTMF generator applied with an electronic speech circuit. Both DTMF generator
and speech circuit have interfaces to the line.

In Fig. 6 only the speech circuit interfaces to the line. The DTMF generator is connected to the speech
circuit which has a DTMF and a mute input for this purpose. The speech circuit incorporates a voltage
stabilizer and audio output stage for both speech and DTMF signals. Note that the speech ICs in this
application are the same as used for the pulse dial application shown in Fig. 3.

The application of a combined DTMF /transmission circuit (TEA1046) is shown in Fig. 7.

| i

pit

= p [
b | i

7293029

OTMF DIALLING
WITH
ON-CHIP LINE INTERFACE

CONVENTIONAL
SPEECH HYBRID

Fig. 4 DTMF set using a conventional speech circuit.

[ 1

D_ TEA1060 TEA1075
< FAMILY o
a/b *
line l mute

7293030.1

Fig. 5 Full electronic DTMF set.
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supply

i

|

mute
D TEA1060 | DTMF
FamiLY |PTMFIGeNERATOR
7289956.2
SPEECH/TRANSMISSION ~ DIALLING
CIRCUIT CIRCUIT

Fig. 6 DTMF basic set with two ICs and common line interface.

line

b/a

rh

oo
TEA1046 K= AEEE
D_ BHEED
ONE-CHIP DTMF
TELEPHONE CIRCUIT
7289957

Fig. 7 Electronic speech and DTMF on a single chip.

Basic telephones for both pulse and DTMF dialling
The architecture of a push-button subscriber set for both pulse and DTMF dialling is shown in Fig. 8.
This concept includes last-number redial and flash. The speech circuit is the only part interfacing with
the line, the dialler circuit being connected via the DTMF, mute and power-down pins.

a/b
line

b/a

supply []
I I mute I r‘ I_I
TEA1060 | DTMF
< 1
FAMILY PCD3310
O o
power
down l
BST76A dialling
pulse/flash
pil
g
SPEECH / DTMF / PULSE
TRANSMISSION DIALLING
CIRCUIT CIRCUIT 7291933.1

Fig. 8 Subscriber set architecture for pulse and DTMF dialling.
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Feature telephones

The subscriber set shown in Fig. 9 has added features including last-number redial, extended redial,
repertory dialling and register recall. It is constructed around the PCD3315C telephone microcontroller
and a PCD3312 DTMF generator. Pre-programmed versions of the PCD3315C are available
(PCD3315/502 and PCD3315/503).

supply optional

t B Ll

D—— SPEECH/ e DEDICATED %%%
TRANSMISSION power down MICRO - .

CIRCUIT « =|AEEREE
Yy O Teatoso FamiLy ot CC;NT,;OLLER HEEEME

< CD3315C
e T, DEEEED
i H

fine BST76A D
IE*'D ] oTmF

—_ N
dialling pulse / flash PCD3312

7291944.1

Fig. 9 Feature telephone using a dedicated microcontroller (PCD3315C).

Even more features can be obtained by using the telephone microcontroller PCD3343. This interfaces
with the 12C bus — a two-wire serial input/output data bus — which allows peripheral devices to be
added. An example of this is shown in Fig. 10 with the additions of a larger repertory dial memory and
dialled number display. In this way, up to eight CMOS RAMs (PCF8571) can be used to augment the
on-chip storage capacity of the PCF3343 (ten 16-digit numbers). Other additions can be an LCD driver
(PCF8576 or PCF8577), a clock/timer circuit (PCF8573) and DTMF generator (PCD3312). There is
also a DTMF generator (PCD3311) which operates with a 4 or 8-bit microcontroller, and a pre-program-
med version of the PCD3343 which is available under the type number PCD3341.

supply
mute A]
D TRA?I:&&?:S/ION power down DEDICATED EEEE
cradle CIRCUIT . MICROCONTROLLER K= |GIEIGIE
DTMF FEIF D]
TEA1060 FAMILY « PCD3343 oo
(c‘\BSTMA DH
2l —| otmF
_ ~
\'/dialling pulse / flash L:ﬂ)y PCD3312
1 2Cbus|| — o s —
: E
CD ELECTRONIC | Lcb ’Z‘(?;UL o
X RINGER .
- n| DRIVER 16-DIGIT
PCD3360 m— frs |
I | " | pCF8577 .
T |
RAM
L—| pcF8570
PCF8571
7289958.3

Fig. 10 Feature-phone using dedicated microcontroller PCD3343.
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Fig. 11 shows an application in which a general-purpose microcomputer or a personal computer with
parallel input/output can be used in conjunction with the TEA1046 DTMF /speech/transmission IC
(this has microcomputer-compatible keyboard inputs).

|
rih
DTMF & SPEECH/ GENERAL - PURPOSE
TRANSMISSION
cradle <] MICROCOMPUTER/

CIRCUIT
T ¢> TEA1046 PERSONAL COMPUTER

a/b i
line ﬁ "— LCD MODULE
] DISPLAY [™] .
b/a DISPLAY
:'> DRIVER |, | I
] A
ELECTRONIC
A RINGER
PCD3360 :{) RAM
TARIFF
=) MmeTeR
7289959.1

Fig. 11 Application utilizing a general-purpose microcomputer with parallel input/output.

Loudspeaking facilities

A simple but effective audio amplifier is shown in Fig. 12. The peripheral supply circuit (TEA1080)
uses the line input to power the loudspeaker amplifier (TDA7050) and other peripheral devices if
required. The TDA7050 is a dual-channel amplifier making either single-ended or bridge-tied load
(BTL) configurations possible.

! PERIPHERAL
\ SUPPLY
1 l CIRCUIT
TEA1080
SPEECH/DIAL '

CIRCUITS [:I
’ TDA7050
LOUDSPEAKER
a/b AMP

: I

7291939

Fig. 12 Audio power amplifier for loudspeaking.
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Cordless telephones

Our dedicated ICs for telephony will enhance any attractive mobile telephone design. The cordless
telephone concept shown in Fig. 13 operates with carrier frequencies of 46/49 MHz (FCC standards)
and incorporates a security code system to protect transmissions between base and remote units.

The base and the remote units both utilize the single-chip FM radio receiver (MC3361) which requires
few external components and is simple to align. A pilot tone is used to separate voice and data,
detection of the pilot tone is implemented with our tone decoder SE/NE567. Also both units use the
dedicated microcontroller (PCD3315) which, as well as the standard dialling functions, provides the
two-way, 16-bit, random-generated, security code system. In DTMF systems, the PCD3315 will control
a PCD3312 dialler. The voice output of the remote unit is driven by earpiece/loudspeaker amplifier
TDA7050. In the base unit the TEA 1060 provides the line interface for the speech/transmission part
and the PCD3360 detects the ringer voltage.

October 1986 25



ARCHITECTURE

mains

RECEIVER voife TDA7050
% MC3361 AMPLIFIER
N NE604/614
NE567
security
Pc:;;ﬁ TONE B
GENERATOR
DIPLEXER MICRO |
—— - alert
FILTER CONTROLLER | (=
| T
enable secuﬂ
RF
POWER  |+{ OSCILLATOR |-« MODULATOR AMPLIFIER —O
AMPLIFIER
+I +
from .
base
I - 7291942.1
(a) Remote unit.
RECEIVER voice Y
[~ MC3361 +
X I neeosssra 'Y alb
NES67 security T
PCD3312 TEA1060
LINE line
DTMF INTERFACE
PCD3315
DIPLEXER _L_— 5XX cradle
FILTER DT_ MICRO - L b/a
CONTROLLER 1
1 !
l | IR Y a
RF ol PCD3360
L{ Power |« OSCILLATOR j«{MODULATOR| STty RINGER
AMPLIFIER DETECTOR
voice
7291943.1
POWER base
SUPPLY
CHARGE handset

(b) Base unit.

Fig. 13 Advanced cordless telephone.
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Cellular radio

Cellular mobile communications systems employ hybrid technologies that bring together analogue
voice processing and digital data communications. As can be seen in Fig. 14, our integrated circuits

fulfill many of the vital functions required for mobile equipment of the new era.

w/

Cl RB

L

L]

NE602 NE604 NES572
RECEIVER MIXER » | XTAL FILTER N AUDIO
FRONT END & PROCESSOR
I.F. FM DET. & AMPLIFIER
TDA7050
PCB80C51
FREQUENCY MICRO- DATA
SYNTHESIZER CONTROLLER TRANSCEIVER
I DISPLAY I
AEE @
HAkFE a3
NES72
BGYS90A AUDIO
TRANSMITTER UHF TRANSMITTER | ] PHASE PROCESSOR
FILTER POWER DRIVER MODULATOR & DTMF
MODULE PCD3312
POWER
CONTROL 7291938.1
PCF8591

Fig. 14 Mobile transceiver for cellular radio.
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PRODUCT STATUS

For type numbers with prefixes MC, NE, SA, SE DEFINITIONS
DEFINITIONS
Data Sheet Identification Product Status Definition

This data sheet contains the design target or goal ificati for product

Objective Hication Formative or In Design tions may change in any manner without notice.
This data sheet contains inary data and y data will be published at a later date.

Preliminary Specification Preproduction Product Signetics reserves the right to make changes at any time without notice in order to improve design and
supply the best possible product.
This data sheet contains Final Specifications. Signetics reserves the right to make changes at any time

ut Hication Full Production without notice in order to improve design and supply the best possible product.
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ORDERING
INFORMATION For type numbers with prefixes MC, NE, SA, SE

ORDERING INFORMATION Table 1 PART NUMBER DESCRIPTION
Signetics’ Linear LS integrated circuit pro- | PART CROSS REF PRODUCT PRODUCT
ducts may be ordered by contacting eitherthe | NUMBER PART NO. FAMILY DESCRIPTION

local Signetics sales office, Signetics represen-

tatives and/or Signetics authorized distributors.

A complete listing is located in the back of this | NE5537N LF398 LIN _Sample & Hold Amp
manual. ]
Minimum Factory Order: —— Description of

Product Function
Commercial Product:

$1000 per order
$250 per line item per order

Military Product:
$250 per line item per order

LIN Analog Products

= Product Family MIL Miliary Products

Table 1 provides part number information
concerning Signetics originated products.

Table 2 is a cross reference of both the old
and new package suffixes for all presently
existing types, while Tables 3 and 4 provide
appropriate explanations on the various
prefixes employed in the part number L——» Device Number
descriptions.

— Package Descriptions —See Table 2

O Famil m Rang fix—See Tables 3 & 4
As noted in Table 3, Signetics defines device Device Family and Temperature o Prefix—See

operating temperature range by the appropri-

ate prefix. It should be noted, however, that

Table 3 SIGNETICS PREFIX AND
devices with a SE prefix (- 55°C to + 125°C) Table 2 PACKAGE DESCRIPTIONS . DEVICE TEMPERATURE
indicates only its operating temperature PACKAGE
range and not its military qualification status. ol | New Ducmmou/ PREFIX DEVICE Ti::ERATURE
The military qualification status of any Linear - R
LSI product can be determined by either | AAA | N 14-lead plastic DIL , N 0°to +70°C
looking in the Military Section in this manual | A N-14 ;\"'f:d ::::':Zg':;zf'”"" s -55°to +125°C

" " nalog o o
and/or contacting your local sales office. BBA | N 16-lead plastic DIL gEE 25 :c:;]?ng.c
- o] Microminiature package (SO) " - 40° t 8‘5’ c
F F | 14,16, 18, 22 and 24-lead S —40%to +
ceramic (Cerdip) DIL
LIK | 14,16, 18, 22, 28 and 4-lead
ceramic DIL Table 4 INDUSTRY STANDARD PREFIX
K H 10-lead TO-106
L H 10-lead high-profile TO-100 PREFIX DEVICE FAMILY
can AM Linear Industry Standard
X |2aiead plastic DL cA Linear Industry Standard
' ceramic flat DAC Linear Industry Standard
TTA | H 8-lead TO-99 JB Mil Rel—Jan Qualified—
U U §l:. P;cs:bc:ogi Old Designator
v N -lead plastic
XA N 18-lead plastic DIL JM Mil Rel—Jan Qualified—
xC N 20-iead plastic DIL New Designator
XC N 22-lead plastic DIL LF Linear Industry Standard
XLXF| N |28-lead plastic DIL LM Linear Industry Standard
M Mil Rel—Jan Processed
MC Linear Industry Standard
NE Linear Industry Standard
SA Linear Industry Standard
SE Linear Industry Standard
SG Linear Industry Standard
wA Linear Industry Standard

ULN Linear Industry Standard
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For type numbers with prefixes MEA, PCB, PCD, PCF, TDA, TEA TYPE

DESIGNATION

PRO ELECTRON TYPE DESIGNATION CODE
FOR INTEGRATED CIRCUITS

This type nomenclature applies to semiconductor monolithic, semiconductor multi-chip, thin-film,
thick-film and hybrid integrated circuits.

A basic number consists of:
THREE LETTERS FOLLOWED BY A SERIAL NUMBER

FIRST AND SECOND LETTER
1. DIGITAL FAMILY CIRCUITS

The FIRST TWO LETTERS identify the FAMILY (see note 1).
2. SOLITARY CIRCUITS

The FIRST LETTER divides the solitary circuits into:

S : Solitary digital circuits
T : Analogue circuits
U : Mixed analogue/digital circuits

The SECOND LETTER is a serial letter without any further significance except ‘H’ which stands
for hybrid circuits.

3. MICROPROCESSORS
The FIRST TWO LETTERS identify microprocessors and correlated circuits as follows:

Microcomputer
MA : . .
Central processing unit
MB : Slice processor (see note 2)
MD : Correlated memories
ME : Other correlated circuits (interface, clock, peripheral controller, etc.)

4. CHARGE-TRANSFER DEVICES AND SWITCHED CAPACITORS
The FIRST TWO LETTERS identify the following:

NH : Hybrid circuits

NL : Logic circuits

NM : Memories

NS : Analogue signal processing, using switched capacitors
NT : Analogue signal processing, using CTDs

NX : Imaging devices

NY : Other correlated circuits

Notes

1. A logic family is an assembly of digital circuits designed to be interconnected and defined by its
basic electrical characteristics (such as: supply voltage, power consumption, propagation delay,
noise immunity).

2. By 'slice processor’ is meant: a functional slice of microprocessor.

December 1982

33



TYPE

DESIGNATION

THIRD LETTER

It indicates the operating ambient temperature range.
The letters A to G give information about the temperature:

: temperature range not specified
: Oto+700C

: —b5to+1250C

: —256t0+70°C

: —25t0+85°C

: —40to +85°C

: —b5t0+850C

OTMMQUO >

If a circuit is published for another temperature range, the letter indicating a narrower temperature
range may be used or the letter 'A’.

Example: the range 0 to + 75 ©C can be indicated by ‘B’ or ‘A’.

SERIAL NUMBER

This may be either a 4-digit number assigned by Pro Electron, or the serial number (which may be a
combination of figures and letters) of an existing company type designation of the manufacturer.

To the basic type number may be added:
A VERSION LETTER

Indicates a minor variant of the basic type or the package. Except for ‘Z’, which means customized
wiring, the letter has no fixed meaning. The following letters are recommended for package variants:
: for cylindrical

. for ceramic DIL

. for flat pack

: for chip on tape

: for plastic DIL

: forQlL

: for miniature plastic (mini-pack)

: for uncased chip

Alternatively a TWO LETTER SUFFIX may be used instead of a single package version letter, if the
manufacturer (sponsor) wishes to give more information.

FIRST LETTER: General shape SECOND LETTER: Material

cHOov9vr mOoO

C : Cylindrical C : Metal-ceramic
D : Dual-in-line (DIL) G : Glass-ceramic (cerdip)
E : Power DIL (with external heatsink) M : Metal

F : Flat (leads on 2 sides) P : Plastic

G : Flat (leads on 4 sides)

K : Diamond (TO-3 family)

M : Multiple-in-line (except Dual-, Triple-, Quadruple-in-line)

Q : Quadruple-in-line (QIL)

R : Power QIL (with external heatsink)

S : Single-in-line

T : Triple-in-line

A

hyphen precedes the suffix to avoid confusion with a version letter.

34

December 1982



RATING
For type numbers with prefixes MEA, PCB, PCD, PCF, TDA, TEA SYSTEMS

RATING SYSTEMS

The rating systems described are those recommended by the International Electrotechnical Commission
(IEC) in its Publication 134.

DEFINITIONS OF TERMS USED
Electronic device. An electronic tube or valve, transistor or other semiconductor device.

Note
This definition excludes inductors, capacitors, resistors and similar components.

Characteristic. A characteristic is an inherent and measurable property of a device. Such a property
may be electrical, mechanical, thermal, hydraulic, electro-magnetic, or nuclear, and can be expressed
as a value for stated or recognized conditions. A characteristic may also be a set of related values,
usually shown in graphical form.

Bogey electronic device. An electronic device whose characteristics have the published nominal values
for the type. A bogey electronic device for any particular application can be obtained by considering
only those characteristics which are directly related to the application.

Rating. A value which establishes either a limiting capability or a limiting condition for an electronic
device. It is determined for specified values of environment and operation, and may be stated in any
suitable terms.

Note :
Limiting conditions may be either maxima or minima.

Rating system. The set of principles upon which ratings are established and which determine their
interpretation.

Note .
The rating system indicates the division of responsibility between the device manufacturer and the
circuit designer, with the object of ensuring that the working conditions do not exceed the ratings.

ABSOLUTE MAXIMUM RATING SYSTEM

Absolute maximum ratings are limiting values of operating and environmental conditions applicable to
any electronic device of a specified type as defined by its published data, which should not be exceed-
ed under the worst probable conditions.

These values are chosen by the device manufacturer to provide acceptable serviceability of the device,
taking no responsibility for equipment variations, environmental variations, and the effects of changes
in operating conditions due to variations in the characteristics of the device under consideration and
of all other electronic devices in the equipment.

The equipment manufacturer should design so that, initially and throughout life, no absolute maximum
value for the intended service is exceeded with any device under the worst probable operating con-
ditions with respect to supply voltage variation, equipment component variation, equipment control
adjustment, load variations, signal variation, environmental conditions, and variations in characteristics
of the device under consideration and of all other electronic devices in the equipment.
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RATING
SYSTEMS

DESIGN MAXlMUM RATING SYSTEM

Design maximum ratings are limiting values of operating and environmental conditions applicable to a
bogey electronic device of a specified type as defined by its published data, and should not be exceed-
ed under the worst probable conditions.

These values are chosen by the device manufacturer to provide acceptable serviceability of the device,
taking responsibility for the effects of changes in operating conditions due to variations in the charac-
teristics of the electronic device under consideration.

The equipment manufacturer should design so that, initially and throughout life, no design maximum
value for the intended service is exceeded with a bogey device under the worst probable operating
conditions with respect to supply voltage variation, equipment component variation, variation in
characteristics of all other devices in the equipment, equipment control adjustment, load variation,
signal variation and environmental conditions.

DESIGN CENTRE RATING SYSTEM

Design centre ratings are limiting values of operating and environmental conditions applicable to a
bogey electronic device of a specified type as defined by its published data, and should not be exceed-
ed under normal conditions.

These values are chosen by the device manufacturer to provide acceptable serviceability of the device

in average applications, taking responsibility for normal changes in operating conditions due to rated
supply voltage variation, equipment component variation, equipment control adjustment, load variation,
signal variation, environmental conditions, and variations in the characteristics of all electronic devices.

The equipment manufacturer should design so that, initially, no design centre value for the intended
service is exceeded with a bogey electronic device in equipment operating at the stated normal supply
voltage.
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HANDLING
MOS DEVICES

HANDLING MOS DEVICES

Though all our MOS integrated circuits incorporate protection against electrostatic discharges, they
can nevertheless be damaged by accidental over-voltages. In storing and handling them, the following
precautions are recommended.

Caution

Testing or handling and mounting call for special attention to personal safety. Personnel handling MOS
devices should normally be connected to ground via a resistor.

Storage and transport

Store and transport the circuits in their original packing. Alternatively, use may be made of a conductive
material or special |IC carrier that either short-circuits all leads or insulates them from external contact.

Testing or handling

Work on a conductive surface (e.g. metal table top) when testing the circuits or transferring them from
one carrier to another. Electrically connect the person doing the testing or handling to the conductive

surface, for example by a metal bracelet and a conductive cord or chain. Connect all testing and hand-

ling equipment to the same surface. '

Signals should not be applied to the inputs while the device power supply is off. All unused input leads
should be connected to ei';her the supply voltage or ground.

Mounting

Mount MOS integrated circuits on printed circuit boards after all other components have been mounted.
Take care that the circuits themselves, metal parts of the board, mounting tools, and the person doing
the mounting are kept at the same electric (ground) potential. If it is impossible to ground the printed-
circuit board the person mounting the circuits should touch the board before bringing MOS circuits

into contact with it.

Soldering

Soldering iron tips, including those of low-voltage irons, or soldering baths should also be kept at the
same potential as the MOS circuits and the board.

Static charges

Dress personnel in clothing of non-electrostatic material (no wool, silk or synthetic fibres). After the
MOS circuits have been mounted on the board proper handling precautions should still be observed.
Until the sub-assemblies are inserted into a complete system in which the proper voltages are supplied,
the board is no more than an extension of the leads of the devices mounted on the board. To prevent
static charges from being transmitted through the board wiring to the device it is recommended that
conductive clips or conductive tape be put on the circuit board terminals.

Transient voltages

To prevent permanent damage due to transient voltages, do not insert or remove MOS devices, or
printed-circuit boards with MOS devices, from test sockets or systems with power on.

Voltage surges
Beware of voltage surges due to switching electrical equipment on or off, relays and d.c. lines.
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Objective Specification

MC3361

Linear Products

DESCRIPTION

The MC3361 is a monolithic low-power
FM IF signal processing system consist-
ing of an oscillator, mixer, limiting ampli-
fier, quadrature detector, filter amplifier,
squelch, scan control and mute switch. it
is intended for use in narrow band FM
dual conversion communications equip-
ment. The MC3361 is available in a 16-
lead, dual-in-line plastic package and
16-lead SO (surface-mounted miniature
package).

BLOCK DIAGRAM

Low Power FM IF

FEATURES
® 2.0V to 8.0V operation

e Low current: 4.2mA typ at
Vee = 4.0Vpe

e Excellent sensitivity: 2.0uV for

-3dB limiting typ
o Low external parts count
e Operation to 60MHz

APPLICATIONS
e Cordless telephone

o Narrow band receivers
¢ Remote control

PIN CONFIGURATION
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CRYSTAL INPUT
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MIXER AUDIO
OUTPUT UTE
v AN
cc CONTROL
LIMITER SQUELCH
INPUT INPUT
DECOUPLING FLTER
LIMITER
soaren FILTER INPUT
QUAD DEMOD.
INPUT OUTPUT

€0093708

MIXER

INPUT GND MUTE CONTROL

SOUELCH FILTER

ouTPUT

FILTER RECOVERED
INPUT AUDIO

I_II—TOIJ_LJ—II_IWF—II_I

SQUELCH TRIGGER WITH
HYSTERESIS

10pF
-—.I MIXER I ?,’
LIMITER 1
e 2
P
1 50k 3 :;szk
OSCILLATOR VWA~
1.8k
vAvAv
Lt G Ll Ll L] L L] L]
— —— MIXER v, QUAD
CRYSTAL OUTPUT ce mvur DECOUPLING coiL

80024905
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MC336t

ORDERING CODE

DESCRIPTION ORDER CODE
Plastic; 0 to +70°C MC3361N

Plastic; SO (surface-mounted miniature package);

0 to +70°C MC3361D

ABSOLUTE MAXIMUM RATINGS (T, =25°C, unless otherwise noted)

SYMBOL PARAMETER PIN RATING UNIT
Vce (Max) Power supply voltage 4 10 Vbc
Vee Generating supply voltage range 4 2.0 to 8.0 Voc
Detector input voltage 8 1.0 Vp.p
Vis Input voltage (Vcc=4.0V) 16 1.0 Vams
Vig Mute function 14 -0.5 to 5.0 Vpk
Ty Junction temperature : 150 °C
Ta Operating ambient temperature range -30 to +75 °C
Tsta Storage temperature range -65 to +150 °C

AC & DC ELECTRICAL CHARACTERISTICS (Vcc =4.0Vpe, fo=10.7MHz, Af = +3.0kHz, fyop = 1.0kHz, Tp = 25°C

unless otherwise noted.)

LIMITS
PARAMETER PIN TEST CONDITIONS UNIT
Min Typ Max

Drain current (no signal)

Squelch off 4 4.2 7.0 mA

Squelch on 5.4 9.0
Input limiting voltage 16 -3.0dB limiting 2.0 6.0 uv
Detector output voltage 9 20 Voc
Detector output impedance 450 Q
Recovered audio output voltage 9 Vin = 10mVgms 100 150 270 mVems
Filter gain (10kHz) Vin = 1.0mVRrms 40 46 dB
Filter output voltage 11 1.7 Voc
Trigger hysteresis 50 mV
Mute function low 14 10 Q
Mute function high ‘ 14 10 MQ
Scan function low (mute off) 13 Vi2=1.0Vpc 0.5 Voc
Scan function high (mute on) 13 V42 = GND 3.5 Voc
Mixer conversion gain 3 27 dB
Mixer input resistance 16 36 k2
Mixer input capacitance 16 2.2 pF
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Low power FM IF

MC3361

TEST CIRCUIT
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MEA8000

GENERAL DESCRIPTION

VOICE SYNTHESIZER

The MEAB80QQ is a 24-pin N-MOS integrated circuit for generating good quality speech from digital
code with a programmable bit rate. The circuit is primarily intended for applications in microprocessor

controlled systems, where the speech code is stored separately.

Features

Interfaces easily with most popular microprocessors and microcomputer

8-bit wide data bus

32-bit wide data buffer holding speech frame codes
Digital filter of 8th order with 3 programmable formant frequencies, one fixed formant frequency,
and 4 programmable formant bandwidths
Programmable amplitudes

Programmable duration of each frame; 8, 16, 32 or 64 ms
Synthesis occupies less than 1% of control processor time

Capable of sophisticated unvoiced sound generation
Crystal controlled oscillator or external (TTL) clock
Minimal external audio filter requirement
Single + 5 V power supply

QUICK REFERENCE DATA

parameter condition symbol min. typ. max. unit
Supply voltage pin 13 Vpp 4,5 5,0 5,5 \%
Supply current no audio load IpD - 30 50 mA
Inputs
Input voltage HIGH VIH 2,0 - VbD \
Input voltage LOW ViL -0,5 — 0,8 \%
Input capacitance Ci - — 7 pF
Outputs
Output voltage —lgH = 100 A VoH 2,4 — - \%
Output voltage loL =16 mA VoL - - 0,4 \%
Capacitance CL — - 30 pF
Operating ambient

temperature range Tamb 0 - +70 oc

PACKAGE OUTLINE
24-lead DIL; plastic (SOT-101A).

w F)ctober 1984
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W o+ 5 [commanp |5 N
A o REG V]
CE o
TEST 0] SYNTHESIZER]
MICRO- (INCLUDING
A0 0> PROCESSOR STATUSBIT 8 .| WAVEFORM
D7 oes| _ DATA GENERATORS|
INTERFACE | g Ton “ JL AND DIGITAL
DO to D6 > :—D START REG FILTERS)
— PARAMETER
SPEECH | g
REQEN 0+ == FRamME [—— DECODING
REQ DATA REG INTERPOLATION .
0SC OUT O] ‘ ) }‘
0SC IN o= OSCILLATOR TIMING CON%’;TER
CLK IN 0>
Vss o
Vbbo
nc.o
CLK ouT ouT REF

7280537

Fig. 1 Block diagram.

PINNING
1 Vss ground
2 REG data request
2 3; ground  Vsg E U E TEST  test use only
5 D5 data request REQ [__T_ E W write
g gg data bus (o7 [3] [22] R/W  read/write
g gf o6 [4] 3_1_] CLK OUT internal clock output
10 DO 05 5] [20] OUT  speech output
11 A0 data/control input 04 6] [19] REF  reference current
12 CE chip enable data bus 4 MEA8000 ‘ ok inout
13 Vpp supply voltage 03 [7] 18] cLkin - clock inn
14 REQEN request enable input o2 [&] E 0sC ouUT
15 N.C. not connected internal oscillator
16 OSCIN | . . ot [9] [16] osc v

internal oscillator
17 0OSCOUT J Do E E ne.
18 CLKIN clock input -
19 REF reference current data/control  AO E E REQEN  request enable
20 Oout speech output chip enable CE E E Vpp  supply voltage
21 CLKOUT internal clock output
22 RMW read/write 7280538
23 W write
24 TEST test use only Fig. 2 Pinning diagram.
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Voice synthesizer MEAS8000

FUNCTIONAL DESCRIPTION (pin number)

Control

DO to D7 (10 to 3) Data bus to which command or speech can be written.

D7 (3) Data port via which the status can be read.

CE (12) Chip enable (chip select).

w (23) Write.

R/W (22) Read/Write . _
The control signals W and R/W allow connections to most microcomputers
or microprocessors (see timing diagrams).

A0 (11) Data/control input: discriminates between speech code input buffer
(A0 = ‘0’) and command register (A0 = ‘1’) during a ‘write’ operation.

REQ (2) Data request (open drain output); output signal which follows inverse of the
status REQ bit, but only if enabled by either the ROE bit in the command
register or the external REQEN pin.

REQEN (14) Request enable input; REQEN = ‘0’ enables the status REQ output,

independent of the status of the command register.

Timing
OSC IN (16)

0SCOUT  (17) Connections for internal clock oscillator; nominal crystal frequency 4 MHz.

CLK IN (18) Clock input for external clock, TTL compatible, 4 MHz.

CLKOUT (21) A buffered output for the internal clock cycle (which is equal to CLK
divided by 3). May be used as a clock, for a microprocessor, for example.

Output

REF (19) Input pin for biasing the audio output level. This reference current can be
derived from a resistor to the positive supply.

ouT (20) Speech output; this output is a 64 kHz pulse, modulated in both width and
amplitude. It is configured as a current sink with a saturating voltage of
about 3 V.

Supply

VpD (13) Single supply voltage, nominally 5 V, but battery operation is possible.

Vgs (1) Ground.

TEST (24) Used for testing purposes. Changes other pin functions. Must be tied to
ground for user operation.

NC (15) It is recommended to ground this pin.

HANDLING

Inputs and outputs are protected against electrostatic charge in normal handling. However, to be
totally safe, it is desirable to take normal precautions appropriate to handling MOS devices (see
‘Handling MOS Devices’).

October 1984
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RATINGS

Limiting values in accordance with the Absolute Maximum System (IEC 134)
parameter conditions symbol min. | max. unit
Supply voltage range VpD -05 |+7 \%
Voltage with respect to Vgg on any pin \7 -05 | +7 |V
Output voltage ' pins 2and 20 | VReq, VouT 15 \%
Storage temperature range Tstg —-20 | +1256 oC
Operating ambient temperature range Tamb 0 +70 oC
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Voice synthesizer

CHARACTERISTICS
Tamb = 256 °C; Vpp =5V, unless otherwise specified; all voltages referenced to Vgg

parameter conditions symbol min. typ. max. unit
Symbol
Supply voltage note 1 VpD 45 5,0 5,6 \%
Supply current no audio load DD — 30 50 mA
Inputs
DO to D7, AQ, CE, W,
R/W, REQEN, CLK IN
Input voltage HIGH VIH 2,0 - VpD \
Input voltage LOW ViL -0,5 — 0,8 \%
Input leakage current note 2 IR - - 10 MA
Input capacitance C - — 7 pF
Outputs
D7 (1/0), CLK OUT
Output voltage HIGH —lgH = 100 A VoH 24 - - \
Output voltage LOW loL=16mA VoL - - 0,4 \
Output load capacitance CL - - 50 pF
REQ
Output voltage HIGH open drain VOH - - 13,2 \Y)
Output voltage LOW loL=16mA VoL — — 04 \)
Output load capacitance CL - — 50 pF
Audio output
Reference current pin 19; note 8 IREF - - 0,3 mA
Output current pin 20;

peak value

IREF =0 mA louT - 100 — HA

IREp = 0,1 mA louT - 1,7 — mA

IRep =0,3mA louT - 5 - mA
Output voltage pin 20; for

linear operation;

note 3;

IReg =0,1 mA VouT 2,5 — 13,2 V
Oscillator
Crystal frequency internal fXTAL — 4,00 MHz
Clock frequency external fcLk - 4,00 MHz

October 1984
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TIMING CHARACTERISTICS (note 4) (Figs 6 and 7)

parameter condition symbol ‘min, typ. max. unit
Write enable tWR 200 - - ns
Address set-up tAS 30 - - ns
Address hold tAH 30 - - ns
Data set-up for write tps 150 - - ns
Data hold for write tpDH 30 - - ns
Request hold note 5 tRH — - 350 ns
Request next note 6 tRN - - 3 us
clock frequency
= 3,84 MHz
Read enable tRD 200 - - ns
Data delay for read note 7 tpD - - 150 ns
Data floating for read note 7 tDF - - 150 ns
Request valid before write trv 0 - - ns
Request output enable
response tROE - - 750 ns
Control set-up tcs 20 - - ns
Control hold tcH 20 - - ns
Notes

1. The circuit will continue to operate from a supply of up to 6,5 V, but without necessarily meeting
the specification.

. This is also valid for Vpp =0 V.
. This permits the connection of the output load to a supply higher than that supplying the synthesizer.
. Timing reference level is 1,5 V.

GO, WN

. An external pull-up resistor is required, as this is an open drain output.
The time (tgH) to reach 2,0 V is specified at a load to 5 V of 3,3 k2 and 50 pF.

6. Between two data write operations of one speech frame.

7. Levels greater than 2,0 V for a ‘1’ or less than 0,8 V for a ‘0’ are reached with a load of one TTL
input and 50 pF.

8. Typical voltage level at the REF pin is 2,5 V.

50
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Voice synthesizer J L MEAS8000

OPERATION PRINCIPLE

The MEAB0OOO has been designed for a vocal tract modelling technique of voice synthesis. This method
gives the lowest possible bit rate for speech quality which is acceptable for most industiial applications.

Figure 3 shows a simplified electronic model of the human vocal tract as a formant synthesizer. A
combination of a periodic signal, representing the pitch of the original speech, and an aperiodic signal,
representing the unvoiced sound in the speech. Both these signals are fed to a variable filter comprising
four resonantors {via an amplifier which controls the amplitude of the synthesized sound). The
resonators model the sound in accordance with the formats in the original speech. Each resonator

is controlled by two parameters, one for the resonant frequency and one for the bandwidth.

The information required to control the synthesizer is:

— pitch [
— amplitude excitation source (vocal cords)
— voice/unvoiced source selector J
— filter control spectrum shaping (vocal tract)

A good replica of the original speech is obtained by periodic updating of this control information.

PITCH Pl EM1 FM2 FM3
BW1 BW2 BW3 BW4
voiced
u }— u H DAC [—=out
\ /
Vv

- L] cain j spectral shaping

NOISE resonators

unvoiced

7280539

Fig. 3 Electronic model of human vocal tract.

OPERATION

Speech is generated by suitable filtering of a relatively low frequency sawtooth waveform for voiced
sounds, or of random noise for unvoiced sounds. New parameters for both the digital waveform
generator and the digital filter are supplied to the synthesizer in coded groups of 4 bytes via the data
bus. The code group also contains the duration of the next speech frame to be produced (8, 16, 32
or 64 ms).

The output sample rate is 64 kHz or 8 times the internal sample rate with linear interpolation in
between. This greatly reduces the need for an external analogue output filter.

Modes of operation

1. STOP mode: characterised by a silent output and the status REQ bit set to ‘1’. This mode is entered
from power up or by STOP command. The mode is entered automatically if at the end of an active
speech frame the next four parameter bytes are not yet received while the CONT bit in the command
register is a ‘0’. In the latter case the final speech frame will be repeated once but with a decaying
amplitude and the same pitch.

2. ACTIVE mode: a speech sample is being produced.

3. CONTINUOUS mode: entered if an active speech frame is finished and new data is not supplied in time
while the CONT bit in the command register isa ‘1’. The synthesizer will repeat the last speech frame
indefinitely until all four new data bytes are received, or a STOP command, or a reset of the CONT bit.
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Speech code input buffer

Speech code is written to the synthesizer when CE and W are both ‘0’, while R/W ="'1"and A0 ="0".
Also the status REQ bit must read a ‘1’, otherwise the synthesizer is still busy and will not react to a
data write operation.

Starting from the STOP mode, the first data will be interpreted as a starting value for the PITCH.
Thereafter every four successive data bytes are treated as a group of speech code. The coded speech
frame format is shown in Fig. 4.

T

1

1

BW1 | BW2 | BW3 | BW4

1 I

byte 1

7280540

Fig. 4 Format of coded speech frame.

code bits parameter

PITCH 8 initial value for pitch -

FD 2 speech frame duration

Pi 5 pitch increment (rate of change) or noise selection
AMPL 4 amplitude

FM1 5 frequency of 1st formant

FM2 5 frequency of 2nd formant

FM3 3 frequency of 3rd formant

FM4 0 frequency of 4th formant (fixed)
BW1 2 bandwidth of 1st formant

BW2 2 bandwidth of 2nd formant

BW3 2 bandwidth of 3rd formant

BW4 2 bandwidth of 4th formant

During each data write operation, the status REQ bit will be cleared to ‘0’.

It appears within a few microseconds, requesting the next byte of the group.

The request for the first byte of the next group always appears shortly after the beginning of the
current speech frame, and all four bytes must be provided before it finishes. This leaves the control
circuit (i.e. microprocessor) enough time to use polling, instead of interrupts, as the minimum time of
a speech is 8 ms.

When in the STOP mode the synthesizer will commence producing sound after receipt of 1 + 4 bytes.

Status bit

The status bit is accessed at CE = R/W = ‘0.
The status of W and AO are arbitrary.
Pin D7 reveals the request for a (next) speech code byte: ‘0’ = busy, ‘1’ = request for data.
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Voice synthesizer MEA8000

Command register
A command is written to the synthesizer at CE = W = ‘0’ while AO = R/W = ‘1",

D7 J D6 I D5 D4 D3 D2 D1 DO
STOP CONT CONT ROE ROE
enable enable
00 = INVALID 00 = INVALID
‘0’ = INVALID 01 = INVALID 01=INVALID
NOT USED 10 =SLOW STOP 10 = DISABLE
REQOUTPUT
‘1" =STOP 11 = CONTINUE 11 =ENABLE
REQOUTPUT
STOP Stop mode. This results in an immediate reset of the synthesizer to the STOP mode. The
ROE and CONT are not affected by this command.
CONT Continuous mode. This bit can be set or cleared only if the corresponding CONT enable

bit is programmed as a ‘1’. In the continuous mode the synthesizer will not revert to the
STOP mode if all four parameters are not received before the end of the current speech
frame, but repeat it indefinitely.

If CONT =1’ the last frame will be repeated once with decaying amplitude and the same
pitch before the stop mode is entered.

ROE Request Output Enable. This can be set or cleared only if the corresponding ROE enable
bit is a‘1’. ROE determines whether the request in the status bit appears on the REQ pin.

Note: the same can be achieved by connecting the REQEN pin (request enable) to a ‘0'.
After power on, the command register bits CONT and ROE will both be zero. Thus power on equals

the command 00011010 = 1 A (hexadecimal).
Control signals

With the three control signals CE, W and R/W the synthesizer is made compatible with most micro-
processors and microcomputers.

CR w R/W A0 Operation
0 0 1 0 WRITE DATA
0 0 1 1 WRITE COMMAND
0 X 0 X READ STATUS
0 ! ! X l 3-STATE DATA BUS
1 X X X [

Power supply

During (slow) power up or power down the circuit will not produce any spurious sound. As soon as
the supply is high enough for reliable operation, the circuit will be in the STOP mode with
ROE = CONT ="0'.
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Timing diagrams
The control signals CE, R/W and W have been specified to enable easy interface to most micro-

processors and microcomputers. For instance, with connection to an MAB8048 microcomputer the
R/W and W inputs can be used as the RD and WR strobe inputs.

CE="0' or W="0

NI SN TV
R \. READ / RM_————\__—

7280541

Fig. 5 Typical waveforms of the control signals.

[— '‘RD —

CE ——
S
CE used N/

as strobe tcs — — tcH
w=o |
AW

(- —
Ao | |\ —

rea_d. strobe ¢ tog— F—tcH
CE="0’
v J {l;
N
—1 ‘oD —1 toF
. o —

7280542

Fig. 6 Read timing.
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f— tWR —f
@ \\ /
CE used N
as strobe tCcs —f e—1tCH
w="0"
R/wW
1CS —»f t—1tCH
w ust_ad RW
as write
Strobe —
CE="0" w /————————
tAS [ — [AH
command =1’
A0 data =0’
—»| tDH
DS [
DO---~-D7
tRV—bo—tRH
data —_—
write REQ tRN
—* tROE
command
write EQ
to ROE
7280543

Fig. 7 Write timing.
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¢ M DATA DO--D7
SINGLE CHIP :
MICROCOMPUTER —_ MEAS000
REQ
CE

(a)

(a) Minimum system of single chip microcomputer with voice ROM on board.

ROM
C } DATA D0--D7
MICROPROCESSOR N . MEAB000
REQ
CE, R/wW, W
(b)

(b) MEABOOQO as a microprocessor peripheral.

control 1
VOICE

address VOICE
ROM ROM
- — DATA DO--D7
CONTROL A0
o MEA
PROCESSOR REG 8000
CE, RIW, W
(c)

7280544

(c) Applications using separate voice ROMs.

Fig. 8 Typical applications.
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J MEAS8000

+5V

1kQ
Moo MNaz [laa ’£470 | EBcsaa
L]o Jkﬂ ko
1 +
1 1
470 uF
22k O0.1uF _@
|
4700
out
MEA8000 a2
Vob |
+
220 *Looo L 100t a7 L 2L
T#F ‘J’uF TnF 'l'ﬂF 'l'nF k(l kQ T n|:-|—
7280536

7

Fig. 9 Typical output applications.

MEAB000 MEAB8000 MEAB000
0sC 0SC CLK 0sC 0SC  CLK 0SC  0SC  CLK
. IN  OUT IN IN__OUT N IN  OUT N
~1MQ VL 7L »L
v 2 7
D TTL
l ]/—/ l l/ 7280545 clock

Fig. 10 Oscillator/clock configurations.

sn[l:(]
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TONE DECODER/PHASE LOCKED LOOP

DESCRIPTION

The SE/NES5E7 tone and frequency decoder
is a highly stable phase-locked loop with
synchronous AM lock detection and power
output circuitry. Its primary function is to
drive a load whenever a sustained frequen-
Cy within its detection band is present at the
self-biased input. The bandwidth center
frequency, and output delay are independ-
ently determined by means of four external
components.

ABSOLUTE MAXIMUM RATINGS

FEATURES

.
.
.

Wide frequency range (.01Hz to S00kHz)
High stabllity of center frequency
Ind, antl lable bandwidth

L ¥
(up to 14 percent)

High out-band signal and nolse rejection
Logic-compatible output with 100mA
current sinking capability
Inh t ity to false
Frequency adjustment over a 20 to 1
range with an external resistor

J L SE/NE567

PIN CONFIGURATIONS

* Military processing avallable

APPLICATIONS

Touch Tone® decoding

Carrler current remote controls
Ultrasonic controls (remote TV, etc.)
Communications paging

Frequency monitoring and control
Wireless intercom

Precision oscillator

FE, D, N PACKAGE
OUTPUT FILTER
CAPACITOR C3 [] 8] output
LOW-PASS FILTER
CAPACITOR C 7 (2] [7] arouno
TIMING
weur 3] (6] ELEMENTS A,
AND C1
vourage <y (] [5] rming
ELEMENT A
TOP VIEW
F PACKAGE
outeur (T] 73] GND
<3 ] 13] NC
~e 3] 7] e
€2 E [71] Aic s
INPUT E [55] ny
NC E 3 NC
vee [0 5] ne
TOP VIEW

PARAMETER RATING UNIT
Operating temperature
NES567 0to +70 °C
SES567 -55 to +125 °C
Operating voltage 10 v
Positive voltage at input 0.5+ Vs v
Negative voltage at input -10 Vde
Output voltage (collector 15 Vdc
of output transistor)
Storage temperature -65 to +150 °C
Power dissipation 300 mw
BLOCK DIAGRAM
L3
b
hvidl 2 oeTEcTon o l 2
et Lo
]k e
€ % :’
- S My =
aonar o T ;M_l
DETECTOR LS

7 1
€3 Ovtput 3
= Filter =
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EQUIVALENT SCHEMATIC
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Tone decoder/phase locked loop

SE/NE567

DC ELECTRICAL CHARACTERISTICS

(V+ = 5.0V; Ta = 25°C unless otherwise specified.)

SES67 NES67
IT
PARAMETER TEST CONDITIONS Min | Typ | Max Min | Typ | Max UN
CENTER FREQUENCY?
Highest center frequency (fo) 500 500 kHz
Center frequency stability2 -55 to +125°C 35+140) 35+140 ppm/°C
0to +70°C 35+60 35460 ppm/°C
Center frequency distribution fo=100kHz=1.1/R,C, -10 0 +10 -10 0 +10 %
Center frequency shift with supply voltage fo = 100kHz=1.1/R,C, 0.5 1 0.7 2 %IV
DETECTION BANDWIDTH
Largest detection bandwidth f, = 100kHz=1.1/R,C, 12 14 16 10 14 18 % of fo
Largest detection bandwidth skew 2 4 3 6 % of fo
Largest detection bandwidth— Vi = 300mVrms +0.1 +0.1 %/°C
variation with temperature
Largest detection bandwidth— V; = 300mVrms +2 *2 %/V
variation with supply voltage
INPUT
Input resistance 15 20 25 15 20 25 kQ
Smallest detectable input voltage (Vi) IL=100mA, fi = fo 20 25 20 25 mVrms
Largest no-output input voltage IL = 100mA, fi = fo 10 15 10 15 mVrms
Greatest simultaneous outband +6 +6 dB
signal to inband signal ratio
Minimum input signal to widebahd Bn = 140kHz -6 -6 daB
noise ratio
OUTPUT
Fastest on-off cycling rate /20 fo/20
“1" output leakage current Vg =15V 0.01 25 0.01 25 uA
“0" output voltage IL = 30mA 0.2 0.4 0.2 0.4 \2
IL = 100mA 0.6 1.0 06 1.0 \
Output fall time3 RL = 500 30 30 ns
Output rise time3 RL = 500 150 150 ns
GENERAL
Operating voltage range 4.75 9.0 475 9.0 \2
Supply current quiescent 6 8 7 10 mA
Supply current—activated RL = 20k} " 13 12 15 mA
Quiescent power dissipation 30 35 mwW

NOTES

1. Frequency determining resistor Ry should be between 2 and 20kQ.
2. Applicable over 4.75 to 5.75 volts. See graphs for more detailed information

TYPICAL PERFORMANCE CHARACTERISTICS

3. Pin 8 to Pin 1 feedback R network selected to eliminate pulsing during turn-on and
turn-off.

BANDWIDTH vs INPUT LARGEST DETECTION DETECTION BANDWIDTH AS
SIGNAL AMPLITUDE BANDWIDTH vs A FUNCTIONOF C2and C3
OPERATING FREQUENCY
300 15 108
o
2 250 5 R &
£ N R EER " ES \
f 200 HEE I N G =| w0 \ :c’: 08
w 13
8 L J| 6
SINNsss/nE N
> [ 4 AN H o
o 100 V4 S 2 5 ~N 104
E / / A‘\ ﬂ £ \\
z / <] KX N
50 < ° N TN
W e < k %
0 - ’A .m"?‘m‘ ::"M ”DI 0‘\:" 'l'; 0 ‘03 \4 Cz
0 2 4 6 8 10 12 14 16 1 1 10 100 1000 [ ] 4 6 8 10 12 14 18
BANDWIDTH — % OF fo CENTER FREQUENCY — kHz BANDWIDTH — % OF o
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TYPICAL PERFORMANCE CHARACTERISTICS (Contd)

TEMPERATURE COEFFICIENT

SUPPLY CURRENT — mA

Ao — %

TYPICAL SUPPLY CURRENT
vs SUPPLY VOLTAGE

25

NO LOAD
“ON” CURRENT

|| QUIESCENT

CURRENT

v
1

4 5 6 7 8 9 10
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1.5
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Tone decoder/phase locked loop

DESIGN FORMULAS

o~ 1
o RiCy
BW = 1070 N % of fo, Vi < 200mV:
- / )
foc; M % of fo.Vi < 200mVrms
Where

Vi = Input Voltage (Vrms)
C2 = Low-Pass Filter Capacitor (uF)

PHASE LOCKED LOOP
TERMINOLOGY CENTER

FREQUENCY (fo)

The free-running frequency of the current
controlled oscillator (CCO) in the absence
of an input signal.

Detection Bandwidth (BW)

The frequency range, centered about fo,
within which an input signal above the
threshold voitage (typically 20mVrms) will
cause a logical zero state on the output. The
detection bandwidth corresponds to the
loop capture range.

Lock Range

The largest frequency range within which
an input signal above the threshold voltage
will hold a logical zero state on the output.

Detection Band Skew

A measure of how well the detectionband is
centered about the center frequency, fo. The
skew is defined as (fmax + fmin -2fo)/2fo
where fmax and fmin are the frequencies
corresponding to the edges of the detection
band. The skew can be reduced to zero if
necessary by means of an optional center-
ing adjustment.

OPERATING INSTRUCTIONS
Figure 1 shows a typical connection dia-
gram for the 567. For most applications, the
following three-step procedure will be
sufficient for choosing the external compo-
nents R1, Cy, C2 and Ca.

1. Select Ry and C1 for the desired center
frequency. For best temperature stability,
R1should be between 2K and 20K ohm, and
the combined temperature coefficient of the
R1C1 product should have sufficient stabili-
ty over the projected temperature range to
meet the necessary requirements.

2. Select the low pass capacitor, C2, by
referring to the Bandwidth versus Input
Signal Amplitude graph. If the input ampli-
tude variation is known, the appropriate
value of foC2 necessary to give the desired
bandwidth may be found. Conversely, an
area of operation may be selected on this
graph and the input level and C2 may be
adjusted accordingly. For example, con-

TYPICAL RESPONSE

SE/NE567

Input

Output

Response to 100mVrms tone burst.
RL = 100 ohms.

Output

Input

Response to same input tone burst

with wideband noise.
S =-6db RL = 100 ohms

N Noise Bandwidth = 140Hz

stant bandwidth operation requires that
input amplitude be above 200mVrms. The
bandwidth, as noted on the graph, is then
controlled solely by the foC2 product (fo
(Hz), Ca (u fd)).

3. The value of C3 is generally non-critical.
C3 sets the band edge of a low pass filter
which attenuates frequencies outside the
detection band to eiminate spurious out-
puts. If C3 is too small, frequencies just
outside the detection band will switch the
output stage on and off at the beat frequen-
cy, or the output may pulse on and off
during the turn-on transient. If C3 is too
large, turn-on and turn-off of the output
stage will be delayed until the voltage on C3
passes the threshold voitage. (Such delay
may be desirable to avoid spurious outputs
due to translent frequencies.) A typical
minimum value for C3 is 2C2.

AVAILABLE OUTPUTS (Figure 2)

The primary output is the uncommitted
output transistor collector, pin 8. When an
in-band input signal is present, this transis-
tor saturates; its collector voltage being less
than 1.0 volit (typically 0.6V) at full output
current (100mA). The voitage at pin 2 is the
phase detector output which is a linear
function of frequency over the range of 0.95
to 1.05. fo with a slope of about 20mV per
percent of frequency deviation. The average
voltage at pin 1 is, during lock, a function of
the inband input amplitude in accordance
with the transfer characteristic given. Pin §
is the controlled oscillator square wave

‘f w
weuTo—j—s ‘ nL
nre
$ w8
) M
RG
2 11
.Jf’mn-l-
~Ct » Cy
j J_E“m? Imren
Figure 1

output of magnitude (+V -2Vpe) ~ (+V -1.4V)
having adc average of +V/2. A 1k() load may
be driven from pin 5. Pin 6 is an exponential
triangle of 1 volt peak-to-peak with an
average dc level of +V/2. Only high imped-
ance loads may be connected to pin 6
without affecting the CCO duty cycle or
temperature stability.

OPERATING PRECAUTIONS

A brief review of the following precautions
will help the user achieve the high level of
performance of which the 567 is capable.

1. Operation in the high input level mode
(above 200mV) will free the user from
bandwidth variations due to changes in the
in-band signal amplitude. The input stage is
now limiting, however, so that out-band
signals or high noise levels can cause an
apparent bandwidth reduction as the in-
band signal is suppressed. Also, the limiting
action will create in-band components from
sub-harmonic signals, so the 567 becomes
sensitive to signals at fo/3, fo/5, etc.

2. The 567 will lock onto signals near (2n +
1) fo, and will give an output for signals near
(4n + 1) fowheren=0, 1,2, etc. Thus, signals
at 5fo and 9fo can cause an unwanted
output. if such signals are anticipated, they
should be attenuated before reaching the
567 input.

3. Maximum immunity from noise and out-
band signals is afforded in the low input
level (below 200mVrms) and reduced band-
width operating mode. However, decreased
loop damping causes the worse-case lock-
up time to increase, as shown by the
Greatest Number of Cycles Before Output
vs Bandwidth graph.

4. Due to the high switching speeds (20ns)
associated with 567 operation, care should
be taken in lead routing. Lead lengths
should be kept to a minimum. The power
supply should be adequately bypassed
close to the 567 with a 0.01.F or greater
capacitor; grounding paths should be
carefully chosen to avoid ground loops and

January 1985

63



SE/NE567

unwanted voltage variations. Another factor
which must be considered is the effect of
load energization on the power supply. For
example, an incandescent lamp typically
draws 10 times rated currentatturn-on. This
can cause supply voltage fluctuations
which could, for example, shift the detec-
tion band of narrow-band systems suffi-
ciently to cause momentary loss of lock.
The result is a low-frequency oscillation
into and out of lock. Such effects can be
prevented by supplying heavy load currents
from a separate supply or increasing the
supply filter capacitor.

SPEED OF OPERATION

Minimum lock-up time is related to the
natural frequency of the loop. The lower it
is, the longer becomes the turn-on tran-
sient. Thus, maximum operating speed is
obtained when C2 is at a minimum. When

the signal is first applied, the phase may be *

such as to initially drive the controlied
oscillator away form the incoming frequen-
cy rather than toward it. Under this condi-
tion, which is of course unpredictable, the
lock-up transient is at its worst and the
theoretical minimum lock-up time is not
achievable. We must simply wait for the
transient to die out.

The following expressions give the values of
C2 and C3 which allow highest operating
speeds for various band center frequencies.
The minimum rate at which digital informa-
tion may be detected without information
loss due to the turn-on transient or output
chatter is about 10 cycles per bit, corre-
sponding to an information transfer rate of
fo/10 baud.

1
Ca= 30 uF
fo

Ci= 260 uF
fo
In cases where turn-off time can be sacri-
ficed to achieve fast turn-on, the optional
sensitivity adjustment circuit can be used to
move the quiescent C3 voltage lower (closer
to the threshold voltage). However, sensitiv-
ity to beat frequencies, noise and extrane-
ous signals will be increased.

OPTIONAL CONTROLS (Figure 3

The 567 has been designed so that, for most
applications, no external adjustments are
required. Certain applications, however,
will be greatly facilitated if full advantage is

| | |
OUTIUT, i
"IN 8 4 1 | r l‘ $ ve
! L..|...I.u.;. e
__..T___I.‘. _I___o
Ve (8AT) < 1.0V
| | |
| |
—_—— b m | —— v
LOW P/
2
——_— L Nl — e
| |
| |
o, o ‘,'u.
Ve
"
“w 1 w 1
Cs
Sy S0
DECREASE INCREASE
SENBITIVITY SENBITIVITY
v
DECREASE
Ra '. SENSITIVITY
W 28]
WK INCREASE
s SENSITIVITY
A
1.0K
SILICON
} DIOOES POR
TEMPERATURE
COMPENBATION
(OPTIONALI
Figure 3

taken of the added control possibilities
available through the use of additional ex-
ternal components. In the diagrams given,
typical values are suggested where appli-
cable. For best results the resistors used,
except where noted, should have the same

temperature coefficient. Ideally, silicon di-
odes would be low-resistivity types, such
as forward-biased transistor base-emmiter
junctions. However, ordinary low-voitage
diodes should be adequate for most appli-
cations.
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SE/NE567

SENSITIVITY ADJUSTMENT

(Figure 3)

When operated as a very narrow band de-
tector (less than 8 percent), both C2 and Ca
are made quite large In order to improve
noise and outband signal rejection. This will
inevitably slow the response time. If, how-
ever, the output stage is biased closer to the
threshold level, the turn-on time can be
improved. This is accomplished by drawing
additional current to terminal 1. Under this
condition, the 567 will also give an output
for lower-level signals (10mV or lower).

By adding current to terminal 1, the output
stage is biased further away from the
threshold voltage. This is most useful when,
to obtain maximum operating speed, C2 and
Cga are made very small. Normally, frequen-
cies just outside the detection band could
cause false outputs under this condition. By
desensitizing the output stage, the outband
beat notes do not feed through to the output
stage. Since the input level must be some-
what greater when the output stage is made
less sensitive, rejection of third harmonics
or in-band harmonics (of lower frequency
signals) is also improved.

CHATTER PREVENTION (Figure 4)

Chatter occurs in the output stage when C3
is relatively small, so that the lock transient

and the AC components at the quadrature '

phase detector (lock detector) output cause
the output stage to move through its thresh-
old more than once. Many loads, for exam-
ple lamps and relays, will not respond to the
chatter. However, logic may recognize the
chatter as a series of outputs. By feeding the
output stage output back to its input (pin 1)
the chatter can be eliminated. Three
schemes for doing this are givenin Figure 4.
All operate by feeding the first output step
(either on or off) back to the input, pushing
the input past the threshold until the tran-
sient conditions are over. It is only neces-
sary to assure that the feedback time con-
stant is not so large as to prevent operation
at the highest anticipated speed. Although
chatter can always be eliminated by making
Cs large, the feedback circuit will enable
faster operation of the 567 by allowing C3 to
be kept small. Note that if the feedback time
constant is made quite large, a short burst at
the input frequency can be stretched into a
long output pulse. This may be useful to
drive, for example, stepping relays.

DETECTION BAND CENTERING
(OR SKEW) ADJUSTMENT

(Figure 5)

When it is desired to alter the location of the

detection band (corresponding to the loop
capture range) within the lock range, the

o v 3 v
Ra
R L% <200 70 1K
[
[ ] 7 I
= p
>
€t o 3w, n
10K 10K
=C
[ ne T ™)
ey 10K
= P4
*OPTIONAL - PERMITS $2070
LOWER VALUE OF Cy x
Figure 4
v
R
7 2 w7 2
58 o
I" .
LOWERS 1, RAISES fo
w
LOWERS 1o
Ra
567 2 3
'I—‘VWW" 25K
€2 RAISES 1,
RAISES 1,
1.0k
} SILICON
DIODES
FOR
TEMPERATURE
COMPENSATION
(OPTIONAL)
Figure 5

circuits shown above can be used. By mov-
ing the detection band to one edge of the
range, for example, input signal variations
will expand the detection band in only one
direction. This may prove useful when a
strong but undesirable signal is expected on
one side or the other of the center frequen-
cy. Since Rpalso aiters the duty cycle slight-
ly, this method may be used to obtain a
precise duty cycle when the 567 is used as
an oscillator.

ALTERNATE METHOD OF
BANDWIDTH:REDUCTION

(Figure 6)

Although a large value of C2 will reduce the
bandwidth, it also reduces the loop damp-
ing so as to slow the circuit response time.
This may be undesirable. Bandwidth can be
reduced by reducing the loop gain. This
scheme will improve damping and permit
faster operation under narrow-band condi-
tions. Note that the reduced impedance
level at terminal 2 will require that a larger

value of C2 be used for a given filter cutoff
frequency. If more than three 567s are to be
used, the network of Rg and Rc can be
eliminated and the Ra resistors connected
together. A capacitor between this junction
and ground may be required to shunt high
frequency components.

OUTPUT LATCHING (Figure 7)

To latch the output on after a signal is
received, it is necessary to provide a feed-
back resistor around the output stage (be-
tween pins 8 and 1). Pin 1 is pulled up to
unlatch the output stage.

REDUCTION OF C1 VALUE
(Figure 8)

For precision very low-frequency applica-
tions, where the value of C1 becomes large,
an overall cost savings may be achieved by
inserting a voltage follower between the Ry
C1junction and pin 6, so as to allow a higher
value of R1 and a lower value of C1 for a
given frequency.
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PROGRAMMING

To change the center frequency, the value
of Ry can be changed with a mechanical or
solid state switch, or additional C1 capaci-
tors may be added by grounding them
through saturating npn transistors.

TYPICAL APPLICATIONS

TOUCH-TONE® DECODER

L |
o8k 0ok Tax| 1ok | 28K[ 32K m]—_ _‘_Dol—o:
200 1 |
’ ) .
4 S
ol LY XA A o L et
L1777 .
$ W LA 5 T
100 .
§ /// 100K T
- 1 | |
H v A T oo
® Y V{ R l L | .
° o 2 L] 10 2 1 10 l: : : :
V DETECTION BAND — % of to ..A..D°']|_°'
e ol
v+ — |
k oo
Ra b ES * |
'la; s RoR. A
sRc L .
R=Ra+ —_
}nc Ra+Ro " a
" OR
€2 to 7428
OPTIONAL SILICON L %
DIODES FOR ®x %
TEMPERATURE -
COMPENSATION =
+ il ’-[___m_.l
1390m:
go_(vox+a)<c=<@(‘ox+n) T
fo R fo R .
NOTE ::% :E . Component values (Typical
Adjust control for symmetry of detection band Ry 8.8 to 15K ohm
edges about fo. Rz 4.7K ohm
Figure 8 -I P8 R 20K ohm
Cs 0.10mfg
L Cz 1.0mtd 5V
it = E X0 Cs 22mtd 8V
T = Ce 250 uF 6V
OUTPUT LATCHING PRECISION VLF
W "W -
L 5% "
w °
UNLATCH n 567
. ]
! € 5741
| Ay ==
=;Ec, 20K
4 = ,
UNLATCH - =
Ca prevents latch-up when power supply is turned on.
Figure 7 Figure 8
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TYPICAL APPLICATIONS (Cont'd)

CARRIER-CURRENT REMOTE 24% BANDWIDTH TONE DECODER
CONTROL OR INTERCOM
+V
-]
3 s
€0Hz AC LINE r 65
Cazror n
(>100mVrms)
500pF o—)i-ﬂ ez
: < I1 E Y
1~ 100KNy S 3R
MI I‘a FREQUENCY Lds ser
' MODULATED)

< < == 8 82

" Cy=Ca- !,:Eunm
C1=Cy
Ry=1.12Ry
cik [C2
0° to 180° PHASE SHIFTER
INPUT
on uc?lvu H
) 8
ﬁ'&%—)F 3 W o
SNEINPUT o
2 1‘{
] [E
14
C2% AR Gy
—
TT
1. Resistor and capacitor values chosen for desired frequencies and bandwidth. Ry ~R1/8
2. 1t Csis made large 50 as to delay turn-on of the top 587, decoding of sequential (fs 12) ?
tones is possible. Adjust R1 30 that ¢ = 90° with control midway
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TYPICAL APPLICATIONS (Contd)

OSCILLATOR WITH OSCILLATOR WITH PRECISION OSCILLATOR
QUADRATURE DOUBLE FREQUENCY WITH 20ns SWITCHING
OUTPUT OUTPUT
8 6 o7
" L 28 8 »
s o o LITL w s NN, TeRiAL n
_-[___ 2 e s —{—o 2 6 83 (e Ry Ry > 10008
CONNECTPIN 3 rb’m’
:;?vze:‘;gnrw 3 A, C; Sy
Ry 3 r > 10000 ':vo‘x I
Ic‘ < <
PULSE GENERATOR PRECISION OSCILLATOR TO PULSE GENERATOR
WITH 25% SWITCH 100ma LOADS
DUTY CYCLE
& 5 567
R
A ouTPUT
7 s 567 8]
3 e s WU 2. 85 i;mmumb
; BJ
TERMINAL
10K (+6%)
Ry
100Ks1
¢ c Jan |vvw
a 2;;‘ Emn
T
Ic'l =

*For additional information, consult the Applications Section.
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NE570/571/SA5T71

DESCRIPTION

The NES70/571 is a versatile low cost dual
gain control circuit in which either channel
may be used as a dynamic range compres-
sor or expandor. Each channel has a full
wave rectifier to detect the average value of
the signal; a linerarized, temperature
compensated variable gain cell; and an
operational amplifier.

The NE570/571 is well suited for use in cellu-
lar radio and radio communications systems,
modems, telephone, and satellite broadcast/
receive audio sytems.

FEATURES
o Ci pl

11C
Temperature compensated

Greater than 110dB dynamic range
Operates down to 6Vdc

System levels adjustable with external
components

Distortion may be trimmed out

CIRCUIT DESCRIPTION

The NES570/571 compandor building
blocks, as shown in the block diagram, are a
full wave rectifier, a variable gain cell, an
operational amplifier and a bias system. The
arrangement of these blocks in the IC result
in a circuit which can perform well with few
external components, yet can be adapted to
many diverse applications.

P! and

e e o o

The ful' wave rectifier rectifies the input
curre'a wiich flows from the rectifier input,
to an 1. ernal summing node which is bi-
ased at VRgf. The rectified current is aver-
aged on an external filter capacitor tied to
the CRECT terminal, and the average value
of the input current controls the gain of the
variable gain cell. The gain will thus be
proportional to the average value of the
input signal for capacitively coupled voltage
inputs as shown in the following equation.
Note that for capacitively coupled inputs
there is no offset voltage capable of pro-
ducing a gainerror. The only error will come
from the bias.current of the rectifier (sup-
plied internally) which is less than .1uA.

|Vin = Vrer| avg.
R‘

|Vinl avg.
G u R,

The speed with which gain changes to fol-
low changes in input signal levels is deter-
mined by the rectifier filter capacitor. A
small capacitor will yield rapid response but
will not fully filter low frequency signals.
Any ripple on the gain control signal wil!
modulate the signal passing through the
variable gain cell. In an expandor or com-

G x

Note:
1. Supplied only in large SO (Small Outline) package.

COMPANDOR

APPLICATIONS

¢ Cellular radio

¢ Teleph trunk d 570

« Teleph bacrib dor—5T1

* High level limiter

* Low level expandor—noise gate
* Dy ic noise Yy

* Voltage controlled amplifier

* Dynamic filters

ABSOLUTE MAXIMUM RATINGS

PIN CONFIGURATION

D', F, N PACKAGE

Rect Cap 1 [1] 16] Rect Cap 2
Rect 1n 1 [Z] %am n2
a6 conin1[3] 14] 4G Call in 2
ano 4] 73] vee
tnv 1n1[5] [17) v 1n 2
Res. l,!E Enos R, 2
utput 1 (7] [10] outpur 2
THD Trim 1[8 ] [9] ™D Trim 2
Order Part No.

NEST0 FN  NEST1 FN
SAST FN  NES71D'

NOTES:

1. SOL - Released in Large SO package only.
2. SOL and non-standard pinout.

3. SO and non-standard pinouts.

PARAMETER RATING UNIT
Positive supply Vdc
570 24
571 18
TA Operating temperature range
NE 0to 70 °C
SA -40 to +85 °C
PD Power dissipation 400 mW

. BLOCK DIAGRAM

1of2

THD TRIM T

variable
gain cell

f

RECTIFIER

R2 20K
4G IN

R1 10K
RECT IN

l RECT CAP

output

pressor application, this would lead to third
harmonic distortion, so there is atradeoff to
be made between fast attack and decay
times, and distortion. For step changes in
amplitude, the change in gain with time is
shown by this equation.

G(1) = (Ginitial - Gfinal) e~ Vr

+Gyingi, 7= 10K X CReCT

The variable gain cell is a currentin, current
out device with the ratio |QyT/l|N con-
trolied by the rectifier. || is the current
which flows from the AG inputto an internal
summing node biased at VRgf. The follow-
ing equation applies for capacitively cou-
pled inputs. The output current, IQUT. is
fed to the summing node of the op amp.

VIN - VREF _ VIN
N - N =R,
A compensation scheme built into the AG
cell compensates for temperature, and can-
cels out odd harmonic distortion. The only
distortion which remains is even harmonics,
and they exist only because of internal
offset voltages. The THD trim terminal pro-
vides a means fornulling the internai offsets
for low distortion operation.

The operational amplifier (which is internal-
ly compensated) has the non-inverting in-
put tied to VREF. and the inverting input
connected to the AG cell output as well as
brought out externally. A resistor, R;, is
brought out from the summing node and
allows compressor or expandor gain to be
determined only by internal components.
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The output stage is capable of :20mA out-
put current. This allows a +13dBm (3.5V
rms) output into a 3000 load which, with a
series resistor and proper transformer, can
result in +13dBm with a 600 (2 outputimped-
ance.

A band gap reference provides the refer-
ence voltage for all summing nodes, a regu-
lated supply voltage for the rectifierand AG
cell, and a bias current for the AG cell. The
low tempco of this type of reference pro-
vides very stable biasing over a wide tem-
perature range.

The typical performance characteristics il-
lustration shows the basic input-output
transfer curve for basic compressor or ex-
pandor circuits.

TYPICAL PERFORMANCE
CHARACTERISTICS

TYPICAL TEST CIRCUIT

BASIC INPUT-OUTPUT
TRANSFER CURVE

e

OUTPUT LEVEL (dBm}

30|

80,

0}
70 }
1

4 30 20 10 O -10
COMPRESSOR OUTPUT LEVEL

INPUT LEVEL OR

EXPANDOR INPUT LEVEL (dBm)

Ve * 1V

vy 22

e

vy 22

218

DC ELECTRICAL CHARACTERISTICS T,=25°C, V= 15 Except where indicated, the 571 specifications are identical to 570

NE570 NE/SA5715
PARAMETER TEST CONDITIONS Min Tvp Max Min Typ Max UNIT
Ve Supply voltage 6 24 6 18 . \
lce Supply current No signal 32 48 3.2 48 mA
Output current capability £20 =20 mA
Output slew rate 5 x5 V/us
Gain cell distortion? Untrimmed 3 1.0 5 20 %
Trimmed 05 A
Resistor tolerance 5 :15 +5 +15 %
Internal reference voltage 17 1.8 19 165 1.8 195 v
Output dc shift3 Untrimmed £20 +50 +30 100 mv
Expandor output noise No signal, 15Hz-20kHz' 20 45 20 60 uv
-15 dBRNC
Unity gain level -1 0 +1 -15 o] 1.5 dBm
Gain change2.¢ -40°C < T <70°C 1 1 dB
0°C < T <70°C +1 2 1 4
Reference drift¢ -40°C < T < 70°C +2,-25| 10, -40 <2, -25 |+20. -50 mvV
0°C < T <70°C 5 +10 +5 +20
Resistor drift¢ -46°C < T <70°C +8.-0 %
0°C <T <70°C +1.-0
Tracking error ¢measured relative Rectifier input, Vo = +2 daB
to value at unity gain) equals V,= +6dBm, V, = 0dB
LV;_‘\)’S;:'Y gain)] V= -30dBm, V, = OdB w2 | -5 v2 |15
Channel Separation 60 60 dB

NOTES:

Input to V, and V, grounded.
Measured at OdBm, 1kHz.

Relative to value at T =25°C.

AP S

temperature range.

Expandor ac input change from no signal to OdBm.

Electrical characteristics for the SA571 only are specified over - 40 to +85°C

70
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Compandor

NE570/571/SA571

INTRODUCTION

Much Interest has been expressed In high per-
formance electronic gain control circuits. For
non-critical applications, an integrated circuit
operational transconductance amplifier can be
used, but when high performance is required,
one has to resort to complex discrete circuitry
with many expensive, well matched compo-

channels on the I.C.). The full wave averag-
Ing rectifier provides a gain control current,
|, for the variable gain (AG) cell. The output
of the AG cell is a current which is fed to the
summing node of the operational amplifier.
Resistors are provided to establish circuit
gain and set the output dc bias.

nents. This paper describes an Inexpensi
integrated circult, the NE570 Compandor,
which offers a pair of high performance gain
control circuits featuring low distortion (< .1%),
high signal to noise ratio (80dB), and wide
dynamic range (110dB).

CIRCUIT BACKGROUND

The NES70 Compandor was originally
designed to satisfy the requirements of the
telephone system. When several telephone
channels are multiplexed onto a common line,
the resulting signal to noise ratlo is poor and
companding s used to allow a wider dynamic
range to be passed through the channel.
Figure 1 graphically shows what a compandor
can do for the signal to noise ratio of a
restricted dynamic range channel. The input
level range of +20to - 80dB is shown under-
going a 2 to 1 compression where a 2dB input
level change is compressed into a 1dB output
level change by the compressor. The original
100dB of dynamic range Is thus compressed
to a 50dB range for transmission through a
resticted dynamic range channel. A comple-
mentary expansion on the receiving end
restores the original signal levels and reduces
the channel noise by as much as 45dB.

The significant circuits in a compressor or
expandor are the rectifier and the gain contro!
element. The phone system requires a simple
full wave averaging rectifier with good accu-
racy, since the rectifier accuracy determines
the (input) output level tracking accuracy. The
gain cell determines the distortion and noise
characterics, and the phone system specifi-
cations here are very loose. These specs
could have been met with a simple opera-
tional transconductance muiltiplier, or OTA,
but the gain of an OTA is proportional to tem-
perature and this is very undesirable. There-
fore, a linearized transconductance multiplier
was designed which is insensitive to tempera-
ture and offers low noise and low distortion
performance. These features make the circuit
useful in audio and data systems as well as in
telecommunications systems.

BASIC CIRCUIT HOOKUP
AND OPERATION

Figure 2 shows the block diagram of one
half of the chip, (there are two identical

RESTRICTED DYNAMIC
RANGE CHANNEL
INPUT | g ourteuT
LEvEL B LEveL
B o + 20
—_—7 ~—
-u——//_\h -4
|
|
-5 | %
|
Figure 1
CHIP BLOCK DIAGRAM

(1 OF 2 CHANNELS)

THD TRIM R; INV.IN

Vec PIN13
GND. PIN 4

The circuit is intended for use in single
power supply systems, so the internal sum-
ming nodes must be biased at some voltage
above ground. An internal band gap voltage
reference provides a very stable, low noise
1.8 volt reference denoted Vret. The non-
Inverting input of the op amp I8 tied to Vret,
and the summing nodes of the rectitier and
AG cell (located, at the right, of R1 and R2)
have the same potential. The THD trim piniis
also at the Vret potential.

Figure 3 shows how the circuit is hooked up
to realize an expandor. The input signal. Vin,
is applied to the inputs of both the rectifier
andthe AG cell. When the input signal drops
by 6dB, the gain control current will drop by
a factor of 2, and so the gain will drop 6dB.
The output level at Vout will thus drop 12dB,
giving us the desired 2 to 1 expansion.

Figure 4 shows the hookup for a compres-
sor. This is essentially an expandor placed
In the feedback loop of the op amp. The AG
cell Is set up to provide ac feedback only, so
a separate dc feedback loop is provided by
the two Rgc-and-Cqc. The values of Rge will
determine the dc bias at the output of the op
amp. The output will bias to:

+
Voutde =1+ R°_°'R:R"_°2.v," =(1 + R;a.;ol) 1.8V
The output of the expandor will bias up to:

R3 20K
Vout dc =1 +R_4V"'= 1+ 30K

1.8V =3.0V
The output will bias to 3.0V when the inter-
nal resistors are used. External resistors
may be placed in series with Ra, (which will

affect the gain), or in parallel with R4 to raise
the dc bias to any desired value.
Figure 2
BASIC EXPANDOR
R,
*CINt R,
ﬁjk YW a6 Vour
Vin <L VRer —
o0—1 R, :;
CIN2 R,
! AAA- ‘D" J___

I

“external components

CRrecr

GAIN = 2R3 Vin (avg.)
Is = 140pA

Figure 3

Ri1Rz2ls
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BASIC COMPRESSOR

o— WA Vour
Vin )
< VREF
R, ::
=
R1R2lg 12
AIN ={ —————
G (2 R3 Vin (avg.))
Ig = 140uA
“external
components Figure 4

CIRCUIT DETAILS-RECTIFIER
Figure 5 shows the concept behind the full
wave averaging rectifier. The input current
to the summing node of the op amp, Vin/R1,
is supplied by the output of the op amp. If we
can mirror the op amp output currentinto a
unipolar current, we will have an ideal recti-
fier. The output current is averaged by Rs,
Cr, which set the averaging time constant,
and then mirrored with a gain of 2to become
lg, the gain control current.

RECTIFIER CONCEPT

v+

- 1= ViN/R,

Figure 5

Figure 6 shows the rectifier circuit in more
detail. The op amp is a one stage op amp,
biased so that only one output device is on
at a time. The non-inverting input, (the base
of Q1), which is shown grounded, is actually
tied to the internal 1.8V Vret. The inverting
input is tied to the op amp output, (the
emitters of Qs and Qs), and the input sum-
ming resistor R1. The single diode between

v+

SIMPLIFIED RECTIFIER SCHEMATIC

VIN avg
R1

Ic=2

Figure 6

the bases of Qs and Qg assures thatonly one
device is on at a time. To detect the output
current of the op amp, we simply use the
collector currents of the output devices Qs
and Qs. Qe will conduct when the input
swings positive and Qs conducts when the
input swings negative. The collector cur-
rents will be in error by the « of Qs or Qs on
negative or positive signal swings, respec-
tively. IC's such as this have typical npn 8’s
of 200 and pnp g's of 40. The a's of .995 and
.975 will produce errors of .5% on negative
swings and 2.5% on positive swings. The
1.5% average of these errors yields a mere
13dB gain error.

At very low input signal levels the bias
current of Q2, (typically 50nA), will become
significant as it must be supplied by Qs.
Another low level error can be caused by dc
coupling into the rectifier. If an offset vol-
tage exists between the Vin input pin and the
base of Q2, an error current of Vos/R1 will be
generated. A mere 1mv of offset will cause
an input current of 100na which will pro-
duce twice the error of the input bias cur-
rent. For highest accuracy, the rectifier
should be coupled into capacitively. At high
input levels the g of the pnp Qg will begin to
suffer, and there will be an increasing error
until the circuit saturates. Saturation can be
avoided by limiting the current into the
rectifier input to 250ua. If necessary, an
external resistor may be placed in series
with R1 to limit the current to this value.
Figure 7 shows the rectifier accuracy vs
input level at a frequency of 1kHz.

At very high frequencies, the response of
the rectifier will fall off. The rolloff will be
more pronounced at lower input levels due
to the increasing amount of gain required to
switch between Qs or Qs conducting. The

rectifier frequency response for input levels
of 0dBm, -20dBm, and -40dBm is shown in
Figure 8. The response at all three levels is
flat to well above the audio range.

RECTIFIER ACCURACY

T T T

ERROR GAIN d8

L 1 1
-40 -20 [
RECTIFIER INPUT dBm"

Figure 7

RECTIFIER FREQUENCY RESPONSE
vs INPUT LEVEL

INPUT = 0dBm

GAIN ERROR (d8)

1MEG
FREQUENCY (M2)

Figure 8
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VARIABLE GAIN CELL

Figure 9 is a diagram of the variable gain
cell. Thisis alinerarized two quadrant trans-
conductance multiplier!2. Q1, Q2 and the
op amp provide a predistorted drive signal
for the gain control pair, Q3, Q4. The gain is
controlled by Ig and a current mirror pro-
vides the output current.

The op amp maintains the base and coliec-
tor of Q1 at ground potential (Vref) by con-
trolling the base of Q2. The input current lin
(= Vin/R2) is thus forced to flow through Q1
along with the current 1, 80 ic1 = l1 +lin.
Since |2 has been set at twice the value of |1,
the current through Q2 is I2=(I1+1in) = 11-lin=
Ic2. The op amp has thus forced a linear
current swing between Q1 and Qz, by pro-
viding the proper drive to the base of Q2.
This drive signal will be linear for small
signals, but very non-linear for large sig-
nals, since it is compensating for the non-
linearity of the differential pair Q1, Q2 under
large signal conditions.

The key to the circuit is that this same
predistorted drive signal is applied to the
gain control pair Q3 and Q4. When two
differential pairs of transistors have the
same signal applied, their collector current
ratios will be identical, regardless of the
magnitude of the currents. This gives us:

] Ice

Ic2 Ica I1=lin

fi+in

plus the relationships Ig = Ica+ics and lout=
Ica-Icawill yield the muitiplier transfer func-
tion,

[ Vin la

lout = — lin =— —

Rz 1

this equation is linear and temperature in-
sensitive, but it assumes ideal transistors.

If the transistors are not perfectly matched,
a parabolic, non-linearity is generated,
which resuits in 2nd harmonic distortion.
Figure 10 gives an indication of the magini-
tude of the distortion caused by a given
input level and offset voltage. The distortion
is linearly proportional to the magnitude of
the offset and the input level. Saturation of
the gain cell occurs at a +8dBm level. Ata
nominal operating level of 0dBm, a 1mv
offset will yield .34% of second harmonic
distortion. Most circuits are somewhat bet-
ter than this, which means our overall off-
sets are typically about 1/2mv. The distor-
tion is not affected by the magnitude of the
gain control current, and it does not in-
crease as the gain is changed. This second
harmonic distortion could be eliminated by
.making perfect transistors, but since that
would be difficult, we have had to resort to
other methods. A trim pin has been provided

SIMPLIFIED 4G CELL SCHEMATIC
v+

= laVin

la |
lour= — N
h 12 Rz

Figure 9

to allow trimming of the internal offsets to
zero, which effectively eliminated second
harmonic distortion. Figure 11 shows the
simple trim network required.

AG CELL DISTORTION
vs OFFSET VOLTAGE

You= v

" INPUT LEVEL (aBm)

Figure 10

Figure 12 shows the noise performance of
the AG cell. The maximum output level
before clipping occurs iri the gain cell is
plotted along with the output noise in a
20kHz bandwidth. Note that the noise drops
as the gain is reduced for the first 20dB of
gain reduction. At high gains, the signal to
noise ratio is 90dB, and the total dynamic
range from maximum signal to minimum
noise is 110dB.

Control signal feed-through is generated in
the gain cell by imperfect device matching
and mismatches in the current sources |1
and l2. When no input signal is present,
changing |G will cause a small output signal.
The distortion trim is effective in nulling out
any control signal feed-through, but in gen-
eral, the null for minimum feed-through will
be different than the null in distortion. The
control signal feed-through can be trimmed
independently of distortion by tying a cur-
rent source to the AG input pin. This effec-
tively trims I1. Figure 13 shows such a trim
network.

THD TRIM NETWORK

“IF TAW NETWORK NOT USED,

‘CONNECT CAPACITOR AS SHOWN. Vee
L}
3.6v
2%
20K
To THOD Trim
f
1
Py
~200pF
T =
=
Figure 11

DYNAMIC RANGE OF NES70

+20

OUTPUT (dBm)
S
MR

-
- NOISE IN
20KHz BW
Fa s X J
) -2
VCA QAIN (48)
Figure 12
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CONTROL SIGNAL
FEEDTHRU TRIM

&

R - SELECT FOR :
dev

470K
100K Q@ *——AAAp——mQ TO PIN 3 OR 14

Figure 13

OPERATIONAL AMPLIFIER

The main op amp shown in the chip block
diagram is equivalent to a 741 with a IMHz
bandwidth. Figure 14 shows the basic cir-
cuit. Split collectors are used in the input
pair to reduce gm, so that asmall compensa-

tion capacitor of just 10pf may be used. The:

output stage, aithough capable of output
currents in excess of 20ma., is biased for a
low quiescent current to conserve power.
When driving heavy loads, this leads to a
small amount of crossover distortion.

RESISTORS

I tion of the gain equations in Figure 3
and 4 will show that the basic compressor
and expandor circuit gains may be set en-
tirely by resistor ratios and the internal
voltage reference. Thus, any form of resis-
tors that match well would sutfice for these

simple hookups, and absolute accuracy and
temperature coefficient would be of no im-
portance. However, as one starts to modify
the gain equation with external resistors,
the internal resistor accuracy and tempco
become very significant. Figure 15 shows
the effects of temperature on the diffused
resistors which are normally used in inte-
grated circuits, and the ion implanted resis-
tors which are used in this circuit. Over the
critical 0°C to 70°C temperature range,
there is a 10 to 1 improvement in driftfroma
5% change for the diffused resistors, to a .5%
change for the implemented resistors. The
implanted resistors have another advantage
in that they can be made /7 the size of the
diffused resistors due to the higher resistivi-
ty. This saves a significant amount of chip
area.

OPERATIONAL AMPLIFIER

Figure 14

RESISTANCE vs TEMPERATURE

118 100 /o

DIFFUSED
RESISTOR

AANANERRNNAR | SO0 oo NN
1.00 ARRERIERERU TR 1 £rROA BAND)

bl o 4 0 120
TEMPERATURE
Figure 15

*For additional information, consult the Applications Section.
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PROGRAMMABLE ANALOG COMPANDOR

DESCRIPTION

The NE5S72 is a dual channel, high perfor-
mance gain control circuit in which sither
channel may be used for dynamic range
compression or expansion. Each channe!
has a full wave rectifier to detect the aver-
age value of input signal; a linearized, tem-
perature compensated variable gain cell
(AG) and a dynamic time constant buffer.
The butfer permits independent control of
dynamic attack and recovery time with mini-
mum external components and improved low
frequency gain control ripple distortion over
previous compandors.

The NES72 is intended for noise reduction in
high performance audio systems. it can also
be used in a wide range of communication
systems and video recording applications.

ABSOLUTE MAXIMUM RATINGS

FEATURES

* Independent control of attack and
recovery time.

improved iow frequency gain control
ripple

Complementary gain compression and
expansion with external Op Amp
Wide dynamic range— greater than
110dB

Temperature compensated gain
control

Low distortion gain cell

Low noise—6uV typical

Wide supply voitage range—6V-22V
System level adjustable with external
components.

APPLICATIONS

Dynamic noise reduction system
Voltage control amplifier

Stereo expandor

Automatic level control

High level limiter

Low level noise gate

State variable filter

5 » 6 8 2 0 @

PIN CONFIGURATION

D, N PACKAGE

TRACK TRiM A [T}

[76) vee

RECOV. CAP. A [Z]] [75] TRACK TRIM B

RECT iN A E

ATTACK CAP A [}

[17] Recov. cAP. B

13] RECT iNB

sGoura [5] [17) atrack car 8
THD TRIM A (6 | [ scoute
G ina [T (73] vHo TAM B
GROUND (7] BRI
(Top view)

ORDER PART NO.

NES72N  SAS72N
SAS72F NES72D  SA5720

PARAMETER RATING UNIT
Vece Supply voltage 22 vDC
Ta Operating temperature range Oto 70 °C
Pp Power dissipation 500 mwW
BLOCK DIAGRAM
(7.9) Ay (5.11)

T e
(6.10)
-—’——L 26

<
3
5009
O

GAIN CELL

270 RECTIFIER

{3,13)

A

T VWA

(186)

(1.15)

10K &

(8)

{2.14)

Note:
1. Supplied only in large SO (Small Outline) package.
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ELECTRICAL CHARACTERISTICS Standard Test Conditions (unless otherwise noted) V¢ = 15V TA = 25°C Expandor mode (see test
circuit) Input signals at unity gain level (OdB) = 100mV RMS at 1KHz, V, = V,, Ry = 3.3K, Ry = 17.3K

LIMITS
PARAMETER TEST CONDITIONS Min Typ Max UNIT
vee Supply voltage 6 22 Voc
Icc Supply current No Signal 6 mA
Internal voltage reference 2.3 25 2.7 Voc
THD (untrimmed) 1kHz Cp = 1.0uF 2 1.0 %
THD (trimmed) 1kHz CR = 10uF 05 %
THD (trimmed) 100Hz 25 %
No signal output noise Input to V4 and V2 grounded (20-20kHz) 8 25 uv
DC level shift (untrimmed) Input change from no signal to 100mV RMS +20 +50 MV
Unity gain level -1 +1 dB
Large signal distortion V{ = Vp = 400mV 0.7 3.0 %
Tracking error (measured relative Rectifier input +.2 dB
to value at unity gain output) = V,= +6dB, V,=0dB
[Vo - Vo(unity gain)] dB - V, (dBm)| V,= -30dB, V,=0dB +.5 -15
+.8
Channel crosstalk 200mV RMS into channel A, measured output on 60 dB
channel B
Power supply rejection ratio 120Hz 70 dB
TEST CIRCUIT
AuF 1009
—_t—-I————va— -1sv
22uF
2.2uF e ; :’I_: + ’
- 2H) 6.8K R: = =
vi o—{} SLE DYV a6 LU A
R1 ‘% 17.3K
82K \
50 2,14 b kS 270PF - .
A—— 2.2x NES534 +—0 Vo
CR -E (6,10) AAA +
= 10uF VWA~ .
I BUFFER M +l /
= 2.2u
_L (@,12) T
CA 8 L
= 1uF I -
= (1,15)
224F  3.3K@E13) _toot!
V2 o— —W\ RECTIFIER 1) l_ VWA— +15v
R2 L +
1% I 22uF
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SA/NE572

AUDIO SIGNAL PROCESSING IC
COMBINES VCA AND FAST AT-
TACK-SLOW RECOVERY LEVEL
SENSOR

In high performance audio gain control appli-
cations it is desirable to independently con-
trol the attack and recovery time of the gain
control signal. This is true, for example, in
compandor applications for noise reduction.
In high end systems the input signal is usual-
ly split into two or more frequency bands to
optimize the dynamic behavior for each
band. This reduces low frequency distortion
due to control signal ripple, phase distor-
tion, high frequency channel overload and

range 0-70°C. The SA572 is intended for appli-
cations from - 40°C to +85°C.

NES572 BASIC APPLICATIONS

Description

The NE572 consists of two linearized, tem-
perature compensated gain cells (AG) each
with a tull-wave rectifier and a buffer amplifi-
er as shown in the block diagram. The two
channels share a 2.5V common bias refer-
ence derived from the power supply but oth-
erwise operate independently. Because of
inherent low distortion, low noise and the
capability to linearize large signals, a wide
dynamic range can be obtained. The butfer

noise modulation. B of the exp

in hardware, multiple band signal process-
ing up to now was limited to professional
audio applications.

With the introduction of the Signetics NE572
this high performance noise reduction con-
cept becomes feasible for consumer hi fi
applications. The NE572 is a dual channel
gain control IC. Each channel has a linear-
ized, temperature compensated gain cell
and an improved level sensor. In conjunction
with an external low noise op amp for current
to voltage conversion, the VCA features low
distortion, low noise and wide dynamic
range. The novel level sensor which pro-
vides gain control current for the VCA gives
lower gain control ripple and independent
control of fast attack, slow recovery dynam-
ic response. An attack capacitor CA with an
internal 10K resistor RA defines the attack
time TA. The recovery time TR of a tone
burst is defined by a recovery capacitor CR
and an internal 10K resistor RR. Typical at-
tack time of 4MS for the high frequency
spectrum and 40MS for the low frequency
band can be obtained with .1uF and 1.0uF
attack capacitors respectively. Recovery
time of 200MS can be obtained with a 4.7uF
external capacitor. With the recovery ca-
pacitor added in the level sensor, the gain
control ripple for low frequency signals is
much lower than that of a simple RC ripple
filter. As a result the residual third harmonic
distortion of low frequency signal in a two
quad transconductance amplifier is greatly
improved. With the 1.0uF attack capacitor
and 4.7uF recovery capacitor far a 100HZ
signal the third harmonic distortion is im-
proved by more than 10db over the simple
RC ripple filter with a singie 1.0uF attack
and recovery capacitor, while the attack
time remains the same.

The NE572 is assembled in a standard 16 pin
dual in line plastic package and in oversized
SO (Small Outline) package. It operates over
wide supply range from 6V to 22V. Supply cur-
rent is less than 6mA. The NE572 is designed
for consumer application over a P ire

plifiers are provided to permit control of
attack time and recovery time independent
of each other. Partitioned as shown in the
block diagram, the IC allows flexibility in the
design of system levels that optimize DC
shift, ripple distortion, tracking accuracy
and noise floor for a wide range of applica-
tion requirements.

Gain Cell

Figure 1 shows the circuit configuration of
the gain cell. Bases of the differential pairs
Qq — Q2 and Q3 — Q4 are both tied to the
output and inputs of OPA Ay. The negative
feedback through Q{ holds the Vgg of Q¢ —
Qp ‘and the Vgg of Q3 — Q4 equal. The
following relationship can be derived from

the transistor model equation in the forward
active region.

AVeEq, o, = 48Eq, o,

(VBE = VT I IC/1S)

i 1 1 1
Slg+ 3! sle- 7
2le o) _ 2le

v,—l,,<___._____.ls 2 ) le,,(—|s

1+ o~ 1y -
=vT|n(‘IS£>—vT|"<£._.:?ﬂ,>
(2

h \ Vin
where in = ®—
Ry

Ry = 68K
Iy = 1404A
12 = 280uA

lp is the differential output current of the
gain cell and I is the gain control current of
the gain cell.

It all transistors Qq through Q4 are of the
same size, equation (2) can be simplfied to:
2 1

|O=E-|mclc—g(lz-21‘)olG ()
The first term of eqn. (3) shows the multiplier
relationship of a linearized two quadrant
transconductance amplifier. The second
term is the gain control feed through due to
the mismatch of devices. In the design this

BASIC GAIN CELL SCHEMATIC

v+

i1
140uA

VWA

THD
= TRIM

RIS
68K S

VREF

Figure 1
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has been minimized by large matched de-
vices and careful layout. Offset voltage is
caused by the device mismatch and it leads
to even harmonic distortion. The offset volt-
age can be trimmed out by feeding a current
source within = 25uA into the THD trim pin.
The residual distortion is third harmonic dis-
tortion and is caused by gain control ripple.
In a compandor system, available control of
fast attack and slow recovery improves rip-
ple distortion significantly. At the unity gain
level of 100mV, the gain cell gives THD (to-
tal harmonic distortion) of . 17% TYP. Output
noise with no input signals is only 6uV in the
audio spectrum (10HZ-20KHZ). The output
current o must feed the virtual ground input
of an operational amplifier with a resistor
from output to inverting input. The non-invert-
ing input of the operational amplifier has to
be biased at VREF if the output current g is
dc coupled.

Rectitier

The rectifier is a full-wave design as shown
in Figure 2. The input voltage is converted to
current through the input resistor R2 and
turns on either Q5 or Q6 depending on the
signal polarity. Deadband of the voltage to
current converter is reduced by the loop
gain of the gain block A2. If AC coupling is
used, the rectifier error comes only from in-
put bias current of gain block A2. The input
bias current is typically about 70nA. Fre-
quency response of the gain block A2 also
causes second order error at high frequen-
cy. The collector current of Q8 is mirrored
and summed at the collector of Q5 to form
the full wave rectified output current IR. The
rectifier transfer function is

Vin - Veer

R2 (4)
If Vin is A.C. coupled, then the equation will
be reduced to:
Iaac = Vin (AVG)
Rz
The internal bias scheme limits the maxi-
mum output current IR to be around 300uA.
Within a + 1dB error band the input range of
the rectifier is about 52dB.

Buffer Amplifier

In audio systems, it is desirable to have fast
attack time and slow recovery time for a
tone burst input. The fast attack time re-
duces transient channel overload but also
causes low frequency ripple distortion. The
low frequency ripple distortion can be im-
proved with the slow recovery time. If differ-
ent attack times are implemented in corre-
sponding frequency spectrums in a split
band audio system, high quality perfor-
mance can be achieved. The buffer amplifier
is designed to make this feature available
with minimum external components. Refer-

VREF

SIMPLIFIED RECTIFIER SCHEMATIC

v+

Il_Vlg-:nr

Vin O’

Figure 2

ca

BUFFER AMPLIFIER SCHEMATIC
v+

L =
I TRACKING T
TRIM
L <
- Figure 3

‘s
= 2im2
IR2 .
AAA, : X2
M N ot
013
x2
Q14 Q18
4
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ring to Figure 3, the rectifier output current is
mirrored into the input and output of the
unipolar buffer amplifier A3 through Qg, Qg
and Q. Diodes Dy and Dy2 improve
tracking accuracy and provide common
mode bias for A3. For a positive going input
signal, the buffer amplifier acts like a volt-
age foliower. Therefore, the output imped-
ance of A3 makes the contribution of ca-
pacitor CR to attack time insignificant.
Neglecting diode imped the gain Ga(t)
for AG can be expressed as foilows.

=t

Ga(t) = (GajNT — Gapnp) @ A + GapnL
GaynT = Initial Gain

7A = Rp * CA = 10K « CA Gagy( = Final Gain

where A is the attack time constant and RA
is a 10K internal resistor. Diode D5 opens
the feedback loop of A3 for a negative going
signal if the value of capacitor CR is larger
than capacitor CA. The recovery time de-
pends only on CR * RR. If the diode imped-
ance (s assumed negligible, the dynamic
gain GR (t) for AG is expressed as follows.

GR() = (GR INT ~ GR FNL) @ "R + GRENL

TR =Rp + CR = 10K « CR

where 7R is the recovery time constant and
RR is a 10K internal resistor. The.gain con-
trol current is mirrored to the gain cell
through Q4. The low level gain errors due
to input bias current of A2 and A3 can be
trimmed through the tracking trim PIN into
Ag with a current source of +3uA.

Basic Expandor
Figure 4 shows an application of the circuit
as a simple expandor. The gain expression
of the system is given by

Vour _ 2 RyeVNAVG)

Vin 1 RgeRy (1) = 1404A)
Both the resistors Ry and Ry are tied to
internal summing nodes. Ry is a 8.8K inter-
nal resistor. The maximum input current into
the gain cell can be as large as 140uA. This
corresponds to a voltage level of 140uA «
6.8K = 852mV peak. The input peak current
into the rectifier is limited to 300uA by the
internal bias system. Note that the value of
R can be increased to accommodate high-
er input level. Rp and Rg are external resis-
tors. It is easy to adjust the ratio of R3/R2
for desirable system voltage and current
levels. A small R2 results in higher gain con-
trol current and smaller static and dynamic

()

tracking error. However, an impedance buff-
er Ay may be necessary if the input is volt-
age drive with large source impedance.

The gain cell output current feeds the sum-
ming node of the external OPA A3. R3 and
A2 convert the gain cell output current to the
output voltage. In high performance applica-
tions, A2 has to be low noise, high speed
and wide band so that the high performance
output of the gain cell will not be degraded.
The non-inverting input of A can be biased
at the low noise internal reference PIN 8 or
10. Resistor R4 is used to biased up the
output DC level of Ap for maximum swing.
The output DC level of A2 is given by

i i
Vooc = VRer \'* A,

- VB _RT
Vg can be tied to a regulated power supply
for a dual supply system and be grounded
for a single supply system. CA sets the at-
tack time constant and CR sets the recovery
time conatant.

(8)

BASIC EXPANDOR SCHEMATIC

R4

R3

+VB +——AAA— WA
17.3K
CIN2 R = a1 )
7.9) I
2.24F o8 A2 é————O VOUT
(6,10) R6
VREF A +
1K l
2,14
(214 c1
BUFFER (4.12) I“u;
R2 Jr: l
3.3k I CA CR
Jv‘v‘v l —H— 1uF 10uF
(3.13)

Figure 4
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Basic Compressor
Figure & shows the hook-up of the circuit as

BASIC COMPRESSOR SCHEMATIC

a compressor. The IC is put in the feedback v R4 RDC1 RDC2
. (] AV AM A
foop ?f ﬂ:va OPA Ay. The system gain ex oK l 01K
pression is as follows: coc
10uF
Vout (11 R2 * Ry e @ c2uF L
VN “\Z * B3V (AVG) I . DY
LI
RDC1, RDC2, and CDC form a dc feedback Nt o1 02
for A4. The output DC level of Ay is given by VIN O—— —AAA- -
R +R 220 M
VoG = VREF (1 . DC‘R‘ DC2 LI 224F . Al O VOuT
Aot + Roce 8 o
-vge (TR ® s
I 1K RS
The zener diodes Dy and Dy are used for = (6.10) VREF
channel overload protection.
R1 | (7.9)
AG v‘v‘v i}
Basic Compandor System 6.8K e
The above basic compressor and expandor 2.2uF
can be applied to systems such as (5.11)
tape/disc noise reduction, digital audio,
bucket brigade delay lines. Additional sys- @214 | 1 cma
tem design techniques such as bandlimiting, (4.12 BUFFER T 22uF
band splitting, pre-emphasis, de-emphasis [
and equalization are easy to incorporate. I I
The IC is a versatile functional block to 4 L X
achieve a high performance audio system. CR CA —-lq—- AA-
Figure 6 shows the system level diagram for 10uF 1uF 3.3
reference.
For additional information, refer to the Appli- @) "-!- vee l (16)
cations Section. Figure 5
i NE572 SYSTEM LEVEL 2
[ ] [ ] REL LEVEL ABS LEVEL
VRMS  compression EXPANDOR o8 a8
N our
—{ 3.0v INPUT TO 46 +29.54 — +11.76 —{
AND RECT
—{ sa7.6Mv l +14.77 —  -3.00 —
—1 400 MV +12.0 — -5.78 —
—1 100 MV 0.0 — —17.78 —f
—{ 10mv -20— -37.78 —|
— 1MV —40 — -57,73—1
=1 100uV —60 — —77.78 —
— 1ouv Figure 6 -80 — -ona—J
*For additional information, It the Applications Section.
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Product Specification

J L SA/NE602

Double Balanced Mixer And Oscillator

Linear Products

DESCRIPTION

The SA/NE602 is a low-power VHF
monolithic double balanced mixer with
input amplifier, on-board oscillator, and
voltage regulator. It is intended for high
performance, low power communication
systems. The guaranteed parameters of
the SA602 make this device particularly
well suited for cellular radio applications.
The mixer is a ""Gilbert cell' multiplier
configuration which typically provides
18dB of gain at 45MHz. The oscillator
will operate to 200MHz. It can be config-
ured as a crystal oscillator, a tuned tank
oscillator, or a buffer for an external L.O.
The noise figure at 45MHz is typically
less than 5dB. The gain, intercept per-
formance, low-power and noise charac-
teristics make the SA/NE602 a superior
choice for high-performance battery op-
erated equipment. It is available in an 8-
lead dual-in-line plastic package and an
8-lead SO (surface-mount miniature
package).

BLOCK DIAGRAM

FEATURES

e Low current consumption: 2.4mA
typical

e Excellent noise figure: < 5.0dB
typical at 45MHz

e High operating frequency

e Excellent gain, intercept and
sensitivity

e Low external parts count;
suitable for crystal/ceramic filters

® SA602 meets cellular radio
specifications

APPLICATIONS
o Cellular radio mixer/oscillator

o Portable radio

e VHF transceivers

® RF data links

e HF/VHF frequency conversion

o Instrumentation frequency
conversion

e Broadband LAN's

PIN CONFIGURATION

D, FE, N PACKAGES

weut a[1]
et 8[2 |
GROUND [ 3 |

QUTPUT A | 4

8 [Vcc

[ 7] osciLLator

6 ] osciLiaton

z] OoUTPUT B

TOP VIEW

CD04690S.

[o] 1 [ [5]
Vee } j
VOLTAGE
REGULATOR I[ OSCILLATOR I
A

GROUND

[ N ER L]
BDO1801S
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SA/NE602

ORDERING CODE

DESCRIPTION ORDER CODE
Dual-in-Line, Plastic; 0 to +70°C NE602N
Dual-in-Line, Small Outline; 0 to +70°C NE602D
Cerdip; 0 to 70°C NE602FE
Dual-in-Line, Plastic; —40 to +85°C SA602N
Dual-in-Line, Small Outline; —~40 to +85°C SA802D
Cerdip;, -40 to +85°C SA602FE
ABSOLUTE MAXIMUM RATINGS
PARAMETER RATING UNIT

Maximum operating voltage 9 \
Storage temperature -65 to +150 °C
Operating temperature

NE602 0 to +70 °C

SA602 -40 to +85 °C

AC/DC ELECTRICAL CHARACTERISTICS T, =25°C, Vg = 6V, Figure 1
PARAMETER TEST CONDITION MIN TYP MAX UNIT

Power supply voltage range 4.5 8.0 \
DC current drain 24 2.8 mA
Input signal frequency 500 MHz
Oscillator frequency 200 MHz
Noise figured at 45MHz 5.0 6.0 dB
Third order intercept point RFiy = -45dBm: ;; T Y ~17 dBm
Conversion gain at 45MHz 14 dB
RF input resistance 1.5 kQ
RF input capacitance 3 35 pF
Mixer output resistance (Pin 4 or 5) 1.5 k2

TEST CONFIGURATION

0.5 to 1.3:H 229;
__. L
44 545MHz THIRD OVERTONE CRYSTAL
5.5.H 5.6pF
Vec A
6.8F | L 100nF % I_.I:f—‘T
TI o=

r'11
D

1 l 150pF
ouTPUT
31 '330pF

o TJi20pF =

1510
44.2,

INPUT

Figure 1

Tco27004

DESCRIPTION OF OPERATION
The SA/NE602 is a Gilbert cell, an oscillator/
buffer, and a temperature compensated bias
network as shown in the equivalent circuit.
The Gilbert cell is a differential amplifier (Pins
1 and 2) which drives a balanced switching
cell. The differential input stage provides gain
and determines the noise figure and signal
handling performance of the system.

The SA/NE602 is designed for optimum low
power performance. When used with the
SAB04 as a 45MHz cellular radio 2nd IF and
demodulator, the SA602 is capable of receiv-
ing -119dBm signals with a 12dB S/N ratio.
Third order intercept is typically -15dBm
(that's approximately + 5dBm output intercept
because of the RF gain). The system design-
er must be cognizant of this large signal
limitation. When designing LAN's or other
closed systems where transmission levels
are high, and small signal or signal-to-noise
issues not critical, the input to the NE602
should be appropriately scaled.
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Double balanced mixer and oscilator

SA/NE602

Besides excellent low power performance
well into VHF, the SA/NE602 is designed to
be flexible. The input, output, and oscillator
ports can support a variety of configurations
provided the designer understands certain
constraints, which will be explained here.

The RF inputs (Pins 1 and 2) are biased
internally. They are symmetrical. The equiva-
lent AC input impedence is approximately
1.5K || 3pF through 50MHz. Pins 1 and 2 can
be used interchangeably, but they should not
be DC biased externally. Figure 3 shows
three typical input configurations.

The mixer outputs (Pins 4 and 5) are also
internally biased. Each output is connected to
the internal positive supply by a 1.5kS2 resis-
tor. This permits direct output termination yet
allows for balanced output as well. Figure 4
shows three single ended output configura-
tions and a balanced output.

The oscillator is capable of sustaining oscilla-
tion beyond 200MHz in crystal or tuned tank
configurations. The upper limit of operation is
determined by tank "'Q" and required drive
levels. The higher the "'Q" of the tank or the
smaller the required drive, the higher the

AAA
v

[
.
D $os
1 )

Figure 2. Equivalent Circuit

3

!
al
i

TC02030S

permissible oscillation frequency. If the re-
quired L.O. is beyond oscillation limits, or the
system calls for an external L.O., the external
signal can be injected at Pin 6 through a DC
blocking capacitor. External L.O. should be at
least 200mVpp.

Figure 5 shows several proven oscillator
circuits. Figure 5A is appropriate for cellular
radio. As shown, an overtone mode of opera-
tion is utilized. Capacitor C3 and inductor L1
suppress oscillation at the crystal fundamen-
tal frequency. In the fundamental mode, the
suppression network is omitted.

Figure 6 shows a Colpitts varacter tuned tank
oscillator suitable for synthesizer controlled
applications. It is important to buffer the
output of this circuit to assure that switching
spikes from the first counter or prescaler do
not end up in the oscillator spectrum. The
dual-gate MOSFET provides optimum isola-
tion with low current. The FET offers good
isolation, simplicity, and low current, while the
bipolar transistors provide the simple solution
for non-critical applications. The resistive di-
vider in the emitter follower circuit should be
chosen to provide the minimum input signal
which will assure correct system operation.

When operated above 100MHz, the oscillator
may not start if the Q of the tank is too low. A
22k§2 resistor from Pin 7 to ground will
increase the DC bias current of the oscillator
transistor. This improves the AC operating
characteristic of the transistor and should
help the oscillator to start. 22k$2 will not upset
the other DC biasing internal to the device,
but smaller resistance values should be
avoided.

!

IIH

TC020408

a. Single-Ended Tuned Input

weooz
L Lad

TC020508.

b. Balanced Input (For Attenuation
Of Second Order Products)

Figure 3. input Configuration

D
]

T
I

TC020608

c. Single-Ended Untuned Input
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SA/NE602 J L

> - D e

CFU4s5
OR EQUIVALENT

T T

TC020108

120F
L T f bl LH]

cr

"74 2-10pF

mM‘FFV

FILTER K&L38780 OR EQUIVALENT
*Ct MATCHES 3.5K( TO NEXT STAGE.

TC020708

a. Single-Ended Ceramic Filter b. Single-Ended Crystal Filter

e

Hr
AU
il

_/

> — ;

Lt.f
TC020808

¢. Single-Ended IFT
Figure 4. Output Configuration

TC020908

d. Balanced Output

i

LAY
L Cs ~_(‘4 I = o X
IJ;Y_;\__"___:._ == XTAL T R
= 3 (3 = -I:-_- =
Cy
a1 (71 61 (5] [e] (71 [e] [=] [0 ] s [3]
> NE602 > NE602 > NE602
I S [ N I ] L2] (3] U] | B N N I R |
TC021008 TC02110S TC02120S
a. Colpitts Crystal Oscillator b. Colpitts L/C Tank Oscillator c. Hartley L/C Tank Oscillator

(Overtone Mode)
Figure 5. Oscillator Circuits
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Double balanced mixer and oscilator

SA/NE602

K 7pF I"’P‘

E a'__l_‘_‘ ;grrsn
3 -1

MV2105
f OR EQUIVALENT

’—j TO SYNTHESIZER
|
1

100K

e
100K i 0.001pF
- —_— 1 =+

TC021408 TC021508

+—i DC CONTROL VOLTAGE
4 5 1000pF FROM SYNTHESIZER

TC021308

| 330 < 0.01pF TO SYNTHESIZER

1]

2N918

TCo2160S

Figure 6. Colpitts Oscillator Suitable For Synthesizer Applications And Typical Buffers

TEST CONFIGURATION

Vee
6.84F

INPUT

0.510 1.3:H 22pF =
S 44.545 MHz
S.5xH nF 5.6pF THIRD OVERTONE CRYSTAL
100nF 7 3 joa|
10nF =

> SA602

TC020208

Figure 7. Typical Application For Cellular Radio
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SA/NE602 J L

-145
104 S -10 l I
| ] | |
0f—1dB CO SION T 12 g 1S
POINT  ——— 3RD ORDER -12 -12.5 ]
10 INTERCEPT § 'E
§ POINT g -8 1 -125 g s
5 -2 £ -u -135 [
g / 8 g
E 4 g -1 2 s
@ w =
© 3RD ORDER 5 2
a0 RESPONSE E z
& FUNDAMENTAL -7 185
RESPONSE
- I J / s -13.0
-19.5
-60 ~40 [] 40 80 120
-60 -50 -40 -30 -20 -10 0 4 5 6 7 8 9 10
dBm INPUT Ve (VOLTS) TEMPERATURE (°C)
0P01300S 0PO1310S OP01320S
Figure 8. SA/NE602 3R° Order ] . ) I
9 . Figure 8. Input Third Order Figure 10. Third Order intercept
Intermod And 1dB Compression Intercept Point Vs V Point vs Temperature
Point Performance P cc
2 5 s
/
/ av
8v
20 = z 4 /
~ g £
e
s z -
g — & g \\‘V /
z = 3 ° g ¢
s o 6V | o] z
] / > |1 I 8v [
< w I
=] & av | 2 s /
16 av a 2 / / 2 S LB
14 1
- - 4
40 ) 40 +80 40 0 +40 80 “a0 o 40 +80
TEMPERATURE (°C) TEMPERATURE (°C) TEMPERATURE (°C)
ororaaos oror3408 013505
Figure 11 Figure 12 Figure 13
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SA/NE604

DESCRIPTION

The SAINE604 is a monolithic low power FM
IF system incorporating two limiting inter-
mediate frequency amplifiers, quadrature
detector, muting, logarithmic signal strength
indicator, and voltage regulator. The
SA/NEG604 is available in a 16 lead dual-in-line
plastic package and 16 lead SO (surface
mounted miniature package).

FEATURES

* Low power consumption: 2.3mA typical

* Logarithmic R d Signal Strength
Indicator (RSSI) with a dynamic range in
excess of 90dB

* Separate data output

¢ Audio output with muting

e Low external count;
crystal/ceramic filters

* Excellent sensitivity: 1.5,V across input
pins (0.27 uV into 50Q matching network)
for 12dB SINAD (Signal to Noise and
Distortion ratio) at 455kHz

suitable for

ABSOLUTE MAXIMUM RATINGS

Low Power FM LF. System

APPLICATIONS

* Cellular Radio FM IF

« Communicati

* Intermediate frequency amplification and
detection up to 10.7MHz

* RF level meter

* Spectrum analyzer

SYMBOL AND PARAMETER RATING UNIT
Maximum operating voltage ) 9 v
Storage temperature -65to +150 °C
Operating temperature

NE604 0 to +70 °C
SA604 ~40 to +85 °C

BLOCK DIAGRAM

PIN CONFIGURATION

IF AMP
DECOUPLING

GND

, D PACKAGE

1

2

wute ineut 3]
Vec E

RASSI OUTPUT E
aupio outeut 6]

oaTa outeuT (7}

QUADRATURE
INPUT E

N\

16| IF AMP INPUT

EI IF_ AMP
DECOUPLING
IF AMP

D" ouTPUT

[13] ano

LIMITER

12] inpuT

7] LMITER
DECOQUPLING

0] LIMITER
DECOUPLING

3| LIMITER
OuTPUT

ORDER NUMBERS

TOP VIEW

NE604N. NE604D
SAB04N. SA604D

SIGNAL

STRENGTH

I (September 1985
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SA/NE604

ELECTRICAL CHARACTERISTICS T, =25°C, V¢ = + 6 volts, unless

otherwise stated.

CIRCUIT DESCRIPTION
The SA/NE604’s IF amplifier has a gain of
30dB, bandwidth of 15MHz, with an input

SYMBOL AND PARAMETER SA/NE604 UNITS impedance of 1.5KQ and an output impedance
Min | Typ | Max of 1.0KQ. The limiter has a gain of 60dB,
bandwidth of 15MHz, and an input impedance
X - . ) N "

Power supply voltage range 45 8.0 of 1.5KQ. An interstage filter between the IF
D.C. current drain 23 | 2.7 mA Amplifier and Limiter is recommended to
\.F. frequency - 107 MHz reduce wideband noise. The quadrature

detector input (pin 8) impedance is 40KQ.

RSS! range T8D | 90 - dB
The data (unmuted output) and audio (muted
RSS! accuracy 15 d8 output) both have 50K output impedance and
I.F. input impedance 1.5 kQ their detected signals are 180 degrees out of
.. output impedance 1.0 KQ phase with each other. The mute input (pin 3)
— - has a very high impedance and is compatible
Limiter input impedance 1.5 kg with three and five volt CMOS and TTL levels.
Quadrature detector data output impedance 50 kQ Little or no DC level shift occurs after muting
Muted audio out impedance 50 Py when the quadrature deteplor |§ adjusted to the
IF center frequency. Muting will attenuate the
Mute - switch input threshold (on) 17 - v audio signal by more than 60dB and no voltage
(off) 1.0 \ spikes will be generated by muting.
The logarithmic signal strength indicator is a
current source output with maximum source
current of 50 microamps. The signal strength
indicator’s transfer function is approximately
10 microamp per 20dB and is independent of
IF frequency. The interstage filter must have
a 6dB insertion loss to optimize slope linearity.
Pins 1, 16, 15, 14, 12, 11, 10, 9, and 8 do not
need external bias and should not have a
TYPICAL APPLICATION DC path.
INPUT @'—.L I 1 I
= T T l
-L- OJyF% o.ww‘L 0.14F == 10pF
G el Ca [l Co O ]  [%]

SIGNAL
STRENGTH

RSSI
ourt

AUDIO
out

=

o
DATA
out
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Product Specification

=

Double Balanced Mixer And Oscillator

Linear Products

DESCRIPTION

The NE612 is a low-power VHF mono-
lithic double balanced mixer with on-
board oscillator and voltage regulator. It
is intended for low cost, low power
communication systems with signal fre-
quencies to 500MHz and local oscillator
frequencies as high as 200MHz. The
mixer is a "'Gilbert cell" multiplier config-
uration which provides gain of 14dB or
more at 49MHz.

The oscillator can be configured for a
crystal, a tuned tank operation, or as a
buffer for an external L.O. Noise figure at
49MHz is typically below 6dB and makes
the device well suited for high perfor-
mance cordless telephone. The low
power consumption makes the NE612
excellent for battery operated equip-
ment. Networking and other communica-
tions products can benefit from very low
radiated energy levels within systems.
The NE612 is available in an 8- lead
dual-in-line plastic package and an 8-
lead SO (surface mounted miniature
package).

BLOCK DIAGRAM

FEATURES
e Low current consumption

e Low cost
e Operation to 500MHz
o Low radiated energy

e Low external parts count;
suitable for crystal/ceramic filter

e Excellent sensitivity, gain, and
noise figure

APPLICATIONS
e Cordless telephone

e Portable radio

e VHF transceivers

e RF data links

e Sonabuoys

e Communications receivers
e Broadband LAN's

o HF and VHF frequency
conversion

PIN CONFIGURATION

D, N PACKAGES

INPUT A [Tj

INPUT B Ei
Grouno [3 |

OUTPUT A E

8 | Vec

| 7] osciLator

E] OSCILLATOR
E] ouTPUT B

TOP VIEW

CD04690S

1 [

[

Vee }

B

VOLTAGE
[ REGULATOR—' 1 OSCILLATOR —'

D

GROUND

K R

Le ] La]

80018015
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-

ORDERING CODE

DESCRIPTION ORDER CODE
Dual-in-line, plastic; 0 to +70°C NE612N
Dual-in-line, small outline; 0 to +70°C NE612D
ABSOLUTE MAXIMUM RATINGS
PARAMETER RATING UNIT
Maximum operating voltage 9 v
Storage temperature -65 to +150 °C
Operating temperature 0 to +70 °C
AC/DC ELECTRICAL CHARACTERISTICS Ta=25°C, Vg =6V, Figure 1
PARAMETER TEST CONDITION MIN TYP MAX UNIT
Power supply voltage range 4.5 8.0 \
DC current drain 24 2.8 mA
Input signal frequency 500 MHz
Oscillator frequency 200 MHz
Noise figured at 49MHz 5.0 dB
Third order intercept point at 49MHz RFN = -45dBm -15 dBm
Conversion gain at 49MHz 14 dB
RF input resistance 1.5 k2
RF input capacitance 3 pF
Mixer output resistance (Pin 4 or 5) 1.5 kQ
TEST CONFIGURATION DESCRIPTION OF OPERATION
The NE612 is a Gilbert cell, an oscillator/
buffer, and a temperature compensated bias
0.5t0 1.3H 22pF = network as shown in the equivalent circuit.
S —_  THIRD OVERTONE CRYSTAL The Gilbert cell is a differential amplifier (Pins
Vee ssi [ et S-6pF 1 and 2) which drives a balanced switching
VYL cell. The differential input stage provides gain
6.84F 'jl'_" L 1000 é r-l—, ,-E and c!etermines the noise figure and signal
I 10nF = r} 7 ry s ) handling performance of the system.
= = |'5°';,m, The NE612 is designed for optimum low
power performance. When used with the
Neg12 e §f NE614 as a 49MHz cordless telephone sys-
tem, the NE612 is capable of receiving
T = -119dBm signals with a 12dB S/N ratio.
1 2 3 4 1 1209F Third order intercept is typically —15dBm
(that's approximately +5dBm output intercept
ATpF l |_li-—— because of the RF gain). The system design-
wneut( | y y = er must be cognizant of this large signal
Tommoznm limitation. When designing LAN's or other
220pF closed systems where transmission levels
100nF are high, and small signal or signal-to-noise
1, issues not critical, the input to the NE612
Toozr108 should be appropriately scaled.
Figure 1

920
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Double balanced mixer and oscilator

NE612

Besides excellent low power performance
well into VHF, the SA612 is designed to be
flexible. The input, output, and oscillator ports
can support a variety of configurations provid-
ed the designer understands certain con-
straints, which will be explained here.

The RF inputs (Pins 1 and 2) are biased
internally. They are symmetrical. The equiva-
lent AC input impedance is approximately
1.5K || 3pF through 50MHz. Pins 1 and 2 can
be used interchangeably, but they should not
be DC biased externally. Figure 3 shows
three typical input configurations.

The mixer outputs (Pins 4 and 5) are also
internally biased. Each output is connected to
the internal positive supply by a 1.5kS2 resis-
tor. This permits direct output termination yet
allows for balanced output as well. Figure 4
shows three single-ended output configura-
tions and a balanced output.

The oscillator is capable of sustaining oscilla-
tion beyond 200MHz in crystal or tuned tank
configurations. The upper limit of operation is
determined by tank "Q'' and required drive
levels. The higher the Q of the tank or the
smaller the required drive, the higher the

@

g 1.5K

VWA—

BIAS
< 1’ <
3 3 3
L = 4

Figure 2. Equivalent Circuit

TC021805.

permissible oscillation frequency. If the re-
quired L.O. is beyond oscillation limits, or the
system calls for an external L.O., the external
signal can be injected at Pin 6 through a DC
blocking capacitor. External L.O. should be
200mVpp minimum to 300mVpp maximum.

Figure 5 shows several proven oscillator
circuits. Figure 5A is appropriate for cordiess
telephone. In this circuit a third overtone
parallel mode crystal with approximately 5pF
load capacitance should be specified. Capac-
itor C3 and inductor L1 act as a fundamental
trap. In fundamental mode oscillation the trap
is omitted.

Figure 6 shows a Colpitts varacter tuned tank
oscillator suitable for synthesizer controlled
applications. It is important to buffer the
output of this circuit to assure that switching
spikes from the first counter or prescaler do
not end up in the oscillator spectrum. The
dual-gate MOSFET provides optimum isola-
tion with low current. The FET offers good
isolation, simplicity, and low current, while the
bipolar circuits provide the simple solution for
non-critical applications. The resistive divider
in the emitter follower circuit should be
chosen to provide the minimum input signal
which will assume correct system operation.

NE612

1

i

1C02190S

a. Single-Ended Tuned Input

NE612

1C022008

b. Balanced Input (For Attenuation
Of S d Order Prod

te)
)

Figure 3. Input Configuration

NE612

T
I

D
& -t

TC022108

c. Single-Ended Untuned Input
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LYY

CFu4ss
OR EQUIVALENT

> NES12

TC022208

a. Single-Ended Ceramic Filter

12pF cr

H
1T

FILTER K&L38780 OR EQUIVALENT
*Cr MATCHES 3.5K( TO NEXT STAGE.

L
2-10pF 74 mn—l—,p,x

) NE612

T

b. Single-Ended Crystal Filter

TC02290S

NE612 J

ALl
AALS

53

c. Single-Ended IFT

St
al

TC022408 TC022508

d. Balanced Output
Figure 4. Output Configuration

—
uoo Lo L4 + T
A F o r
= ) 1 = L
[+
jan il s iillas Bl e} jan il wallle sl e m;rsllm

> NE612

NE612

D - | D

| K R O I N 4
TC02260S
a. Colpitts Crystal Oscillator
(Overtone Mode)

N S B S e

TC022708

b. Colpitts L/C Tank Oscillator

| SN [ BN B N B K

TC02280S

c. Hartley L/C Tank Oscillator

Figure 5. Oscillator Circuits
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Double balanced mixer and oscilator

NE612

0.01pF i

1 =1 =1 =1

5.54H
oap g Wi —0 6V
10 FJ‘ -Lo1 F
T I
8
TO
7 “'—I = BUFFER
™I~
:'} =
1000pF =<
+—i DC CONTROL VOLTAGE
s 1000pF FROM SYNTHESIZER
0.06.H

0

0.01
1pF
- 1

100K 2 $
< < 35K126
0.01pF
] 1L
= 1€ °

2pF ) TO SYNTHESIZER
IL ]
LAY 1
100K L 330 aL 0.01pF

100

4 0.001pF
I =

7C023008

Figure 6. Colpitts Oscillator Suitabl

t MV2105
? OR EQUIVALENT

7C022905

|||——)

1C023108

For Synthesi A

And Typical Buffers

2N918

TC023208

TEST CONFIGU

RATION

THIRD OVERTONE CRYSTAL

)

S5 r{‘fv‘f\_;‘ -
Vee =
6.0:F 100nF T 7 +

I 100F =
> NE612
ATpF
INPUT I

220pF

CFU 455
‘OR EQUIVALENT

I

TC021708

Figure 7. Typical Application For 46/49MHz Cordless Telephone
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Product Specification

e

Low Power FM IF System

Linear Products

DESCRIPTION

The NE614 is a monolithic low-power
FM IF system incorporating two limiting
intermediate frequency amplifiers, quad-
rature detector, muting, logarithmic sig-
nal strength indicator, and voltage regu-
lator. The NE614 is available in a 16-
lead dual-in-line plastic package and 16-
lead SO (surface-mounted miniature
package).

BLOCK DIAGRAM

FEATURES

e Low-power consumption

e Logarithmic signal strength
indicator

e Separate data output

e Audio output with muting

e Low external count; suitable for
crystal/ceramic filters

e Excellent sensitivity
APPLICATIONS
o Cellular Radio FM IF

o Communications receivers

¢ Intermediate frequency
amplification and detection up to
15MHz

o RF level meter

e Spectrum analyzer

o Instrumentation

e Cordless telephone

e Remote control

PIN CONFIGURATION

N, D PACKAGE
IF AMP N :]
DECOUPLING 16| IF AMP INPUT
IF AMP
oo [2] !5} bECOUPLING
MuTE INpuUT [ 3 Ta) e
Vee E 13| GO
Rssi oUTPUT [5 i7) LMiTER
AUDIO OUTPUT | 6 Y] Iélggiﬂp““c
DATA OUTPUT E Ty B'E‘c'éii "
(8]
QUADRATURE Gl
LIMITER
INPUT - 2 OuTPUT

TOP VIEW
CD05080:

[6] [Ts5] 13 [3] [G2] [ 10 9
GND
IF IF
AMP AMP
OMITER
SIGNAL
STRENGTH
MUTE QuAD
DET
VOLTAGE
REGULATOR
GND [ Vee -l
L 2] 3] [a] s | Ls L7 ] 8
BD01940S
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NE614

ORDERING CODE

DESCRIPTION ORDER CODE
Plastic; 0 to +70°C NE614N
Plastic; SO (surface-mounted miniature package); NE614D
0 to +70°C
ABSOLUTE MAXIMUM RATINGS
SYMBOL AND PARAMETER RATING UNIT
Maximum operating voltage 9 \
Storage temperature -65 to +150 °C
Operating temperature
NE614 0to +70 °C

DC ELECTRICAL CHARACTERISTICS T =25°C; Voc = +6V unless otherwise stated.

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
Power supply voltage range 4.5 8.0 \
DC current drain 3.0 mA
Mute switch input threshold (on) 1.7 \
(off) 1.0 \"

AC ELECTRICAL CHARACTERISTICS T =25°C; Vo = +6V unless otherwise stated. RF frequency = 455kHz;
RF level = - 47dBm; FM modulation = 1kHz with +8kHz peak deviation. Audio output with C-message wei

ghted filter and de-emphasis

capacitor.

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
Input limiting - 3dB Test at pin 16 -90 -80 dBm
AM rejection 80% AM 1kHz 30 dB
Recovered audio level After C filter and 80 100 MVims

de-emphasis capacitor

Recovered data level 250 350 MVims
SINAD sensitivity RF level - 97dBm 8 12 dB
THD -35 dB
Signal-to-noise ratio No modulation 75 dB
IF input impedance 1.5 k2
IF output impedance 1.0 k2
Limiter input impedance 15 k2
Quadrature detector data 50 kQ
output impedance
Muted audio output impedance 50 kQ
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Low power FM IF system

TYPICAL APPLICATION

INPUT @—1_m 1 [
T T . T N
= 0.1F = 0.1.F 0.1,F == 10pF
[ 2 B s B s B e M s r&' s F[J

SIGNAL
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LIMITER

GND MUTE Vee RSSI AUDIO DATA
N out out out
ao0rssos
TEST SET-UP
AM FM RF Vee
SIGNAL PPLY AC DVM
GENERATOR POWER SUPPL
l Vee DATA
RF INPUT OuTPUT
wuTE npur | NESIeTESTCIRCUIT f
l RSSI OUTPUT
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MUTE
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AUDIO
DISTORTION
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NEG614 J

NE 614 TEST CIRCUIT

NE 614

Cc1
c2
c3
C4
Cs
ce
c7

10nF +80-20% 63V K10000-Z5V Ceramic
100nF + 10% 50V Polyester

100nF +10% 50V Polyester

100nF + 10% 50V Polyester

100nF +10% 50V Polyester

10pF 2% 100V NPO Ceramic

100nF £ 10% 50V Polyester

C8 100nF £ 10% 50V Polyester

C9 15nF £ 10% 50V Polyester

C10 150pF + 2% 100V N1500 Ceramic

C11 1nF £10% 100V K2000-Y5P Ceramic
C12 6.8uF +20% 25V Tantalum

F1 455kHz Ceramic Filter Murata SFG455A3
F2 455kHz IF Filter A2549

R1 51Q+1% 1/4W Metal Film

R2 15000 + 1% 1/4W Metal Film

R3 150082 +5% 1/8W Carbon Composition
R4 100kQ2 + 1% 1/4W Metal Film

Q = 20 LOADED

OUTPUT

Figure 1. NE614 Test Circuit And Parts List

TC024708

Description of Operation

The NE614 is comprised of five subsystems
for IF signal processing. These subsystems,
two IF limiting amplifiers, quadrature detector,
audio mute, and logarithmic signal strength,
can be configured to satisfy many high-
performance or low-power systems objec-
tives. Internal temperature compensated bias
regulation completes the circuitry.

Figure 2 shows the equivalent circuits of the
NE614.

Limiting Amplifiers

The NE614 has two independent limiting IF
amplifiers. The first has a typical gain of
30dB. The second typically has 60dB gain.
Both have 1.5K nominal input impedance and
15MHz bandwidth. The output impedance of
the first limiter is approximately 1kS2. These
impedances permit direct interface with popu-
lar ceramic filters such as the SFU455. On
the surface, the 1K output of the first limiter
would not seem correct. However, approxi-
mately 6dB insertion loss is required between

limiter stages to optimize the linearity of the
signal strength indicator. The impedance mis-
match has little effect on passband. Use of an
interstage filter reduces wideband noise. A
DC blocking' capacitor or L/C filter can also
be used.

As the signal frequency increases, the 90dB
total gain can become a source of instability.
Figure 3 shows the limiters as a closed loop
system with stray capacitance and the equiv-
alent AC input impedance setting the loop
gain.
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Low power FM IF system

NE614

ADJUST FOR 6 dB INSERTION
LOSS RELATIVE TO THE 1K
SOURCE (PIN 14) AND THE 1.5K LOAD (PIN 12)

[

Figure 2. Equivalent Circuit

_—
®
| 16 I I " l ﬂ E’ ]
GND
42K
l 12K K
VWA W
3
3700
< >
3
o 11z d s
X 16K
40K VAA- 4?5
WA 700 WA
L p I Jask s s
ULL FULL WAVE xg S
WAVE L RECT a5k §
RECT. = VA
| VOLTAGE/ ] D
CONVERTER K
"Et[ voLr VOLTAGE
REG REGULATOR
— 1
BAND
GAP d
voLr
—]
Vee
80K
GND = T Vee
] ]

80019605

CsTRay
I

1 I

Figure 3. Considerations For Stability

TC024808

The equivalent AC attenuation factor from the
output to the input must be greater than 90dB
or oscillation can occur. The input impedance
of the device is nominally 1.5K. The stray
layout capacitance is a frequency-dependent
impedance so that as the frequency of opera-
tion or the value of stray capacitance in-
creases, the output-to-input attenuation fac-
tor decreases. Keep stray capacitance low by
using good RF layout technique. Sockets
should be avoided above 455kHz.

Good RF layout is the proper way to avoid
instability. However, if system constraints re-
quire, stability can be achieved by only using
one of the limiting amplifiers, or by adding a
resistance, Ry, which will increase the atten-
uation factor.
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1M aF 220F I__l
[—]
= Ij__:&sas wpal B I s o 455 kHz
- == = XTAL LAY LAY _l_ Q=20
= 5'6"‘ ’—L ’_l_‘ ’-|_‘ ’L
T
6.8 uF 100 nF =
TI™%T I
= = = SFG RO
> NE612 455A3 o ) NE614 =L. <
0.1 uF
TC02510S
a. NE614 Application Circuit
NE614 1.F INPUT (uV) (150002)
10 100 1K 10K 100K
T T T T
O em———— ——
a -llV
8o
g2t
3?5 —av
3&5
&3
L o
g
! :’:‘:i —av
auf
o8 = AM (80% MOD)
Se
< -1V
-80|
-20
NE612 RF INPUT (dBm) (50¢2)
oPo1450S
b. Typical Application Circuit Performance
Figure 4
Adding an input resistor is an easy way to  capacitively to Pin 9. Because of the DC bias
reduce the attenuation factor, but-may make  of the NE614, the phase shift network must PTTE T
correct termination of interstage filters difficult  be returned to ground through a low imped- cl: UAD
or impossible. At 455kHz instability should not  ance capacitor. Recovered signal is continu- vin>—} ' Vour
be a problem if reasonable RF layout is used.  ously available at Pin 7 or on a switched basis apL J,CP w» -
Figure 4a indicates a 455kHz circuit configu-  at Pin 6. 'l'
rauop whnch should serve as a rgasonabl_e Table 1. System Parameters as
starting point for many applications. This N . TG02490
circuit is configured for 46/49MHz cordless Applied to Figure 4A EQUATION
telephone. Aw = 2m+8kHz v, .
Your _ L]
Quadrature Detector wo = 2m455kHz ™ PRI
The detector of the NE614 is a four quadrant P = 180nF RPL RPU g TR
multiplier of the Gilbert cell type. It can be P Q =uwo(RPL RPU)CP
used for frequency or amplitude demodula- RPU = 233K v = PEAK DEVIATION
tion. Figure 4b indicates a typical quadrature RPL = 40K "
FM configuration. Fully limited in-phase signal wo = CENTER FREQUENCY
is applied to the multiplier internally. 90° LP = 644uH reozsnos
phase shift is accomplished with the L/C Q =~ 20 Figure 5. General Equations

tuned circuit connected directly to Pin 8 and

For Quadrature Coil
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Low power FM IF system

NE614

The quadrature coil or crystal/ceramic dis-
criminator affects three system parameters:
Bandwidth, linearity, and detected signal am-
plitude. Figure 6 shows three quadrature
curves.

Curve A has the most narrow bandwidth and
high peak-to-peak output versus frequency
deviation corresponding to a high Q network.
Curve C is very low Q with good linearity and
shows how very large deviations can be
processed. Curve B shows how the quadra-
ture network can cause non-linearity in the
detected output. A typical loaded Q for the
455kHz quadrature coil of Figure 4 is 20.
Using the test circuit of Figure 4 with an input
of —47dBm, the recovered audio is typically
90mV,ys with —35dB distortion.

While the NE614 was designed principally for
FM applications, the detector can be used for
synchronous amplitude demodulation if the
carrier is limited through the internal circuitry
and AGC'd external to the device. The AGC'd
signal is applied to Pin 8 instead of a quadra-
ture signal. The signal strength indicator can
control AGC. A low pass filter on the output
completes the demodulator. Figure 7 shows
the equivalent circuit.

+90°
afBs” 2
4 /
w Vs
3
4
w 0
17
H
a /
4 /'
S I——NON-LINEAR
oo eeZ’
RESONANCE

——— FREQUENCY —»
0P01460S

Figure 6. Quadrature

Audio Mute

An electronic switch permits muting or
squelch of one of the demodulated outputs.
The data (unmuted output) and audio (muted
output) both have 50k2 output impedance
and their detected signals are 180 degrees
out of phase with each other. The mute input
(Pin 3) has a very high impedance and is
compatible with three and five volt CMOS and
TTL levels. Little or no DC level shift occurs
after muting when the quadrature detector is
adjusted to the IF center frequency. Muting
will attenuate the audio signal by more than
60dB and no voltage spikes will be generated
by muting.

Signal Strength Indicator

The logarithmic signal strength indicator is a
current source output with maximum source
current of 50 microamps. The signal strength
indicator's transfer function is approximately
10 microamps per 20dB and is independent
of IF frequency. The interstage filter must
have a 6dB insertion loss to optimize slope
linearity.

MIXER

l FILTER l

LINEAR

\

=]

16 14 12

> NE614

Figure 7. Synchronous AM Detection

AuDIO
OuTPUT

TC025208
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NE614
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Figure 8. NE614 Indicated Gain
vs Temperature and Voltage

Figure 9. NE614 Signal-To-Noise
Ratio vs Temperature
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Figure 10. NE614 AM Rejection vs Temperature Figure 11. NE614 Audio Output vs Temperature
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Figure 13. RSSI vs Temperature

Figure 12. NE614 Data Output vs Temperature
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NE614
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Figure 14. NE614 SINAD vs Temperature and Vcc
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Figure 15. NE614 Supply Current vs Temperature
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Figure 16. NE614 Muting vs Temperature

-89.5

-90.0

-90.5

-91.0

|
-4
@n

RF LEVEL (dBm)

58 8

o o o
f’/

N

-93.5

-94.0
0 40 70
TEMPERATURE (°C)

OP01560S

Figure 17. NE614 Limiting RF Level vs Temperature
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Figure 19. NE614 Total Harmonic
Distortion vs Temperature
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Figure 20. NE614 Supply Current
vs Temperature. and Voltage
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Figure 21. Small Signal RSSI vs Temperature and Voltage
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Advance Information

NE5900

Call Progress Decoder

DESCRIPTION

The NE5900 call progress decoder is a
low cost, low power CMOS integrated
circuit designed to interface with a
microprocessor controlled smart tele-
phone capable of making pre-
programmed telephone calls. The call
progress decoder provides information
to permit microprocessor decisions
whether to initiate, continue, or termi-
nate calls. A tri-state, 3-bit output code
indicates the presence of dial tone, audi-
ble ringback, busy signal, or recorder
tones.

A front-end bandpass filter is accom-
plished with switched capacitors. The
bandshaped signal is detected and the
cadence is measured prior to output
decoding. In addition to the three data
bits, a buffered bandpass output and
envelope output are available. All logic
inputs and outputs can interface with
LSTTL, CMOS, and NMOS.

Circuit features include low power con-
sumption and easy application. Few and
inexpensive external components

BLOCK DIAGRAM CPD

are required. A typical application
requires a 3.58MHz crystal or clock,
470kQ resistor, and two bypass capaci-
tors. The NE5900 is effective where tra-
ditional call progress tones, PBX tones,
and precision call progress tones must
be correctly interpreted with a single cir-
cuit.

FEATURES

* Fully decoded tri-state call
progress status output

Works with traditional, precision,
or PBX call progress tones

Low power consumption

Low cost 3.58MHz crystal or clock
No calibration or adjustment
Interfaces with LSTLL, CMOS,
NMOS

* Easy application

APPLICATIONS

Modems

PBXs

Security equipment
Auto dialers
Answering machines
Remote diagnostics

PIN CONFIGURATION

D' and N Packages

SIGNAL °
INPUT v
ANALOG
veer [2H out
EXT CLOCK TRI-STATE
IN/XTALY ENABLE

xmaez [oH
rest v EH
ceear v [6H

COUNT IN
PROGRESS

~ BH

Hi5] enverore
E BIT 1
H] err2
BIT3

DATA
VALID

NE5900

TOP VIEW

Order Numbers
NES5900D NES900N

NOTES:

1. SOL — Released in large SO package
only.

2. SOL and non-standard pinout.

3. SO and non-standard pinout.

FILTER TEST OUT

0

ov VREF

5V

V‘VA‘ AV‘V‘ﬁ
1ok 10K TRI-STATE
ENABLE
NPUT >0 FILTER DETECTOR
o> EnveLope
] BIT1
3.58MHz IN [ >0 -—I_ l o >
TIMING DECODER — TRI-STATE > err2
3.58MHz 0UT <__Jo —l—_ | l l >
BIT3
TEST  CLEAR COUNTIN  DATA
PROGRESS  VALID
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NE5900

ABSOLUTE MAXIMUM RATINGS

PARAMETER RATING UNITS
Power Supply Voltage 9 \
Logic Control Input Voltages -03to +16 \
All Other Input Voltages' -0.3t0 Vg +0.3 \Y
Output Voltages -0.31t0 Ve +0.3 \
Storage Temperature -65to +150 °C
Operating Temperature Oto +70 °C
Lead Soidering Temperature (10 sec) +300 °C
Junction Temperature + 150 °C

NOTE:
1. Includes Pin 3 — Ext Clock In

ELECTRICAL CHARACTERISTICS

Unless otherwise stated Vpp = 5.0V, fogc = 3.58MHz 0°C, T, =70°C

SYMBOL PARAMETER TEST CONDITIONS LIMITS UNITS
Min Typ Max
Power supply voltage Functional 45 55 \Y
Quiescent current No input, no load 10 mA
Quiescent current No input, no load, T, =25°C 3 TBD mA
Input range‘ fin = 300 to 640Hz, ENV output = 1 -40 0 daB
Signal rejection All frequencies, ENV output =0 -50 dB
Low frequency rejection Input = 0dB max, ENV output=0 180 Hz
High frequency rejection Input = 0dB max, ENV output =0 800 Hz
Vi Logic 1 input voltage Pins 6, 14 2.0 15 v
Vi Logic 0 input voltage Pins 6, 14 0 0.8 \
hn Logic 1 input current Vi =5.0V Pins 3, 6, 14 1 wADC
I Logic 0 input current Viy=0V Pins 3, 6, 14 -1 wADC
Vi Osc (Pin 3) EXT clock Vpp -1 Voo \
ViH Osc (Pin 3) EXT clock 0 1 \
Vo Isink = 1.6MA Pins 7, 9, 10, 11, 12, 13 0.4 v
VoH Isource = 0.5mA Pins 7, 9, 10, 11, 12, 13 46 \"
loz Tri-State leakage Vo = Vpp or OV Pins 10, 11, 12, 13 3.0 uA
Filter output voltage R, = 1MQ, f,\ = 480Hz, 0dB TBD Voo
Pin 1 input irnpedance2 f =500Hz 1 MQ
VRer 24 25 2.6 \"
Rrer 5 k2
teoLH TBD
teoHL TBD
NOTES:

1. 0dB =0.775V RMS
2. By design — not tested
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Call progress decoder

NES5900

TRUTH TABLE — DECODED OUTPUT Test and clear inputs low

BIT 1 BIT 2 BIT 3 DATA VALID TRI-STATE
Dial Tone 0 0 0 1 1
Ring 1 0 0 1 1
Busy 0 1 0 1 1
Reorder 0 0 1 1 1
Overflow 1 1 1 1 1
Count in Progress X X X X X
Outputs Disabled High Z High Z High Z X 0

DESCRIPTION OF OPERATION

The NES900 call progress decoder was
designed to accommodate the various call
progress tone systems which are presently in
use in the U.S. and many other parts of the
world. To identify dial tone, ringback, busy
signals, or reorder tones. the NE5S900 uses a

cadence counting technique. This eliminates
the problem of identifying the specific tones
by their individual frequencies, which are not
standard from system to system.

Figure 1 shows some of the call progress
tones which can be encountered when calling
from phone system to system within the U.S.

TONE FREQUENCY (Hz) CADENCE
PRECISION DIAL TONE 350 CONTINUOUS
+440
600
OLD DIAL TONES +120 OR 133, AND CONTINUOUS
OTHER COMBINATIONS
480 0.5SEC ON
PRECISION BUSY L 29 oesEc OFF
600 0.5SEC ON
OLD BUSY +120 0.5 SEC OFF
480 0.3SEC ON LOCAL
PRECISION REORDER +620 0.2 SEC OFF REORDER
600 02SEC ON TOLL
OLD REORDER +120 0.3 SEC OFF REORDER
0.25 SEC ON  TOLL
0.25 SEC OFF LOCAL
440 2SEC ON
PRECISION AUDIBLE RINGBACK oo 2eEe  oFF
420
OLD AUDIBLE RINGBACK +40 AND OTHER, o
COMBINATIONS
Figure 1. Call Progress Tones

Note that although the frequencies are not
standardized, the cadence or interruption
rate does not vary. Even the three types of
reorder tones share the same period of
0.5 sec.

Figure 2 shows a profile of the tone energy
described in Figure 1. Note the double ring
(audible ringback) which can be encountered
with PBXs.

CALL PROGRESS TIMING
TONES 2.3|SECONDS
o|seconos

AUDIBLE FiNG _%__E
71—

REORDER*

o|seconos

2.3|SECONDS

*120 INTERRUPTIONS/MIN.

Figure 2. Energy Profile of Call
Progress Timing
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NE5900

The NES900 uses the signal in the call pro-
gress tone passband and the cadence or
interrupt rate of the signal to determine which
call progress tone is present.

Figure 3 shows a detailed block diagram of
the NE5900.

The signal input from the phone line is coup-
led through a 470k resistor which, together
with two internal capacitors and an internal
resistor, form an anti-aliasing filter. The 470k
resistor also provides protection from line
transients.

Following this is a switched capacitor band-
pass filter which accepts call progress tones
and inhibits tones not in the call progress
band of 300Hz to 640Hz. The bandpass limits
are determined by the input clock frequency
of 3.58MHz. An on-board inverter between
pins 3 and 4 can be used either as a parallel
mode crystal oscillator or as a buffer for an
external 3.58MHz clock signal. The switched
capacitor filters provide typical rejection of
greater than 40dB for frequencies below
120Hz and above 1.6kHz.

The decoder responds to signals between
300Hz and 640Hz over an amplitude range of
0dB to -40dB (0dB=0.775VRMS). The
decoder will not respond to any signals below
- 50dB or to tones up to 0dB which are below
180Hz or above 800Hz. Dropouts of 20msec
or bursts of only 20msec duration are
ignored. A gap of 40msec or a valid tone of
40msec is detected.

The buffered output of the switched capacitor
filter is available at the analog output, pin 15.
A logic output representing the detected
envelope of this signal is available at the
envelope output, pin 13.

At the start of an in-band tone (envelope out-
put goes high), a 2.3-second interval is timed
out. Transitions of the envelope during this
interval are counted to determine the signal
present. At 2.3 seconds, the three bits of data
representing this decision are stored in the
la:ch and appear at the outputs. A data valid

signal goes high at this time, signaling that
the data bits, pins 10-12, can be read.

The output code is as follows:
PIN 12 PIN 11 PIN 10

DIAL TONE 0 0 0
RINGING SIGNAL 1 0 0
BUSY SIGNAL 0 1 0
REORDER TONE 0 0 1
OVERFLOW 1 1 1

The overflow condition occurs in the event
that too many transitions occur during the
2.3-second interval. This can result from
noise, voice, or other line disturbances not
normally present during the post-dialing
interval.

The clear input resets all internal registers
and the output latch, and is to be set low after
the completion of dialing. The test pin is for
production test only and must be kept low in
all user applications.

WFER
sc
ANTI-ALIAS FILTER
ineut [>0———— “hiTer BANDPASS
LT FILTER / ouTPUT
I l ‘—1_0< I 5v
R1 &
3.58MHz IN [__>0——— S 10K
3.58MHz LOWPASS DIGITAL 3
OSCILLATOR FILTER DETECTOR [~
3.58MHz ouT <_Jo—1 4> veer
. R2 b
%; 10K
R o< ov
cLock DECODER ANALOG
ctear [0 DIVIDERS LOGIC DETECTOR [T
TRI-STATE
[ 0] enasLe
l L ‘ ___l__—oD ENVELOPE
COUNT IN 2.3.SECOND DECODER TRI-STATE  p————————_ > 8iT 1
procress <11 " rimer LATCHES BUFFERS
oata vaLp < Jo—— ——|—0D BIT 2
_‘-——D BIT3
Figure 3. Detailed Block Diagram CPD
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Call progress decoder

J L NE5900

Figure 4 shows a typical application of the call
progress decoder.

In this application only one external compo-
nent is needed and no microprocessor activ-
ity other than clear is required.

Figure 5 shows the recommended direct
interface to the telephone line. Bus connec-
tion is possible by utilizing tri-state. and inter-
nal timing is accomplished with a 3.58MHz
crystal

The designer can utilize the input signal.
clock. bus, or microprocessor interface which
best serves the application. Figure 6 gives a
typical timing diagram for the application of
Figures 4 and 5.

70 EAR-PIECE

Co——an—

l 470K !
|
3semHzIN[ >O0— 43

o] sv

———A"> e

—oD ENVELOPE

———o > s
———o > 83

——————_> INTeRRUPT

o> staRt

Figure 4. Typical Application

o< ] cLEAR

T

Figure 5. Typical Two-Wire Application

E1
100K RS [\ ]
INt c1 Rt AAA- 1 16 -——o<j 5v
>o—| 10N N 478K
100K 2 15 b—0O
o 3 14 f———0<_] ENABLE
N2 13 f——o[ > enveLore
oo F2n ” L
Y A 5 —d >
100K 100K . DECODED
R3 5 6 n o > poureurs To
S 100K B: PROCESSOR
3 R6 2 10M 4 " o>
<
2
— 9 }——o > INTERRUPT
J_ ¢ o > sTaRT
c3 3.58MHz
CRYSTAL —0<_] cLEAR
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NES5900 J L
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specifications are subject to change without notice.

DEVELOPMENT DATA JL
This data sheet contains advance information and OM8200

LOW COST SPEECH DEMONSTRATION BOARD

GENERAL DESCRIPTION

The low cost speech demonstration board is designed to add voice output to existing card based
electronic equipment with the minimum of additional effort and components. The majority of
components used are of the CMOS type with low power consumption making the board suitable
for battery operation.

Applications include speech evaluation and speech demonstration.

FEATURES

® PCF8200 speech synthesizer

— Male and female speech of very high quality

— CMOS technology

— Extended operating temperature range

— Programmable speaking speed
® Low current consumption

— All major components use CMOS technology

(PCF8200, 80C39 and 27C64)

® Very large vocabulary up to 12 minutes

— 4 EPROM sockets

— EPROM selection for 27C16 to 27C256

— Low data rates for synthesizer (average 1500 bits per second)
® Easy interfacing

— 8-bit parallel data bus/key switch input

— Volume control, speaker connection

— Control signals (e.g. RESET, BUSY etc etc)
® Simple operating modes

— ROM selection

— Word sequence within a ROM

— Repeat last utterence

— Control software is readily customizeable

— To implement parameter download from external source
® Single Eurocard size PC board
® Single +5 V supply
® Low cost

APPLICATIONS
® OEM design-in
® May be simply used with many card systems for speech evaluation

® Speech demonstration
— Particularly simple when used with the OM8201 (Speech Demonstration Box)
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Low cost speech demonstration board OM8200

DEVELOPMENT DATA

OPERATION
HARDWARE DESCRIPTION

The main controlling microprocessor is an 80C39 running at 6 MHz. This device supplies all of the
main controlling signals for the board operation and the interfacing to any external system.

Four sockets are provided for EPROMS which contain speech coding. These may be 27C16 types,
through to 27C256 types; the sockets will be a low insertion force type to allow for easy customizing.
The board will be supplied with one socket occupied by a 27C64 which will contain the control
program and some speech examples. All four EPROM sockets must contain the same EPROM type.

The speech synthesizer PCF8200 converts the coding into a speech output. This synthesizer has been
designed to simulate the human vocal tract using five formants for male and four formants for female
speech. Periodic updating of the parameters for these formants can produce very high quality speech.
The output of the synthesizer can be fed into an audio amplifier, TDA7050, via a resistor-capacitor filter
network which provides a frequency cut-off above 5 kHz of about 25 dB. The configuration of the
audio amplifier used on this board gives an output of 140 mW peak power into a 25 £2 speaker from
a5V supply.

Connections are made to the board via a standard DIN/IEC connector. This allows access to the

8-bit parallel data bus so that speech coding from an external source may be used, if implemented,
and allows the selection of speech phrases by an external system, such as a microcomputer or even a
bank of switches. The same connector also permits the addition of a volume control, loudspeaker, a
high impedance audio output, and power supply. The control signals RESET, BUSY, WAIT and DS
are also taken to the outside of the board. There is also a loudspeaker plug on the board.

All components are contained on a standard single Eurocard, and therefore suitable for rack mounted
equipment.

SOFTWARE DESCRIPTION

All the software required to operate the board is contained in the only EPROM supplied. The software
is written in modular from so that it is possible for a customer to alter or add to any particular function
which suits his applications. An industrial standard microprocessor was chosen so that readily available
development systems could be used to facilitate this modification.

There are four main modes of operation:

— ROM Selection

— Word Sequence

— Repeat Word

— Speaking Speed Selection

These modes are all controlled by software.

ROM Selection mode permits access to an individual EPROM and pronounces the first utterence
from that EPROM.

Word Sequence gives the next word (activated by repeated access to the same EPROM) and if continually
exercised will keep looping on the words in that EPROM.

The Repeat Word command allows indefinate repetition of the last utterance pronounced.
The Speaking Speed Selection allows the utterence to be pronounced at a different speed.

The softyare also controls the address sequencing within the utterance and ensures that the required
data is supplied to the synthesizer.
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There are also some examples of words/utterences encoded in the remainder of the supplied EPROM.
These words are intended for demonstration purposes and will show the features of the synthesizer
when selected. The main features being illustrated are:

— Male speech in several languages
— Female speech in several languages
— Programmable speaking speed

ORDERING INFORMATION

Product name: Low Cost Speech Demonstration Board
Type number: 0OM8200
Ordering code: 9337 541 30000

Orders should be placed with your local Philips/Signetics agency.
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DEVELOPMENT DATA
This data sheet contains advance information and OM8210

specifications are subject to change without notice.

SPEECH ANALYSIS/EDITING SYSTEM

GENERAL DESCRIPTION

The OM8210 is a speech analysing/editing system, and comprises of a speech adapter box and associated
software. The system uses either the HP9816S or IBM-PC personal computer.

The OM8210 and the computer function together to produce speech coding for the PCF8200.

The system has many commands available, mostly single key operations, which gives it flexability.

FEATURES

Input sampling of analogue speech signals

Speech analysis

Graphic parameter representation

Parameter editing screen

Conversion of parameters to PCF8200 synthesizer
EPROM programming

Parameter storage on floppy disc

Speech output via PCF8200 voice synthesizer

ANALOGUE CARD
.4
f‘*~\, 4 8
C)‘£> z »] = || ADC A
level ? e
O‘] :] t] . . : i
ANALOGUE 3
" wux ¢ DAC |+~
) - CONTROL J
volume T NTRG
4 ”
1EC625/
IEEE488
L 8 PERSONAL
YNTHESIZER |
° NCA?% NS COMPUTER
«—
28-pi 28 PROM 8
28— Pin | ——~——»| PROGRAMMER ¢ > .
CARD
SPEECH ADAPTER BOX
oms8210
7287995

Fig. 1 Block diagram.
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HARDWARE DESCRIPTION

The hardware for the OM8210 is contained in an attractive box with access to all the interconnections
(IEC 625, interface loudspeaker, headphones, tape input, and EPROM socket), from the front panel.
There are four single Eurocards and a power supply forming the speech adapter box.

These cards are:

— Analogue Card

— Synthesizer Card

— EPROM Card

— Control Card

Analogue Card

On this card, the level of the recorded audio input signal is adjusted by an electronic potentiometer.
Before the audio is sampled, frequencies higher than half the sampling frequency are removed by a
switched capacitor filter of the type normally used for codecs. A 12-bit analogue-to-digital converter
(ADC) produces the digital samples that are sent to the control card. An 8-bit digital-to-analogue
converter (DAC) on the analogue card allows the sampled speech to be output. The audio input signal,
the sampled speech and the synthesized speech are selected by an analogue multiplexer, filtered,

and adjusted for volume before reproduction by a loudspeaker.

The use of integrated electronic potentiometers and codec filters substantially reduces the number

of components required while maintaining high performance.

Synthesizer Card

This card accommodates the PCF8200 voice synthesizer and a small amount of peripheral components
and a socket for the MEA80O0O voice synthesizer.

EPROM Programmer Card

This card allows four different types of EPROM (2716, 2732, 2732A and 2764) to be programmed
under software control. All the hardware to generate the programming voltages and the programming
waveforms are on this card. :

Control Card

This card performs three functions:

— |EC 625/I1EEE 488 interface

— Control sequencer

— Clock generator

The IEC/IEEE interface is a simple talker/listener implementation with a HEF4738 circuit.

An FPLA control sequencer provides the handshake signals for IEC/IEEE interface and the chip
enable signals for the rest of the system (the ADC, the DAC, the synthesizer and control circuits).

The filter sampling frequency is generated with a software programmable PLL frequency synthesizer.
The speech sampling frequency is derived from the filter sampling frequency by frequency division.
Hence, the filter frequency cut-off and the sample rate of the ADC and the DAC are automatically
linked.

The hardware includes all the necessary cables, adapter plug, loudspeaker, headphone and power supply.
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Speech analysis/editing system OM8210

DEVELOPMENT DATA

SOFTWARE DESCRIPTION

The software for this speech coding system has been developed and arranged for optimum user
convenience. There are eight modes available.

Each mode and each command in the mode is selected by single key entries. Commands that can
destroy data have to be confirmed before they are executed. More than 100 commands are available.
The modes are:

Sample Mode Samples and digitizes the recorded speech, the amplitude can be checked and
speech segments selected. The sampled speech is stored in a memory and can
be displayed or made audible.

Analysis Mode Generates speech parameters from samples. The analysis selects the voiced/
unvoiced sections, extracts the formants (5 for male and 4 for female),
amplitude, and the pitch, and quantisizes the speech parameters.

Parameter Speech parameters are displayed graphically on the VDU and can be edited to
Edit Mode correct errors in the analysis, improve speech quality by altering contours,
or amplitudes, concatenate sounds and optimize data rate by editing the frame
duration.
Code Mode Generates PCF8200 code and permits the arrangement of utterences in the

optimum order of application. This mode also generates the address map at the
head of the EPROM.

EPROM Mode Used to program/read EPROMS with data for the code memory also possible is
a new check, bit check and verification commands.

File Mode Stores speech parameters or codes on disc, can also assemble code speech segment
from an already existing library.

Media Mode For diskette initialization and making back-up copies.

Option Mode Allows the system configuration to be read or changed.

The software is supplied on two diskettes, one labelled ‘BOOT’ which wakes up the system and also
contains the system library routines. The other diskette labelled ‘SPEECH’ contains the speech pro-
gram, the disc initialization and the file handler programs. The ‘BOOT’ disc is not required during
operation, giving a free disc drive with the system for a diskette to store speech parameter files.

Computer System

The following equipment is required to make a complete Hewlett Packard based editing system:
— HP9816S-630 (optimum computer type) or HP9817

— HP9121D (dual floppy disc)

— Additional memory card for the HP9816S (512 K bytes total required)

The following equipment is required to make a complete IBM based editing system:
— IBM-PC or PC-XT or Philips P3100

— Additional memory (512 K recommended)

— Display graphics card (Hercules monochrome)

— |IEEE488 card (Tecmar Rev. D.)

ORDERING INFORMATION

Product name: Speech Analysis/Editing System
Type number: OoM8210
Ordering code: 9337 56150112

The computer system should be purchased from your local agents.
The OM8210 should be ordered through your local Philips/Signetics agent.
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specifications are subject to change without notice. PCB80C51BH

SINGLE-CHIP 8-BIT MICROCONTROLLER

DESCRIPTION

The PCB80C51 family of single-chip 8-bit microcontrollers is manufactured in an advanced CMOS
process. The family consists of the following members:

® PCB80OC31BH: ROM-less version of the PCB80OC51BH
® PCBBOC51BH: 4 K bytes mask-programmable ROM, 128 bytes RAM

In the following, the generic term "PCB80C51BH"" is used to refer to both family members.

The device provides hardware features, architectural enhancements and new instructions to function
as a controller for applications requiring up to 64 K bytes of program memory and/or up to 64 K
bytes of data storage.

The PCB80C51BH contains a non-volatile 4 K x 8 read-only program memory (not ROM-less version);
a volatile 128 x 8 read/write data memory; 32 1/0 lines; two 16-bit timer/event counters; a five-source,
two-priority-level, nested interrupt structure; a serial I/0O port for either multi-processor communica-
tions, 1/0 expansion, or full duplex UART; and on-chip oscillator and timing circuits. For systems
that require extra capability, the PCB80C51BH can be expanded using standard TTL compatible
memories and logic.

The PCB80C31BH/80C51BH has two software selectable modes of reduced activity for further power
reduction — Idle and Power Down.

The Idle modes freezes the CPU while allowing the RAM, timers, serial port and interrupt system to
continue functioning.

The Power Down mode saves the RAM contents but freezes the oscillator causing all other chip
functions to be inoperative.

The device also functions as an arithmetic processor having facilities for both binary and BCD
arithmetic plus bit-handling capabilities. The instruction set consists of 255 instructions; 44% one-byte,
41% two-byte and 15% three-byte. With a 12 MHz crystal for example, 58% of the instructions are

executed in 1 us and 40% in 2 us. Multiply and divide instructions require 4 us. Multiply, divide, subtract

and compare are among the many instructions added to the standard PCB80C48 instruction set.
Software development to be announced: PCB85C51 in piggy-back.

Features
® 4 K x 8 ROM (80C51BH only), 128 x 8 RAM ® 58% of instructions executed in 1 us;
® Four 8-bit ports, 32 1/0 lines multiply and divide in 4 us; all others
® Two 16-bit timer/event counters executed in 2 us (at 12 MHz clock)
® Full-duplex serial port ® Enhanced architecture with:
® External memory expandable to 128 K, external non-page-oriented-instructions
ROM up to 64 K and/or external RAM up to 64 K direct addressing
® Boolean processing four 8-byte + 1-byte register banks
® 218 bit-addressable locations stack depth up to 128-bytes
® On-chip oscillator multiply, divide, subtract and compare
® Five-source interrupt structure with two priority instructions.
levels ® Available as

PCB80C51/C31BH with 1,2 to 16 MHz
PCF80C51/C31BH with 1,2 to 12 MHz

PACKAGE OUTLINES

PCB/PCF80C31BH/51BHP: 40-lead DIL; plastic (SOT-129).
PCB/PCF80C31BH/51BHWP: 44-lead PLCC; plastic, leaded-chip-carrier (SOT-187A).
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PCB80C51BH
frequency
reference counters
f—_“""&_ﬁ T N
XTAL2  XTAL1 TO T1
.
A A v
OSCILLATOR PROGRAM DATA TWO 16-BIT
AND MEMORY MEMORY TIMER/EVENT
TIMING (4K x 8 ROM) (128 x 8 RAM) COUNTERS
AN PN
PCB80C31BH
- - PCB80C51BH
cPU <
il
A4 AV
64 K-BYTE BUS PROGRAMMABLE
EXPANSION PROGRAMMABLE 1/0 Ut s EORT,
internal CONTROL SYNCHRONOUS SHIFT
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INTO INT1 control parallel ports, serial in serial out
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external interrupts and 1/0 pins
Ve *+5Y MAIN SUPPLY 7287544.1F
POWER | S
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(1) PCB80C51BH only.
Fig. 1 Block diagram.
type temp. range frequency range IcCmax at 55V
PCB80C51BH
—-700 1,2 — 16 MHz 23 mA*
PCB80C31BH 0 0°C !
PCF80C51BH %
—40 — +850C 1,2 - 12 MHz 18 mA
PCF80C31BH 40 85 !

* Preliminary value.
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DEVELOPMENT DATA |
This data sheet contains advance information and E PC88582
specifications are subject to change without notice. BUB

STATIC CMOS EEPROM (256 x 8 BIT)

GENERAL DESCRIPTION

The PCB8582 is a 2K-bit 5 V electrically erasable programmable read only memory (EEPROM)
organized as 256 by 8 bits. It is designed in a floating gate CMOS technology.

As data bytes are received and transmitted via the serial 12C bus, an eight pin DIL package is sufficient.
Up to eight PCB8582 devices may be connected to the 12 C bus.

Chip select is accomplished by three address inputs.

Features

Non-volatile storage of 2K-bit organized as 256 x 8
Only one power supply required (5 V)

On chip voltage multiplier for erase/write

Serial input/output bus (1?C)

Automatic word address incrementing

Low power consumption

One point erase/write timer

Power on reset

10 000 erase/write cycles per byte

10 years non-volatile data retention

Infinite number of read cycles

Pin and address compatible to PCF8570, PCF8571 and PCD8572

® A version for extended temperature range; —40 to + 85 OC in preparation: PCF8582.

PACKAGE OUTLINE
PCB8582P: 8-lead DIL; plastic (SOT-97AE).
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Static CMOS EEPROM (256 x 8 bit) PCB8582

DEVELOPMENT DATA

U 1 A0
gl VvV
Ao E :] eP 2 A1 address inputs/test
a1 [2] [7] Re 3 A2 mode select
PCB8582
A2 [3] 6] scL g ggi ground
2 .
Ves IZ =1 soa 6 SCL 12 C bus lines
7 RC input for timer constant

7287969

8 VpD positive supply
Fig. 2 Pinning diagram.

FUNCTIONAL DESCRIPTION

Characteristics of the 12C bus

The 12C bus is intended for communication between different ICs. The serial bus consists of two
bi-directional lines, one for data signals (SDA), and one for clock signals (SCL). Both the SDA and the
SCL lines must be connected to a positive supply voltage via a pull-up resistor.

The following protocol has been defined:

Data transfer may be initiated only when the bus is not busy.

During data transfer, the data line must remain stable whenever the clock line is HIGH. Changes in the
data line while the clock line is HIGH will be interpreted as control signals.

Accordingly, the following bus conditions have been defined:

Bus not busy: both data and clock lines remain HIGH.

Start data transfer: a change in the state of the data line, from HIGH to LOW, while the clock is HIGH
defines the start condition.

Stop data transfer: a change in the state of the data line, from LOW to HIGH, while the clock is HIGH,
defines the stop condition.

Data valid: the state of the data line represents valid data when, after a start condition, the data line

is stable for the duration of the HIGH period of the clock signal. The data on the line may be changed
during the LOW period of the clock signal. There is one clock pulse per bit of data.

Each data transfer is initiated with a start condition and terminated with a stop condition; the number
of the data bytes, transfered between the start and stop conditions is limited to two bytes in the
ERASE/WRITE mode and unlimited in the READ mode. The information is transmitted in bytes and
each receiver acknowledges with a ninth bit.

Within the 12 C bus specifications a low-speed mode (2 kHz clock rate) and a high-speed mode (100 kHz
clock rate) are defined. The PCB8582 works in both modes.

By definition a device that gives out a signal is called a ""transmitter’’, and the device which receives

the signal is called a "'receiver’’. The device which controls the signal is called the "master”. The devices
that are controlled by the master are called “’slaves”’.

Each word of eight bits is followed by one acknowledge bit. This acknowledge bit is a HIGH level put
on the bus by the transmitter whereas the master generates an extra acknowledge related clock pulse.
A slave receiver which is addressed is obliged to generate an acknowledge after the reception of each
byte.

Also, a master receiver must generate an acknowledge after the reception of each byte that has been
clocked out of the slave transmitter.

The device that acknowledges has to pull down the SDA line during the acknowledge clock pulse in
such a way that the SDA line is stable LOW during the high period of the acknowledge related clock
pulse.

Set-up-and hold times must be taken into account. A master receiver must signal an end of data to the
slave transmitter by not generating an acknowledge on the last byte that has been clocked out of the
slave. In this case the transmitter must |eave the data line HIGH to enable the master generation of the
stop condition.
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Note

The general characteristics and detailed specification of the 12C bus are described in a separate data
sheet (serial data buses) in handbook: ICs for digital systems in radio, audio and video equipment.

12C bus protocol

The 12C bus configuration for different READ and WRITE cycles of the PCB8582 are shown in
Fig. 3, (a) and (b).

acknowledge acknowledge acknowledge acknowledge
from slave from slave from slave from slave
T T T T T T T T T T T T T T T T T T T T T T T T 71 T
— FJ SLAVE ADDRESS TOlAl WORD ADDRESS 1A1 DATA |Ai DATA | A| PJH)
i S I S - 1 i 1 1 1 1 1 1 1 L 1 1 L 1 1 ) I 1 1 1 1
7294117.1 RIW auto increment auto increment
word address (2) word address (2)

Fig. 3(a) Slave receiver ERASE/WRITE mode.

1. After this stop condition the erase/write cycle starts and the bus is free for another transmission;
the duration of the erase/write cycle is approximatly 20 ms if only one byte is written, and 40 ms,
if two bytes are written. During the erase/write cycle the slave receiver does not send an acknow-
ledge bit if addressed via 12 C bus.

2. The second data byte is voluntary. Trying to erase/write more than two bytes is not allowed.

acknowledge acknowledge acknowledge acknowledge
from slave from slave from slave from master

lis—l’ SLAVE ADDRESS OIAI WORD ADDRESS lA]Sl SLAVE ADDRESS™ 1|A
PR N P I PR

— T T

oATA |, |aF-2s

— T

PR

at this moment master

R/W transmitter becomes R/W n bytes I
master receiver and _ auto increment
PCB8582 slave receiver -
7287032.4 becomes slave transmitter word address

no acknowledge
from master

o]

L last byte il i

auto increment
word address

Fig. 3(b) Master reads PCB8582 slave after setting word address.
(WRITE word address; READ data).

Note: The slave address is defined in accordance with the 12C bus specification as:

1101 1] 0|A2|A1| AO|R/W
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Static CMOS EEPROM (256 x 8 bit)

PCB8582

DEVELOPMENT DATA

acknowledge
from slave

acknowledge
from master

no acknowledge
from master

T T L
| S l SLAVE ADDRESS IIAI DATA
PR R M-

| I |
AL e

R/W n bytes

7287033.4

auto increment
word address

L last byte
] I

auto increment
word address

Fig. 3(c) Master reads PCB8582 slave immediately after first byte (READ mode).

12C bus timing
Fig. 4 shows the 12bus timing.

1BUF —» — tow |- tg - B
scL
—=| tHD;STA |=— ; -~ > thigH
R -— —
HD;DAT tsu;DAT
SDA
7287013.1 —> -~ —’I I‘—
' tsu;sTA tsu;sTO
Fig. 4 Timing requirements for the 12C bus.
RATINGS
Limiting values in accordance with the Absolute Maximum System (IEC 134)
Supply voltage VDD —0,3to7 V
Voltage, on any input pin
(input impedance 500 £2) 2 Vss—0,8 to Vpp +0,8 V
Operating temperature range Tamb 0to +70 ©C
Storage temperature range Tstg —65 to +150 ©0C
Current into any input pin I 1 mA
Output current lo 10 mA
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CHARACTERISTICS

VpD=5V;Vss=0V; Tamp = 0to+ 70 OC, unless otherwise specified.

parameter symbol min. typ. | max. unit
Operating supply voltage VDD 4,5 5 5,5 \Y
Operating supply current, READ i
—> (fsLc = 100 kHz) IDDR - 0,1 0,2 mA
—s| Operating supply current, WRITE/ERASE IDDW - 1 2 mA
—| Standby supply current (Vpp =5 V) IpDO - 5 10 HA
——| Input SCL and input/output SDA
Input/output SDA:
Input voltage LOW ViL -0,3 - 1,6 \)
Input voltage HIGH VIH 3 - |Vppt0.8|V
Output voltage LOW \Y
(loL=3mA,Vpp=4,5V) VoL - - 04 \Y%
Output leakage current HIGH (VoH = VpD) IOH - - 1 HA
Input leakage current
(A0,A1,A2, SCL), (note 1) N - — 1 uA
Clock frequency fscL 0 - 100 kHz
Input capacity (SCL,SDA) Ci - - 7 pF
Noise suppression time constant
at SCL and SDA input 1) 0,25 0,6 1 us
Time the bus must be free before a new
transmission can start tBUF 4,7 - -
Hold time start condition. After this period
the first clock pulse is generated tHDSTA 4 - -
The LOW period of the clock tLOW 4,7 - - Ms
The HIGH period of the clock tHIGH 4 - - us
Set-up time for start condition (only
relevent for a repeated start condition) tSU: STA 4,7 - - us
Hold time DATA for:
CBUS compatible masters tHD; DAT 5 - - 7]
12 C devices (note 2) tHD; DAT 0 - - us
Set-up time DATA tsuU; DAT | 250 - - ns
Rise time for both SDA and SCL lines tR - — 1 us
Fall time for both SDA and SCL lines tfp - - 300 ns
Set-up time for stop condition tSU; STO 4,7 - - us
Erase/write timer constant (note 3)
Erase/write cycle time tE/W 20 - | 100 ms
Erase/write timing capacitor for
erase/write cycle of 30 ms CE/w - 33 - nF
Erase/write timing resistor for
erase/write cycle of 30 ms RE/W - 56 - kQ
Data retention time ts 10 — - years
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Static CMOS EEPROM (256 x 8 bit) PCB8582

DEVELOPMENT DATA

Notes to the characteristics

1. Selection of the chip address is done by connecting the AQ, A1, and A2 inputs either to Vgs or Vpp.

2. A transmitter must internally provide a hold time to bridge the undefined region (maximum 300 ns)
of the falling edge of SCL.

3. Endurance (number of erase/write cycles), NE/W, is 10* E/W cycles.

Philips” 12C patent to use the components in the 12 C-system
provided the system conforms to the 12 C specifications defined

BUS| . rhiips

D@ Purchase of Philips® 12 C components conveys a license under the
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specifications are subject to change without notice.

DEVELOPMENT DATA
This data sheet contains advance information and PCD3310

PULSE AND DTMF DIALLER WITH REDIAL

GENERAL DESCRIPTION

The PCD3310 is a single-chip silicon gate CMOS integrated circuit with an on-chip oscillator for a
3,68 MHz crystal. It is a dual-standard dialling circuit for either pulse dialling (PD) or dual tone multi-
frequency (DTMF) dialling.

Input data is derived from any standard matrix keyboard for dialling in either DP or DTMF mode.
Numbers of up to 23 digits can be retained in RAM for redial and notepad facilities.

In DTMF mode bursts as well as pauses are timed to a minimum, in manual dialling the maximum
depends on the key depression time.

Features

Pulse and DTMF dialling
23-digit capacity for redial operation (cursor method)
Memory clear and electronic notepad
Mixed mode dialling; start with PD and end with DTMF dialling
Dual redial buffers for PABX and public calls
Four extra function keys; program, flash, redial, PD to DTMF (mixed dialling)
DTMF timing:

manual dialling — minimum duration for bursts and pauses

redialling — calibrated timing
On-chip voltage reference for supply and temperature independent tone output
On-chip filtering for low output distortion (CEPT CS 203 compatible)
On-chip oscillator uses low-cost 3,58 MHz (tv colour burst) crystal
Uses standard single-contact or double-contact (common left open) keyboard
Keyboard entries fully debounced
Flash (register recall) output

QUICK REFERENCE DATA

Operating supply voltage VpD 25t06,0 V
Standby supply voltage \ Vbpo 1,8t06,0 V
Low standby current (on hook) at Vppo = 1,8 V ippoO max. 5 uA
Operating currentsat Vpp =3,0 V

conversation mode IppC max. 160 pA

pulse dialling mode IpppP max. 200 pA

DTMF dialling mode IDDF max. 1,2 mA
DTMF output voltage level (r.m.s. values)

HIGH group VHG(rms) typ- 192 mV

LOW group VLG(rms) typ. 150 mV
Pre-emphasis of group AVg typ. 2,1 dB
Total harmonic distortion THD —25 dB
Operating ambient temperature range Tamb —25to0 +70 ©C

PACKAGE OUTLINES

PCD3310P: 20-lead DIL; plastic (SOT-146).
PCD3310T: 28-lead mini-pack; plastic (SO-28; SOT-136A).
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ROWS5 ROW3  ROW1  COL2 coL4 FLD CF M1 CE 0scl  0sco

Fig. 1 Block diagram; PCD3310P.
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CMOS pulse and DTMF dialler with redial

PCD3310P

DEVELOPMENT DATA

osci [1 U [20]0sco
PD/DTMF [ 2 [19]vpp

Ece
[17]m1

TONE 3|
Vss E

FLO[5 | [16]oP/FLO
PCD3310P
ROW 5[ 6 | [15]cF
Row 4[7 | [14]coL 4
Row 38 | [13]coL 3
Rrow 2[ 9 | [12]coL 2
row 1[10] [11]coL 1
7280591.1

Fig. 2 Pinning diagram; PCD3310P.

PINNING
1 0OSCl
2 PD/DTMF
3 TONE
4 Vgg
5 FLD
6 ROW 5
7 ROW 4
8 ROW 3
9 ROW 2
10 ROW 1
11 coL1
12 COL2
13 coL3 |
14 COL 4
15 CF
16 DP/FLO
17 M1
18 CE
19 Vpp
20 0sco

oscillator input

select pin; pulse or DTMF
dialling

single or dual tone frequency output
negative supply
flash duration control input/output

scanning row keyboard input/outputs

sense column keyboard inputs
with internal pull-ups

330 Hz confidence tone output to
provide audible feedback of key
entries

dialling pulse and flash output
muting output

chip enable input

positive supply

oscillator output
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J tgge; Jaquwiadeg Z€L

PD & FLASH LOGIC Rl DP/FLO
PCD3310T ~ I
PD
CODE CONVERTER . 2 =
1] > TIMING CONTROLLER < > PD/DTMF
oUTPUT T I DTMF I g
DTMF HIGH GROUP DTMF LOW GROUP
COUNTER/CONTROLLER COUNTER/CONTROLLER
MAIN | ADDRESS CP%L,’,L“:EE: I\/l I\/[
REGISTER | DECODING | conTROLLER VOLTAGE DAC bAC 27
REF. + “—+—Vop
oUTPUT HIGH , Low
VREF
el ' 1 i} ]
TEMPORARY ss
REGISTER
POWER l\ 3
ON 4 > TONE
INPUT RESET l/
KEYPAD < CoNTROL |, RE'S“S gﬁiv B OSCILLA-
INTERFACE/LOGIC LOGIC SOUNTER TOR
A A a A r N y 'y F N 'y y A
A 4 Yy v v
Yo Yo Yiz Yi3 Yia 15 e [z |ie Ys 20*24 23 22‘_]26 1 )
rowa | Row2 | coL1 | coL3 1 1280884.1
ROW5  ROW3 ROW1  COL2 coL4 FLD CF M1 M1 M2 CE 0sSCl  0SCO :

Note: Pins 4, 6, 7, 11, 18 and 25 are not connected.

Fig. 3 Block diagram; PCD3310T.
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CMOS pulse and DTMF dialler with redial

PCD3310T

DEVELOPMENT DATA

osci [ 1] U

28] 0sco
PO/DTMF [ 2 | 27] Voo
TONE[ 3| 26]CE
n.c. E 25| n.c.
Vss E 24| M1
ne. 6] 23| M1
nc.| 7 22|M2
o] PCD3310T oririo
rRow 5[ 9 | 20]CF

ROW 4 [10 19]coL 4
ne. [11] 18] n.c.
ROW 3 [12 [17]coL 3
row 2[13] [16]coL 2
ROW 1[14 [15]coL 1

7280592.1

Fig. 4 Pinning diagram for PCD3310T.

PINNING
1 OSCI
2 PD/DTMF
3 TONE
4 n.c.
5 Vss
6 n.c
7 n.c.
8 FLD
9 ROWS }
10 ROW4 |
11 n.c.
12 ROW3 I
13 ROW2 ¢
14 ROW 1 I
15 COL1
16 COL2
17 COL3
18 n.c.
19 COL4
20 CF
21 DP/FLO
22 M2
23 M1
24 M1
25 n.c.
26 CE
27 VpD
28 0SCo

oscillator input

select pin; pulse or DTMF

dialling

single or dual tone frequency output
not connected

negative supply

not connected

not connected

flash duration control input/output

scanning row keyboard input/outputs

not connected

scanning row keyboard input/outputs

sense column keyboard inputs
with internal pull-ups

not connected

sense column keyboard input
with internal pull-up

330 Hz confidence tone output to
provide audible feedback of key
entries

dialling pulse and flash output

strobe; active HIGH during transmission
inverted mute output

muting output

not connected

chip enable input

positive supply

oscillator output
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PCD3310

FUNCTIONAL DESCRIPTION

Power supply (Vpp; Vss)

The positive supply of the circuit (Vpp) must meet the voltage requirements as indicated in the
characteristics.

To avoid undefined states of the device when powered-on, an internal reset circuit clears the control
logic and counters.

If Vpp drops below the minimum standby supply voltage of 1,8 V the power-on-reset circuit inhibits
redialling after hook-off.

The power-on-reset signal has the highest priority it blocks and resets the complete circuit without delay
regardless of the state of chip enable input (CE).

Clock oscillator (OSCI, OSCO)

The time base for the PCD3310 for both PD and DTMF modes is a crystal controlled on-chip oscillator
which is completed by connecting a 3,58 MHz crystal between the OSCI and OSCO pins.

Chip Enable (CE)
The CE input enables the circuit and is used to initialize the IC.

CE = LOW provides the static standby condition. In this state the clock oscillator is disabled, all
registers and logic are reset with the exception of the Write Address Counter (WAC) and Temporary
Write Address Counter (TWAC) which point to the last entered digit (see Fig. 7). The keyboard input
is inhibited, but data previously entered is saved in the redial register as long as Vpp is higher than
VDDO(min)-

The current drawn is Ipp( (standby current) and serves to retain data in the redial register during
hook-on

CE = HIGH activates the clock oscillator and the circuit changes from static standby condition to the
conversation mode. The current consumption is Ippc until the first digit is entered from the keyboard.
Then a dialling or redialling operation starts. The operating current is Ippp if in the pulse dialling mode,
or IppgF if the DTMF dialling mode is selected.

If the CE input is taken to a LOW level for more than time t.q (see Fig. 11a, Fig. 11b and timing data)
an internal reset pulse will be generated at the end of the t,q period. The system changes to the static
standby state. Short CE pulses of < t,q will not affect the operation of the circuit and reset pulses

are not produced.

Mode selection (PD/DTMF)
PD mode

If PD/DTMF = Vgg the pulse mode is selected. Entries of non-numeric keys are neglected, they are
neither stored in the redial register nor transmitted.

DTMF mode

If PD/DTMF = Vpp the dual tone multi-frequency dialling mode is selected. Each non-function
pushbutton activated corresponds to a combination of two tones, each one out of four possible LOW
and HIGH group frequencies. The frequencies are transmitted with a constant amplitude, regardless of
power supply variations, and filtered off harmonic content to fulfil the CEPT CS 203 recommendations.

The transmission time is calibrated for redial. In manual operation the duration of bursts and pauses is
the actual pushbutton depress time, but not less than the minimum transmission time (t{) or minimum
pause time (tp).
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CMOS pulse and DTMF dialler with redial PCD3310

DEVELOPMENT DATA

Mixed mode

When the PD/DTMF pin is open-circuit the mixed mode is selected. After activation of CE or FL
(flash) the circuit starts as a pulse dialler and remains in this state until a non-numeric (A, B, C, D, *, #)
or the “>"" key is activated. Then the circuit changes over to DTMF dialling and remains there until FL
is activated or, after a static standby condition, CE is re-activated.

A connection between PD/DTMF pin and Vpp also initiates DTMF dialling. Chip enable, FL or a
connection of PD/DTMF pin to Vgg sets the circuit back to pulse dialling.

Keyboard inputs/outputs

The sense column inputs COL 1 to COL 4 and the scanning row outputs ROW 1 to ROW 5 of the
PCD3310 are directly connected to the keyboard as shown in Fig. 5.

All keyboard entries are debounced on both the leading and trailing edges for approximately time tg
as shown in Fig. 11. Each entry is tested for validity.

When a pushbutton is pressed, keyboard scanning starts and only returns to the sense mode after
release of the pushbutton.

ROWS COLUMNS
5 4 3 2 1 1 2 3 4

Lllll

1 2

4 (5|6 8B

718]9|C
|0 |H#]|D

P|FL| R[>

7280885 KEYBOARD

Fig. 5 Keyboard organization.

Row 5 of the keyboard contains the following special function keys:

® P memory clear and programming (notepad)

® FL flash or register recall

® R redial

® > change of dial mode from PD to DTMF in mixed dialling mode

In pulse dialling mode the valid keys are the 10 numeric pushbuttons (0 to 9). The non-numeric keys
(A, B, C, D, *, #) have no effect on the dialling or the redial storage. Valid function keys are P, FL and R.

In DTMF mode all non-function keys are valid. They are transmitted as a dual tone combination and
at the same time stored in the redial register. Valid function keys are P, FL and R.

In mixed mode all key entries are valid and executed accordingly.
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PCD3310

FUNCTIONAL DESCRIPTION (continued)

Flash duration control (FLD)

Flash (or register recall) is activated by the FL key and can be used in DTMF and pulse dialling mode.
Pressing the FL pushbutton will produce a timed line-break of 100 ms (min.) at the DP/FLO output.
During the conversation mode this flash pulse entry will act as a chip enable. This flash pulse duration
(tpL) is calibrated and can be prolonged with an external resistor and capacitor connected to the FLD
input/output (see Fig. 6).

The flash pulse resets the read address counter (RAC). Later redial is possible (see redial procedure with
the ““Flash” inserted telephone number). The counter of the reset delay time is held during the period
of tp.

100
nA R

----- =
FLD I l |
FLO trL > <tr pe> "

Where: tg g =~R.C

—

7280886

(a) (b)
Fig. 6 Flash pulse duration setting.

TONE output (DTMF mode)

The single and dual tones which are provided at the TONE output are filtered by an on-chip switched-
capacitor filter, followed by an on-chip active RC low-pass filter.

Therefore, the total harmonic distortion of the DTMF tones fulfils the CEPT CS 203 recommendations.
An on-chip reference voltage provides output-tone levels independent of the supply voltage. Table 1
shows the frequency tolerance of the output tones for DTMF signalling.

Table 1 Frequency tolerance of the output tones for DTMF signalling

row/ standard tone output frequency deviation
column frequency frequency
Hz Hz (1) % Hz

row 1 697 697,90 +0,13 +0,90
row 2 770 770,46 + 0,06 + 0,46
row 3 852 850,45 —-0,18 —1,55
row 4 941 943,23 +0,24 +2,23
col 1 1209 1206,45 —0,21 —2,55
col 2 1336 1341,66 +0,42 + 5,66
col 3 1477 1482,21 +0,35 +5,21
col 4 1633 1638,24 +0,32 + 5,25

(1) Tone output frequency when using a 3,579 545 MHz crystal.
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CMOS pulse and DTMF dialler with redial PCD3310

DEVELOPMENT DATA

When the DTMF mode is selected output tones are timed in manual dialling with a minimum duration
of bursts and pauses, and in redial with a calibrated timing. Single tones may be generated for test

purposes (CE = HIGH). Each row and column has one corresponding frequency. High group frequencies

are generated by connecting the column to Vgg. Low group frequencies are generated by forcing the
row to Vpp. The single tone frequency will be transmitted during activation time, but it is neither
calibrated nor stored.

Dial pulse and flash output (DP/FLO)

This is a combined output which provides control signals for proper timing in pulse dialling or for a
calibrated break in both dialling modes (flash or register recall).

Mute output (M1)

During pulse dialling the mute output becomes active HIGH for the period of the inter-digit pause,
break time and make time. It remains at this level until the last digit is pulsed out.

During DTMF dialling the mute output becomes active HIGH for the period of tone transmission and
remains at this level until the end of hold-over time. It is also active HIGH during flash and flash
hold-over time.

Mute output (M1)
Inverted output of M1. In the PCD3310P it is only available as a bonding option of M1.

Strobe output (M2)

Active HIGH output during actual dialling; i.e. during break or make time in pulse dialling, or during
tone ON/OFF in DTMF dialling.

Confidence tone output (CF)

When any of the keys are activated a square-wave is generated and appears at this output to serve
as an acoustic feedback for the user.
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PCD3310

DIALLING PROCEDURES (see also Figs 8, 9 and 10)

Dialling

After CE has risen toVpp the oscillator starts running and the Read Address Counter (RAC) is set to
the first address (see Fig. 7). By entering the first valid digit, the Temporary Write Address Counter
(TWAC) will be set to the first address, the decoded digit will be stored in the register and the TWAC
incremented to the next address. Any subsequent keyboard entry will be decoded and stored in the
redial register after validation. The first 5 valid entries have no effect on the main register and its
associated write address counter. After the sixth valid digit is entered TWAC indicates an overflow
condition. The data from the temporary register will be copied into the 5 least significant places of
the main register and TWAC into the WAC. All following digits (including the sixth digit) will be stored
in the main register (a total of not more than 23). If more than 23 digits are entered redial will be
inhibited. If not more than 5 digits are entered only the temporary register and the associated TWAC
are affected. All entries are debounced on both the leading and trailing edges for at least time t¢ as
shown in Fig. 11. Each entry is tested for validity before being deposited in the redial register.

® In DTMF mode all non-function keys are valid
® |n PD mode only numeric keys are valid

Simultaneous to their acceptance and corresponding to the selected mode (PD, DTMF or mixed), the
entries are transmitted as PD pulse-trains or as DTMF frequencies in accordance with postal requirements.
Non-numeric entries are neglected during pulse dialling, they are neither stored nor transmitted.

Redialling
After CE has risen to Vpp the oscillator starts running and the Read Address Counter (RAC) is set to
the first address to be sent. The PCD3310 is in the conversation mode.

If “R"" is the first keyboard entry the circuit starts redialling the contents of the temporary register.
If the overflow flag of the TWAC was set in the previous dialling, the redialling continues in the main
register. |f the flag was not set, the number residing in the temporary register will only be redialled
until the temporary read and write registers are equal.

Before pressing ‘R’ a dialling sequence with up to 4 digits is possible. |f the digits are equal to the
corresponding ones in the main register, then redial starts in the main register until the last digit stored
is transmitted.

Timing in the DTMF mode is calibrated for both tone bursts and pauses.
In mixed mode only the first part entered (the pulse dialled part of the stored number ) can be redialled.

During redial keyboard entries (function or non-function) are not accepted until the circuit returns to
the conversation mode after completion of redialling. .
No redial activity takes place if one of the following events occur:

® Power-on reset
® Memory clear (“P"* without successive data entry)
® Memory overflow (more than 23 valid data entries)
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CMOS pulse and DTMF dialler with redial PCD3310

DEVELOPMENT DATA

Notepad

The redial register can also be used as a notepad. In conversation mode a number with up to 23 digits
can be entered and stored for redialling. By activating the program key (P) the WAC and TWAC
pointers are reset. This acts like a memory clear (redial is inhibited). Afterwards, by entering and
storing any digits, redialling will be possible after flash or hook on and off.

During notepad programming the numbers entered will neither be transmitted nor is the mute active,
only the confidence tone is generated.

.
23
-4 2
addressed through
pointers W or R 6
5 5
4 4
addressed through
3 temporary pointers { 3
2 WorR 2
1 1
MAIN REGISTER TEMPORARY REGISTER

. temporary write address
write address counter (WAC) couzter ?,I'WAC) l:::]

read address counter (RAC)

7280887.1 ADDRESS COUNTER TEMPORARY ADDRESS COUNTER

Fig. 7 Program memory map.

December 1985

139



PCD3310

DIALLING
PROCEDURES
(continued)

PUBLIC EXCHANGE

DIAL

OFF - HOOK

’

key —in
< 23 digits
4627530

—>

:

ON -HOOK

I

PABX

DIAL external number

OFF - HOOK

.

key —in
ACCESS DIGIT(S)

< 4 digits

wait for
access tone

key —in
external number
4627530

>

’

ON - HOOK

L

REDIAL

1

OFF - HOOK

;

key—in R

4627530

>

:

ON -HOOK

py

I_— if internal number < 5 digits —————————

— REDIAL external number (1)

OFF -—HOOK

’

key —in
same previous
ACCESS DIGIT(S)
0

wait for
access tone

key —in R

l

external number
4627530

.

ON -HOOK

I

(1) If [access digit(s) + external number] < 23 digits.

Fig. 8 PD or DTMF dialling mode.

7280888.3

conversation
mode

standby
mode

—>
pulse or
tone out

— DIAL internal number

OFF - HOOK

.

key —in
internal number

< 5 digits

12345

¢

ON -HOOK

Py

REDIAL internal number

OFF - HOOK

:

key-in R

internal number
12345

:

ON -HOOK
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CMOS pulse and DTMF dialler with redial PCD3310

DEVELOPMENT DATA

DIAL

OFF - HOOK

set in pulse dialling

key - in

46275 30 — pulse out

pulse dialling

wait for signal
(or any voice indication)

automatic switch to DTMF or manual by

1234567
89ABCD# [|—» TONE-out

:

ON - HOOK

Py

REDIAL

DTMF dialling

OFF - HOOK

:

pulse dialling key-in R

46f2 75 |30
if total
(pDI +DTMF) [~ pulse out

< 23 digits

‘

ON - HOOK

+ 7280889.1

Fig. 9 PD/DTMF mixed mode dialling.
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PCD3310

DIALLING PROCEDURES (continued)

NOTE PAD PROGRAM

NOTE PAD REDIAL

OFF - HOOK OFF - HOOK
key—in B n R
4627530 > ey - in
key-in P 3554499
key - in
3554499
< 23 digits
- ON - HOOK
no dialling - no muting
ON -HOOK
MEMORY CLEAR _——-I FLASH
OFF - HOOK OFF - HOOK OFF - HOOK
i key -in
key - in ) no
4627530 key-in R | redialling ACCESSODIGIT(S)
L wait for
access tone
key -in
key-in P external number
4627530
ON -HOOK key -in FL
wait for
access tone
key - in
internal number
12345

‘ 7280890.1

P

REDIAL
(see PABX procedure)

Fig. 10 Notepad, memory clear, flash; independent of dialling mode.
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CMOS pulse and DTMF dialler with redial PCD3310

DEVELOPMENT DATA

TIMING
g trd
Bmm—
CE_] T o 1
(no effect)
te
—P' -
!
KEYBOARD
Aloiel I | I Il---- 4 — -
P>t sy
M1 T - L._

M2 I | I
m
|
DP/FLO 3 4
tid nx de

l_ DIALLING MODE > -

CONVERSATION CONVERSATION  STATIC
MODE MODE STANDBY

(await dialling tone) MODE

DIMF /F——————————— — — — ——— e —_———— — —

7Z80891.1

Fig. 11a Timing diagram for dialling mode defined by PD/DTMF selection pin; pulse dialling
(PD/DTMF = Vgg).
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PCD3310

TIMING (continued)
trd

.

ce [ <t [ 1%

(no effect)
<1|’|¢ '.‘:_

KEYBOARD ‘ '
onThY [T 2 3 F

te te te te te
—»‘H— —J - —4r— il r 2
M ] L

th th

tih |
S

M2 | [

DTMF

WA WWW
el

DP/FLO

7280892.1

Fig. 11b Timing diagram for dialling mode defined by PD/DTMF selection pin; DTMF dialling
(PD/DTMF = Vpp).

KEYBOARD
ENTRY —0 1 2 I * 2
o e “! | . | | | |

DP/FLO m

—tjg —>

o / WWAMWW

th

M1 1 [__

e | L

PD/DTMF

pulse dialling «——¢——> DTMF dialling 7280893.1

Fig. 11c Timing diagram for dialling mode defined by PD/DTMF selection pin; mixed mode
(PD/DTMF open-circuit).
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CMOS pulse and DTMF dialler with redial PCD3310

DEVELOPMENT DATA

cE |

KEYBOARD |—|
ENTRY ITL 0 R

L | ]—__

DIAL TONE A A -

|«———— Telephone number ~—-——-—

DTMF WW W W W W T

7280894

Fig. 12 Timing diagram showing REDIAL where PABX access digits are the first keyboard entries;
DTMF dialling with PD/DTMF = Vpp.

RATINGS

Limiting values in accordance with the Absolute Maximum System (IEC 134)

Supply voltage range VbD -08to8 V
Supply current IbD max. 50 mA
D.C. current into any input or output tl,tlp max. 10 mA
All input voltages \7 —-08VtoVpp+08 V
Total power dissipation Ptot max. 300 mW
Power dissipation per output Po max. 50 mW
Storage temperature range Tstg —65 to + 150 ©C
Operating ambient temperature range Tamb —25t0 +70 OC
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PCD3310

CHARACTERISTICS

Vpp = 3V; Vgg = 0 V; crystal parameters: fogc = 3,5679545 MHz; Rg = 100 2 max.;
Tamb = —25 to + 70 ©C; unless otherwise specified

parameter symbol min. typ. max. unit
Supply
Operating supply voltage VpbD 25 - 6,0 \%
Standby supply voltage Vbpo 1,8 - 6,0 \%
Operating supply current
conversation mode (oscillator ON) | Ippc - - 150 HA
pulse dialling or flash Ippp — — 200 HA
DTMF dialling (tone ON) IDDF - 0,6 1,2 mA
DTMF dialling (tone OFF) IDDE - - 200 pA

Standby supply current
(oscillator OFF; note 1)

atVpp=18V;Tamp=25°C IpDO — - 5 nA
INPUTS
Input voltage LOW (any pin) ViL 0 - 0,3Vpp \Y
Input voltage HIGH (any pin) Viy " {07Vpp |- VpD \Y
Input 'eakage current; CE TR - — 1 uA

Keyboard inputs

Keyboard ON current IoN — — 45 rA
Keyboard OFF current lOFF 75 - - LA
OUTPUTS

Output sink current
at VoL =Vgs+05V

M1, M1, M2, DP/FLO, CF, FLD loL 0,7 - - mA
PD/DTMF (note 2) oL - 1 - mA

Output source current
atVoy=Vpp 05V

M1, M1, M2, DP/FLO, CF —loH 06 - - mA
PD/DTMF (note 2) —IoH - 1 - mA
FLD (note 3) —loH - 100 - nA
TIMING AND FREQUENCY
Clock start-up time ton — 4 - ms
Debounce time te — 12 - ms
Reset delay time trd - 160 - ms
Confidence tone frequency fet - 330 - Hz
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CMOS pulse and DTMF dialler with redial

PCD3310

DEVELOPMENT DATA

parameter symbol min. typ. max. unit
TONE output (see Fig. 13)

atVpp=25to6V
DTMF output voltage levels

(r.m.s. value)

HIGH group VHG(rms) 158 192 205 mV

LOW group VL G(rms) 125 150 160 mV
Frequency deviation Af/f -0,6 - +0,6 %
D.C. voltage level Vpe - “VpD - \
Output impedance 1Zol - 0,1 05 k&2
Pre-emphasis of group AVg 1,85 2,1 2,35 dB
Total harmonic distortion

at Tamp = 25 °C (note 4) THD - -25 - dB
Transmission and pause time
Manual dialling t, tp 68 - — ms
Redialling ty tp 68 70 72 ms
Flash pulse duration tEL 98 100 102 ms
Flash hold-over time tflh 31 33 34 ms
Hold-over time (muting on M1) th 78 80 81 ms
Pulse dialling (PD)
Dialling pulse frequency fdp 9,8 10 104 Hz
Inter-digit pause tig 828 840 844 ms
Break time (note 5) tp 65 67 68 ms
Make time (note 5) tm 31 33 34 ms

Notes to the characteristics

1. Crystal connected between OSCI and OSCO; CE at Vgg and all other pins open-circuit.
2. < |10 mA| dynamic current to set/reset PD/DTMF pin (mixed mode).

3. Flash inactive; VoH = Vgs.

4. Related to the level of the LOW group frequency component (CEPT CS 203).

5. Mark-to-space ratio 2 : 1.

Vop

PCD3310

Vss

TONE

1uF

—

10k

50pFT

7Z280895.1

Fig. 13 Tone output test circuit.
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APPLICATION INFORMATION

1Z)| <450 rG_l
1213 450 ;O—l

rO'l asymmetrical high-impedance inputs for electret microphones (TEA1061)

l—c-l symmetrical low-impedance inputs for dynamic and magnetic microphones (TEA1060)

Q L ——j Q ‘r
[
to Ve
'8 *
113
I
L
10
=vocF o
+ : c14
’_1 s1) ==224F
L 10V redial
2
oV cis s
cc 1%[ R4 m 11 .
T LB capacitor
BZX79/C12 1000 22 4F 10nF
1%[Rr1 c7 +
¥ = BAV10 v
# Tionr Ljszon A= %[as 2 P
(I;|4 nl nl 3.6kQ oka 1920 1
T
o (< 1afcoL 4
o s 1alcoLs
1 4 B 9 @ 12 lcoL2
DTME 10K 1500F | o 11 lcoL 1
TEA1060/61 13—+—]} | e
100nF
8 171 15 1 10 12 ROW 1
SLPE |AGC Voo 10 w2 1]2]3]a
[ 4(5]e]B
asb 4xBAS11 —— py - 8 }-HOW3 T g T g ¢
2Nl
ozl | ] BC557 7}BW4 B To T#] o
wF ZuF Z=22n =
line -u Trov Trov cs] 190 toVec 4 sRWS FoTem|>
470[ 470
o x| [k PCD3310P
EFAZQ}
1% ( BC547
o 176
]2011 1o
470
k2 DP/
J2
:‘Im FLol e
v,
ssl,
BST78 LARETS
=0 4700 2
A g
BC547 BZX79/C10
fa 470 [ [10 PD/DTMF
390 QD kO MO select pin
7280896.1

(1) Automatic line compensation obtained by connecting R6 to Vgg.
(2) The value of resistor R14 is determined by the required level at LN and the DTMF gain of the TEA1060.
Fig. 14 Application diagram of the full electronic basic telephone set.
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DEVELOPMENT DATA

This data sheet contains advance information and
specifications are subject to change without notice.

PCD3311
PCD3312

DTMF/MODEM/MUSICAL-TONE GENERATORS

GENERAL DESCRIPTION

The PCD3311 and PCD3312 are single-chip silicon gate CMOS integrated circuits. They are intended
to provide dual-tone multi-frequency (DTMF) combinations required for tone dialling systems in

telephone sets which contain a microcontroiler for the control functions.

The various audio output frequencies are generated from an on-chip 3,58 MHz quartz crystal-con-

trolled oscillator.

The devices can interface directly to all standard microcontrollers by accepting a binary-coded parallel

input or serial data input (12C bus).

With their on-chip voltage reference the PCD3311 and PCD3312 provide constant output amplitudes

which are independent of the operating supply voltage and ambient temperature.

An on-chip filtering system assures a very low total harmonic distortion in accordance with the CEPT

CS 203 recommendations.

In addition to the standard DTMF frequencies the devices provide 12 MODEM frequencies (300 to
1200 bits per second) used in simplex MODEM applications and two octaves of musical scale in steps

of semitones.

Features
Stabilized output voltage level

12C bus compatible

QUICK REFERENCE DATA

Mode select input (selection of parallel or serial data input)
MODEM and melody tone generators

Low output distortion with on-chip filtering (CEPT CS 203 compatible)
Latched inputs for data bus applications

parameter symbol min. typ. max. unit
Operating supply voltage VbD 2,5 - 6,0 \%
Operating supply current IpD - - 1,2 mA
Static standby current IDDO - — 3 MA
DTMF output voltage level

(r.m.s. values)

HIGH group VHG(rms) 158 192 205 mV

LOW group VLG(rms) 125 150 160 mV
Pre-emphasis of group AVg 1,85 2,10 2,35 dB
Total harmonic distortion THD — —25 - dB
Operating ambient temperature range Tamb -25 - +70 oc

PACKAGE OUTLINES

PCD3311P: 14-lead DIL; plastic (SOT-27KE).

PCD3211T: 16-lead mini-pack; plastic (SO-16L; SOT-162A).

PCD3312P: 8-lead DIL; plastic (SOT-97AE).

PCD3312T: 8-lead mini-pack; plastic (SO-8L; SOT-176).
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oscl 0sco

Vpp Vss

1Q3) 2(4)

CLOCK

LOSCI LLATOR I——D[ GENERATO

tone generator ‘HIGH group’
i

MODE__|3 x|
l 1&

¥

g
L
‘ |
| |

1142 [1301)

4 DAC
og_lt, S
0y —'2» switcHen- | | }
Dy 1 5| INPUT DIVIDER CAPACITOR | | | g:v;:%:‘f:r; ciﬁg?gé 6(5) | TonE
b 10_, | CONTROL | 15| SELECTION BANDGAP ¢! ‘ - >
) . || Low-pass LOW- PASS
LoGic (ROM) VOLTAGE | FILTER FILTER
D4/SDA [0 REFERENCE ER
Do/scL {87
h
strogels T ] —
+X2 PCD3311
tone generator 'LOW group’ PCD3312
7(6)
7287673
Ao

Fig. 1 Block diagram; the pin numbers in parenthesis refer to the PCD3312.

0sCl E U E VbD
osco 2] 13] Vss
MoDE [3 | 12] D4
o5 [4] Ppcossi [11] O3
STROBE [5 | 10] D7
TonE [6 ] 9] o,/s0A

Ao [7] 8| pg/scL

7287674

Fig. 2 Pinning diagram
for the PCD3311.

PINNING

1 OSCi

2 0sco

3 MODE

4 Dsg

5 STROBE

6 TONE

7 A

8 Dg/SCL
9 Dg/SDA

10 Do

11 D3

12 Dy

13 Vgg

14 Vpp

* MODE = HIGH.

oscillator input

oscillator output

mode select input; used for

the selection between serial

mode (MODE = LOW) and parallel
mode (MODE = HIGH)

parallel data input*

strobe input; used for the

loading of data in the parallel mode
frequency output for single

or dual tones

slave address input in the serial
mode; must be connected to

Vpp or Vsg

parallel data input*

or serial clock line (12C bus)
parallel data input*

or serial data line (12C) bus)

parallel data inputs*

negative supply
positive supply
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PCD3311
PCD3312

DEVELOPMENT DATA

Vss [1] U
Vop E
osci 3]
osco [4]]

8] soa
(7] scL
6] 40
5] TonE

PCD3312

7287675

Fig. 3 Pinning diagram
for the PCD3312.

FUNCTIONAL DESCRIPTION
Clock/oscillator (OSCI and OSCO)

PINNING

1 Vss

2 Vpp
3 0OScCi
4 0SCO
5 TONE
6 Ap

7 SCL
8 SDA

nedative supply

positive supply

oscillator input

oscillator output
frequency output for single
or dual tones

slave address input in the
serial mode; must be connected
to Vpp or Vgs

serial clock line (12C bus)
serial data line (12C bus)

The timebase for the PCD3311 and PCD3312 is a crystal-controlled oscillator with a 3,58 MHz quartz
crystal connected between OSCI and OSCO. Alternatively, the OSCI input can be driven from an

external clock.

Mode select (MODE)

This input selects the data input mode. When connected to Vpp, data can be received in the parallel
mode (only for the PCD3311), or, when connected to Vgg or left open, data can be received via the
serial 12C bus (for both PCD3311 and PCD3312).

Parallel mode can only be obtained for the PCD3311 by setting MODE input HIGH.

Data inputs (Dg, D1, Do, D3, D4 and Dg)

Inputs Dg and D¢ have no internal pull-down or pull-up resistors and must not be left open in any
application. Inputs Dy to Dg have internal pull-down. Dg and D4 are used to select between DTMF
dual, DTMF single, MODEM and melody tones (see Table 1). D3 to Dg select the combination of the

tones for DTMF or single-tone itself.

Table 1 Dg and Dy in accordance with the selected application

Dg Dy application

0 0 DTMF single tones; standby; melody tones
0 1 DTMF dual tones (all 16 combinations)

1 0 MODEM tones; standby; melody tones

1 1 melody tones

1=H = HIGH voltage level
0= L = LOW voltage level

Note: Tables 2, 3, 4 and 5 show all input codes and their corresponding output frequencies.

March 1984

151



PCD3311
PCD3312

FUNCTIONAL DESCRIPTION (continued)
Strobe input (STROBE, only for the PCD3311)

This input (with internal pull-down) allows the loading of parallel data into Dg to Dg when MODE
is HIGH.

The data inputs must be stable preceeding the positive-going edge of the strobe pulse (active HIGH).
Input data are loaded at the negative-going edge of the strobe pulse and then the corresponding tone
(or standby mode) is provided at the TONE output. The output remains unchanged until the negative-
going edge of the next STROBE pulse (for new data) is received.

Serial mode can only be obtained for the PCD3311 by setting MODE input LOW.

S W
T 2D I
"7 CD BTN
"7 D G
"7 G I T
T T TN
o mzz%&:@z:%one

oscillator OFF oscillator ON | oscillator ON
7287676.1 no output tone | output tones

Fig. 4 Timing diagram showing control possibilities of the oscillator and the TONE output (e.g.
770 Hz + 1477 Hz) in the parallel mode (MODE = HIGH).

Serial clock and data inputs (SCL and SDA)

SCL and SDA are combined with Dg and D1 respectively. For the PCD3311 the selection of SCL and
SDA is controlled by the MODE input. SCL and SDA are serial clock and data lines according to the
12C bus specification (see “CHARACTERISTICS OF THE 12C BUS"). Both inputs must be pulled-up
externally to Vpp.

Address input (Ag)

Ag is the slave address input and it identifies the device when up to two PCD3311 or PCD3312 devices
are connected to the same IC bus. In any case Ag must be connected to Vpp or Vgs.
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DTMF/MODEM/musical-tone generators PCD3311
PCD3312

DEVELOPMENT DATA

I>C bus data configuration (see Fig. 5)
The PCD3311 and PCD3312 are always slave receivers in the I2C bus configuration (R/W bit = 0).

The slave address consists of 7 bits in the serial mode for the PCD3311 as well as for the PCD3312,
where the least significant bit is selectable by hardware on input Ag and the other more significant
bits are internally fixed. In the serial mode the same input codes are used as in the parallel mode (see
Tables 2, 3, 4, and 5). Dg and D7 are don't care (X) bits.

acknowledge acknowledge
from slave from slave
MSB RAW | {
T T T T T T T T T T T T T T
[s]o 170 07170 a0 0fa]x X D5 D403 D2 D1 DO|A [P |
L 1 1 1 i 1 1 1 1 1 1 1 1 1
LS J ¢ J
Y Y
slave address data internal STROBE
7287677.1 for data latching

Fig. 5 I12C bus data format.

Tone output (TONE)

The single and the dual tones which are provided at the TONE output are filtered by an on-chip
switched-capacitor filter, followed by an active RC low-pass filter. Therefore, the total harmonic distor-
tion of the DTMF tones fulfils the CEPT CS 203 recommendations. An on-chip reference voltage
provides output-tone levels independent of the supply voltage. Table 3 shows the frequency tolerance
of the output tones for DTMF signalling; Tables 4 and 5 for the modem and melody tones.

Power-on reset

In order to avoid undefined states of the devices when the power is switched ON, an internal reset cir-
cuit sets them to the standby mode (oscillator OFF).

Table 2 Input data for control (no output tone; TONE at Vpp)

D5 | Dg | D3 | Dy | D1 | Dg | HEX | oscillator

X 0 0 0 0 0 00/20 | ON

X 0 0 0 0 1 01/21 OFF
X 0 0 0 1 0 02/22 | OFF
X 0 0 0 1 1 03/23 | OFF

1=H = HIGH voltage level
0= L = LOW voltage level
X=don't care
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FUNCTIONAL DESCRIPTION (continued)

Table 3 Input data for DTMF

Dg | Dg {D3 {D2 [Dq|Dg HEX | symbol standard tone frequency
frequency output deviation
freq.

Hz Hz** % Hz
0jO0 |1 |0 |0]O 08 697 697,90 +0,13 +0,90
oj0 |1 ]0 |0 |1 09 770 770,46 + 0,06 + 0,46
o|0 |1 |0 |1 1{0 0A 852 850,45 -0,18 -1,55
0|0 {1 |0 |1 |1 0B 941 943,23 +0,24 +2,23
ojo0 |1 1}1 }|0}|0 oc 1209 1206,45 -0,21 —2,55
0|0 |1 {1 {01 0D 1336 1341,66 +0,42 + 5,66
o|o0 |1 |1 |1 ]0 OE 1477 1482,21 +0,35 + 5,21
o]0 |1 |1 |1 1 OF 1633 1638,24 +0,32 +5,24
o|1]0}0 |0}|O 10 0 941+1336
0|10 }0 (0|1 11 1 697+1209
oj1]0 |0 |1 }0 12 2 697+1336
o1 )0 |0 |1 |1 13 3 697+1477
o110 |1 {01}O0 14 4 770+1209
o|1 )]0 |1 |01 15 5 770+1336
o|1|o0 |1 |10 16 6 770+1477
o110 |1 |1 11 17 7 852+1209
0|1 110 |0 |0 18 8 852+1336
0|1 1 {0 {0 |1 19 9 852+1477
0|1 110 |1 {0 1A A 697+1633
0|1 110 |1 |1 1B B 770+1633
0|1 111 ]0 1|0 1C C 852+1633
0|1 111 {0 |1 1D D 941+1633
0|1 1 |1 110 1E * 941+1209
0|1 1 111 11 1F # 941+1477

Table 4 Input data for MODEM frequencies
Dg |Dg |D3 |Do |D1 {Dg HEX standard tone frequency remarks
frequency | output deviation
freq.
Hz Hz** % Hz
110 {0 (1 [0 |0 24 1300 1296,94 —0,24 -3,06 V.23
110 {0 |1 (0O |1 25 2100 2103,14 +0,15 + 3,14 ’
11040 {1 {1 1|0 26 1200 1197,17 -0,24 -2,83 Bell 202
110 |0 |1 |1 1 27 2200 2192,01 -0,36 —7,99
1 {0 |1 ]0 |0 |O 28 980 978,82 -0,12 -1,18 V.21
110 {1 {0 |0 |1 29 1180 1179,03 —0,08 -0,97 '
110 |1 (0 |1 ]0 2A 1070 1073,33 +0,31 + 3,33 Bell 103
1 (0 {1 |0 |1 |1 2B 1270 1265,30 -0,37 -4,70
110 (1 {1 (0 |0 2C 1650 1655,66 +0,34 + 5,66 V.21
110 {1 |1 |0 |1 2D 1850 1852,77 +0,15 +2,77 '
110 |1 {1 {1 ]0 2E 2025 2021,20 -0,19 -3,80 Bell 103
110 |11 |1 |1 |1 2F 2225 2223,32 —-0,08 —1,68

** Tone output frequency when using a 3,579 545 MHz crystal.
1 =H = HIGH voltage level

* 0=L= LOW voltage level
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DTMF/MODEM/musical-tone generator PCD3311

PCD3312
Table 5 Input data for melody tones
Dg Dg D3 Dy D1 Do HEX note standard tone
frequency output
frequency
Hz* Hz**
1 1 0 0 0 0 30 D#5 | 622,3 622,5
1 1 0 0 0 1 31 E5 659,3 659,5
1 1 0 0 1 0 32 F5 698,5 697,9
1 1 0 0 1 1 33 F#5 740,0 7411
1 1 0 1 0 0 34 G5 784,0 782,1
1 1 0 1 0 1 35 G#5 830,6 832,3
1 1 0 1 1 0 36 A5 880,0 879,3
1 1 0 1 1 1 37 A#5 932,3 931,9
1 1 1 0 0 0 38 B5 987,8 985,0
1 1 1 0 0 1 39 C6 1046,5 1044,5
1 1 1 0 1 0 3A C#6 1108,7 1111,7
1 0 1 0 0 1 29 D6 1174,7 1179,0
1 1 1 0 1 1 3B D#6 12445 12451
1 1 1 1 0 0 3C E6 1318,5 1318,9
?-: 1 1 1 1 0 1 3D F6 1396,9 1402,1
g 0 0 1 1 1 0 OE F#6 1480,0 1482,2
- 1 1 1 1 1 0 3E G6 1568,0 1572,0
Z 1 0 1 1 0 0 2C G#6 1661,2 1655,7
5 1 1 1 1 1 1 3F A6 1760,0 1768,5
o 0 0 0 1 0 0 04 A#6 1864,7 1875,1
o o 0 0 1 0 1 05 B6 1975,5 1970,0 .
5 1 0 0 1 0 1 25 Cc7 2093,0 2103,1
o 1 0 1 1 1 1 2F C#7 22175 2223,3
0 0 0 1 1 0 06 D7 2349,3 2358,1
0 0 0 1 1 1 07 D#7 2489,0 2470,4

* Standard scale based on A4 = 440 Hz.
** Tone output frequency when using a 3,579 545 MHz crystal.

1=H = HIGH voltage level
0= L = LOW voltage level
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CHARACTERISTICS OF THE I>C BUS

The I2C bus is for 2-way, 2-line communication between different I1Cs or modules. The two lines are
aserial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated
only when the bus is not busy.

Bit transfer

One data bit is transferred during each clock pulse. The data on the SDA line must remain stable
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted

as control signals.

1

1 data line | change

1 stable.: | of data

1 data valid | allowed 7287019

Fig. 6 Bitr .nsfer.

Start and stop conditions

Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the
data line, while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of
the data line while the clock is HIGH is defined as the stop condition (P).

i |
/| SDA
|
|
! scL

' |

b d
stop condition

e |

:
!
b

%]
o
r
i
a
|

R i |

=
! |
| !
1 !
+ +
| 1
| |
1 |

| S

start condition 7287005

Fig. 7 Definition of start and stop conditions.

System configuration

A device generating a message is a ‘‘transmitter’’, a device receiving a message is the ‘““receiver’’. The
device that controls the message is the “‘master’’ and the devices which are controlled by the master

are the “’slaves’’.
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DEVELOPMENT DATA

SDA
T | 1 I I
MASTER SLAVE MASTER
TRANSMITTER/ RS(';:‘\\’/EER TRANSMITTER/ Tam:nTmE:TER TRANSMITTER/
RECEIVER RECEIVER RECEIVER
7287004
Fig. 8 System configuration.
Acknowledge

The number of data bytes transferred between the start and stop conditions from transmitter to

receiver is not limited. Each byte of eight bits is followed by one acknowledge bit. The acknowledge

bit isa HIGH level put on the bus by the transmitter whereas the master generates an extra acknowledge
related clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception
of each byte. Also a master must generate an acknowledge after the reception of each byte that has
been clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line
during the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of

the acknowledge related clock pulse, set-up and hold times must be taken into account. A master
receiver must signal an end of data to the transmitter by not generating an acknowledge on the last

byte that has been clocked out of the slave. In this event the transmitter must leave the data line HIGH
to enable the master to generate a stop condition.

start ) clock pulse for
condition acknowledgement

SCL FROM

MASTER m __/T\_/—g—\_
DATA DUTPUT -T

BY TRANSMITTER |

|
S

DATA OUTPUT -
BY RECEIVER

7287007

Fig. 9 Acknowledgement on the I2C bus.
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)

CHARACTERISTICS OF THE I?°C BUS (continued)

Timing specifications

Within the 12C bus specifications a high-speed mode and a low-speed mode are defined. The ICs operate
in both modes and the timing requirements are as follows:

High-speed mode
Masters generate a bus clock with a maximum frequency of 100 kHz. Detailed timing is shown in Fig. 10.

l«— tBUF —»

I D

tR—> |- te |——

SCL

—> yp;STA |

> tHigH =

SDA

7287013

Where:
tBUF

tHD; STA
TLOWmin

tHIGHmin
tsu; STA

tHD; DAT
isy; DAT
tR

tF

tsu; STO

Note

tLow > - —»
'HD;DAT tsu;DAT /‘_'
— — — e
tsu;sTA tsy;sTO

Fig. 10 Timing of the high-speed mode.

2t OWmin

t = tHIGHmin
4,7 us

4 us

t= 1 OWmin
t=0us

t= 250 ns
t<1us
t<<300 ns

t =1t OWmin

The minimum time the bus must be free before a new
transmission can start

Start condition hold time

Clock LOW period

Clock HIGH period

Start condition set-up time, only valid for repeated start code
Data hold time

Data set-up time

Rise time of both the SDA and SCL line

Fall time of both the SDA and SCL line

Stop condition set-up time

All the timing values refer to V| and V| _ levels with a voltage swing of Vgg to Vpp.
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DEVELOPMENT DATA

o\ TC N\ LT 0

START ADDRESS R/W ACK DATA ACK START ADDRESS R/W ACK STOP
CONDITION CONDITION 7287014

Fig. 11 Complete data transfer in the high-speed mode.

Where:
Clock t| oWmin 4,7 us
tHIGHmIn 4 ps
The dashed line is the acknowledgement of the receiver
Mark-to-space ratio 1:1 (LOW-to-HIGH)
Max. number of bytes unrestricted
Premature termination of transfer allowed by generation of STOP condition
Acknowledge clock bit must be provided by the master

Low-speed mode

Masters generate a bus clock with a maximum frequency of 2 kHz; a minimum LOW period of 105 us
and a minimum HIGH period of 365 us. The mark-to-space ratio is 1 : 3 LOW-to-HIGH. Detailed
timing is shown in Fig. 12.

<— tguF —>l TR—>| |=— tF—
scL
—>| 'HD;STA |[*— THIGH ’—» |<—‘su DAT
— tow le— - l—
HD;DAT
SDA
7287015 —> tsy;sTA = —'l l“‘_

Fig. 12 Timing of the low-speed mode.
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Timing specifications (continued)

Where:

tBUF t>105 us (t owmin)
tHD; STA t > 365 s (tHIGHmin)
tLow 130 us £ 25 ps

tHIGH 390 us + 25 us

tSU; STA 130 us £ 25 us *

tHD; DAT t=> Ous

tSU; DAT t>250ns

tR t< 1lus

tF t< 300 ns

tsy; STO 130 ws + 25 us

Note

All the timing values refer to V| and V| _ levels with a voltage swing of Vgg to Vpp. For definitions
see high-speed mode.

o\ J OGRS
TV VY VTV

START START BYTE DUMMY REPEATED ADDRESS ACKNOWLEDGE  STOP

CONDITION ACKNOWLEDGE START CONDITION
CONDITION 7287016

Fig. 13 Complete data transfer in the low-speed mode.

Where:
Clock t| OWmin ’ 130 pus + 25 us
tHIGHmIn ‘ ) 390 us + 25 us
Mark-to-space ratio 1:3 (LOW-to-HIGH)
Start byte 0000 0001
Max. number of bytes 6
Premature termination of transfer not allowed
Acknowledge clock bit must be provided by master
Note

The general characteristics and detailed specification of the 12C bus are described in a separate data
sheet (serial data buses) in handbook ‘*ICs for digital systems in radio, audio and video equipment’’.

* Only valid for repeated start code.
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DTMF/MODEM/musical-tone generators

PCD3311

PCD3312
RATINGS
Limiting values in accordance with the Absolute Maximum System (IEC 134)
parameter symbol min. max. unit
Supply voltage range VpDp -0,8 +8,0 \%
Input voltage range (any input) \7 -0,8 Vpp+0.8 \
D.C. input current (any input) BT — 10 mA
D.C. output current (any output) tlp - 10 mA
Supply current tlpp:tlss - 50 mA
Power dissipation per output Po - 50 mwW
Total power dissipation per package Ptot - 300 mW
Operating ambient temperature range Tamb -25 +70 oc
Storage temperature range Tstg —65 + 150 oC
CHARACTERISTICS
‘Vpp =2,5t06 V;Vgg =0 V; crystal parameters: fogc = 3,679 545 MHz, Rgmax = 50 2;
«  Tamb=—25 to + 70 OC; unless otherwise specified
= — :
g parameter symbol min. typ. max. unit
E  Operating supply voltage Vpp 2,5 - 6,0 \%
§ Operating supply current (note 1)
S oscillator ON; Vpp =3V
o no output tone Ipp - 50 100 LA
a single output tone IpD - 0,5 1,0 mA
(a] dual output tone Ipp - 0,6 1,2 mA
Static standby current
oscillator OFF; note 1 IbDO - - 3 A
Inputs/outputs (SDA)
Dg to Dg; MODE; STROBE
Input voltage LOW ViL 0 - 03xVpp \
Input voltage HIGH ViH 0,7xVpp - Vbp \
D5 to Dg; MODE; STROBE; Ag ‘
Pull-down input current
Vi=Vpp - 30 150 300 nA
SCL (Dg); SDA (D)
Output current LOW (SDA)
VoL=04V loL 3 - - mA
Clock frequency (see Fig. 10) fscL - - 100 kHz
Input capacitance; V| = Vgg Ci - - 7 pF
Allowable input spike pulse width t - — 100 ns
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CHARACTERISTICS (continued)

parameter symbol min. typ. max. unit

TONE output (see Fig. 14)

DTMF output voltage levels
(r.m.s. values)

HIGH group VHG(rms) 158 192 205 mV

LOW group VLG(rms) 125 150 160 mV
D.C. voltage level Vpe - % Vpp - \
Pre-emphasis of group AVg 1,85 2,10 2,35 dB
Total harmonic distortion

Tamb =25 °C

dual tone; note 2 THD — -25 — dB

modem tone, note 3 THD - —-29 - dB
Output impedance 1Zol - 0,1 0,5 k2
OSCl input
Maximum allowable amplitude

at OSCI Vosc(p-p) - - VbD—Vss \
Timing (Vpp =3 V)
Oscillator start-up time tOSC(ON) - 3 — ms
TONE start-up time; note 4 tTONE(ON) - 0,5 - ms
STROBE pulse width; note 5 tSTR 400 - — ns
Data set-up time; note 5 tps 150 - - ns
Data hold time; note 5 tpH 100 - - ns

Notes to the characteristics

1. Crystal is connected between OSCI and OSCO; D@/SCL and D1/SDA via a resistance of 5,6 kS to
Vpp: all other pins left open.

. Related to the level of the LOW group frequency component (CEPT CS 203).

. Related to the level of the fundamental frequency.

. Oscillator must be running.

. Values are referenced to the 10% and 90% levels of the relevant pulse amplitudes, with a total voltage
swing from Vgg to Vpp.

ObhWN
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DEVELOPMENT DATA

Voo

Vss

TONE

PCD3311
PCD3312

50 pF ==

> 1uF

i

Fig. 14 TONE output test circuit.

16 7287679
Ippo
(#A) Tamb =]
1,2 _259¢
__+45°C
e o
) //_______.————- +70°C

0,8
I

0,4

6 8
Vpp V)

Fig. 16 Standby supply current as a
function of supply voltage; oscillator OFF.

7287681
15 T

amb =
| -25°C
DD

+25°C

0,5

Z

AW\

0

0 2 4 6 Vop (V) 8
Fig. 17 Operating supply current as a
function of supply voltage; oscillator ON;
dual tone at TONE.

PCD3312
10k
7287678
300 7287680
\ Tamb|=
DD
(nA) —25TC
+25°C
200 |

100
/,
Yy

N

0 2 4

6 8
Voo (V)

Fig. 16 Operating supply current as a
function of supply voltage; oscillator ON;
no output at TONE.

7287682
8 I
Tamb = —25°C
! A N\
(uA) \
+25°C
4
|
/ +70°C
’ /"\\
2 ///
OW
0 1 2 v, (V) 3

Fig. 18 Pull-down input current as a
function of input voltage; Vpp =3 V.
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-1 I 0,4
v
TONE -
(dBrm) Tamb VTONE
~259¢ HIGH GROUP (dB)
-12 +259¢C
]
o —1 —— 0 —
+70°C i | Temn =
\:-25°c
-13 +25°C —
™~
-04 5
-14 N+70%C
—25°C LOW GROUP
0,
+25°C \\\
+70°C S
-15 — -08
106 5 4 3
0 2 4 yppv) 8 10 10 104 g (g 10

Fig. 19 DTMF output voltage levels
as a function of operating supply
voltage; R|_ =1 MS.

0

Fig. 20 Dual tone output voltage
level as a function of output load
resistance.

7290599

level

(dBm) “
-20 \

e e Y
frequency (kHz)

0 7290598
level
(dBm)
-20
—40 S

|
—e0 ML UMAM _  Tvee.

J”l ~~~~~~~~~ — €S203

1 b e e e s
—s0 V% |
—~100 T T T T ] T 1 T T 1
0 10 20 30 40 50

frequency (kHz)

Fig. 21 Typical frequency spectrum of a dual tone
signal after flat-band amplification of 6 dB.

March ,1984



DTMF/MODEM/musical-tone generators

PCD3311
PCD3312

DEVELOPMENT DATA

APPLICATION INFORMATION

Vss

VbD

MICROCONTROLLER

GENERAL
URPOSE

(40r8-BIT)

mute

data bus

Fig. 22 PCD3311 driven by a microcontroller with paralle! data-bus.

Y

VOREEE
6}
]

rh

0OSCO 0SCI STROBE

Vss VbD

TELEPHONY

GIEI(E]|_ MICROCONTROLLER

PCD3343
_OSCI_0SCO
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3,58511@&-'_27 pF |

Do
. TONE }—>
ﬁ pg PCD3311
| mMoDE Vop Vss
|
— T
7287686.1
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0SCl_ 0SCO
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TONE f——
SPA pepast2
Ao Vss Voo
7287685.2

Fig. 23 PCD3312 driven by telephony microcontroller PCD3343 with serial 1/0 (12C bus).
The PCD3343 is a single-chip 8-bit microcontroller with 3K ROM/224 RAM bytes. The same application

is possible with the PCD3311 with MODE = Vgg.

Purchase of Philips’ 1?C components conveys a license under the
Philips’ I>C patent to use the components in the I2C-system
provided the system conforms to the 12C specifications defined
by Philips.
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PCD3315/502

CMOS REDIAL AND REPERTORY DIALLER

GENERAL DESCRIPTION

The PCD3315 is a single chip CMOS dialler IC for telephone sets. It has two dialling modes; pulse
dialling (PD), and dual tone multi-frequency (DTMF) when used in conjunction with tone generator
PCD3312. In addition to manual dialling it also features several automatic functions, e.g. redial,
extended redial, notepad and repertory dial.

Features

® Pulse dialling

® DTMF dial control of tone generator PCD3312

® Redial

o Extended redial

® Electronic notepad

® Ten repertory dial numbers

® 18-digit capacity for each autodial memory

® Maximum of 36 digits per call

® Flash or register recall

® Uses standard 4 x 4 keyboard (single or double contact)

® Four extra function keys: program/autodial, flash, redial, access pause

® Access pause generation and termination

® Automatic recognition of PABX-digits; resulting in an access pause insertion
® Hold input and access pause output (APO) to adjust the duration of the access pause and facilitate

use of tone recognizers

Four diode or strap functions: general/German, access pause time, reset delay time, general:
mark-space ratio/German: prepulse

Manual reset of autodial RAM

® On-chip power-on reset

® Programmed for improved noise immunity

QUICK REFERENCE DATA

Operating supply voltage Vpp 25t06,0 V
Standby supply voltage Vppo min. 1V
Operating currents at Vpp =3 V

conversation mode IpD typ. 270 uA

dialling mode IbD typ. 500 upA
Standby supply current

atVpp=18V;Tymp=25°C Ipp typ. 1,2 uA
Crystal frequency f 3,68 MHz
Operating ambient temperature range Tamb —25to +70 OC

PACKAGE OUTLINES

PCD3315P: 28-lead DIL; plastic (SOT-117).
PCD3315T: 28-lead mini-pack; plastic (SO-28; SOT-136A).
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PCD3315/502

wi]l Y [ wo

ie. [2] 27] ic.

ic. 3] [26] ic.
ROW 1[4 | 25] scL
ROW 2 [5 | 24] spA
Row 3 [6 | 23] M1
rows [7] [22] DP/FL

PCD3315/502

ROW 5 [8] 21] coL 4
DIODE 9] [20] coL3
APO [10 [19] coL 2
FoLD [11 18] cot 1
ce [iz] [17] Reser
PO/DT™F [13] 16] xTAL 2
Vss [14 15] XTAL 1

7280594.2

Fig. 1 Pinning diagram.

PINNING
1 i.c.
2 i.c.
3 ic
4 ROWI1
5 ROW2
6 ROW 3
7 ROW4
8 ROW5
9 DIODE
10 APO
11 HOLD
12 CE
13 PD/DTMF
14 Vgg
15 XTAL1
16 XTAL2 }
17 RESET
18 coL1
19 COL2
20 coL3
21 COL4
22 DP/FL
23 M1
24 SDA
25 SCL
26 i.c
27 i.c
28 VbD

internally connected
internally connected
internally connected

scanning row keyboard outputs

diode option output
access pause output
hold input

chip enable input

input to select pulse or DTMF
dialling

negative supply
crystal pins

reset input/output

sense column keyboard inputs

dialling pulse and flash output
muting output

serial data

serial clock

internally connected
internally connected

positive supply
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CMOS redial and repertory dialler PCD3315/502

FUNCTIONAL DESCRIPTION

Power supply (Vpp; Vss)

The.minimum supply voltage and supply current depend on the operating modes:
® Standby

® Conversation
® Dialling

(see operational description)

Oscillator (XTAL 1; XTAL 2)

The timebase for the PCD3315 is a crystal-controlled oscillator with a 3,58 MHz quartz crystal
connected between XTAL 1 and XTAL 2. The oscillator will run when the CE = HIGH.
The output XTAL 2 can drive the oscillavor input of the PCD3312 via a capacitor.

Keyboard inputs/outputs (COL 1 to 4; ROW 1 to 5)

The sense column COL 1 to COL 4 and the scanning row outputs ROW 1 to ROW 4 are directly
connected to a 4 x 4 single contact keyboard matrix. An extra row (ROW 5) is added to address four
additional function keys that are required for autodial functions. The keyboard organization is shown
in Fig. 2. Keyboard entries are valid 20 ms (debounce time) after the leading edge and until 20 ms
after the trailing edge of the keyboard entry.

In pulse dialling mode the valid keys are the 10 numeric keys (0 to 9). The 6 non-numeric keys

(A, B, C, D, *, #) have no effect on the dialling and are ignored. »

In DTMF dialling mode the 10 numeric keys and the 6 non-numeric keys are valid.

ROWS COLUMNS
5 4 3 2 1 1 2 3 4

LIII
1123 1A

415 6 | B

7189 |C

*x |0 |#|D

P |FL| R |AP

7280780 KEYBOARD

Fig. 2 Keyboard organization.

Diode option output (DIODE)

An extra row is added to the keyboard matrix to provide several selections:
® Access pause duration

® Reset delay time

® Mark/space ratio or prepulse yes/no
® General or German version

Dialling pulse and flash output (DP/FL)

This output drives the line interrupter circuit. In pulse dialling mode it controls the timing for the line
interrupter. This output also provides a “Flash’” pulse which generates a 95 ms line break. In the
German version this “‘Flash’’ occurs only in the DTMF dialling mode.
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PCD3315/502

FUNCTION DESCRIPTION (continued)

Chip enable input (CE)

The CE input is used for hook-detection.

Hook-off will result in CE = HIGH. This will change the circuit state from standby to operational mode
and also initialize the circuit.

When the circuit detects a line break longer than the reset delay time, it will switch the IC to the
standby mode. This essentially achieves a low standby current during hook-on.

During access pauses the reset delay time is longer because the telephone line supply is switched over,
which may result in longer line drops.

Mute output (M1)

This output is active during:

In pulse dialling mode; Mute = HIGH during interdigit pause plus dialling pulses
In DTMF dialling mode; Mute = HIGH during DTMF bursts plus hold-over time
During access pauses; Mute = HIGH during the mute hold-over time

During flash; Mute = HIGH

During programming

Hold input (HOLD); access pause output (APO)

The hold input suspends dialling after completion of the current digit, or in pulse dialling during the
inter-digit pause.

The hold function facilitates an extra time delay during dialling under the control of external circuitry,
i.e. a dialling tone recognizer.

In the hold state (HOLD = LOW) the muting output is also LOW, thus the IC is in the conversation mode.
The HOLD input can be controlled by the access pause output (APO) directly, or indirectly via a
dialling tone recognizer (see Fig. 3). The APO output will go LOW when an access pause is recognized.

set -L P reset _r

— — 1
|—> HOLD APO »| SET

DIALLING TONE
PCD3315/602 - RECOGNIZER

RESET

A

dialling 7280779.1

tone
Fig. 3 Automatic variation of length of an access pause under the control of a dialling tone recognizer.

Serial data (SDA); serial clock (SCL)

The serial 1/0 lines SDA and SCL are used to control the PCD3312 in the DTMF dialling mode (see
Fig. 5). Both outputs require external pull-up resistors,

Dialling mode selection input (PD/DTMF)
This input selects the dialling mode:

® PD/DTMF = LOW selects pulse dialling
® PD/DTMF = HIGH selects DTMF dialling

Reset input/output (RESET)

When the reset input is active HIGH it can be used to initialize the IC.

In normal application this is achieved by the CE input.

Reset is also an output of the internal power-on-reset circuit, which generates a reset pulse if VbD
drops below 1,3 V (typ.).

170
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CMOS redial and repertory dialler PCD3315/502

OPERATION
The PCD3315 has 3 operating modes:

e Standby
® Conversation
® Dialling

Standby mode

When the chip enable input (CE) is LOW the IC is in the standby mode.

The oscillator is switched off and the IC requires only a low standby current (1,2 uA typ.) for memory
retention.

0,5 ms after CE becomes HIGH the circuit will leave the standby mode and enter the conversation mode.

Conversation mode

In this mode the IC is active in order to scan the keyboard entries. Mute and dialling pins are inactive.
The current consumption is 270 pA (typ.) at Vpp =3 V.

Dialling mode
The IC will be switched to the fully operational mode in the following circumstances:

® A valid keyboard entry
® Dialling mode
® Programming mode

The current consumption is 500 pA (typ.) at Vpp =3 V.
The PCD3315 has two dialling modes:

® Pulse dialling direct via DP/F L output
® DTMF dialling via PCD3312 using the serial 1/0 lines SDA and SCL

Pulse dialling

The timing sequence for pulse dialling is shown in Fig. 4a.

Output DP/FL starts with an inter-digit pause, followed by a sequence of pulses corresponding with
the digit for transmission. The dialling frequency is fixed at 10 Hz, the break and make times are

60 ms and 40 ms respectively. )
In the general version with diode option the user can also select break and make times of 67 ms and
33 ms respectively.

The muting pulse will overlap the total dialling sequence. After dialling the muting output {M1) goes
LOW and the circuit is switched to the conversation mode.

DTMEF dialling

The timing sequence for DTMF dialling is shown in Fig. 4b.

The PCD3312 generates the selected DTMF tones via the serial 1/0 lines SDA and SCL. These tones
are transmitted with minimum tone burst durations of 70,70 ms (for the German version 80,80 ms).
The maximum tone burst duration is equal to the key depression time.

After dialling the muting output goes LOW after a hold-over time of 80 ms and the circuit is switched
to the conversation mode.
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PCD3315/502

OPERATION (continued)
Normal dialling

The IC has a working register with a maximum capacity of 18 positions. Entries in these positions
maybe:

® 10 numeric digits0 to 9
® Manually programmed access pauses
® 6 non-numeric special keys (*, #, A, B, C, D) in DTMF mode

If none of the special keys have been pressed the contents of the working register will be stored
automatically in the Redial Buffer.

The number of digits can be extended to a maximum of 36, but this will result in a redial memory
clear after hook-on. This is also valid for manual dialling after automatic dialling.

Automatic dialling
In addition to manual dialling the IC provides the following automatic functions:

® Redial of the last manually dialled number (German version)
or
Redial of the last dialled number (general version)

® Extended redial

@ Electronic notepad

@ Maximum of 10 repertory dialling numbers

The maximum capacity of the registers for these numbers is also 18 positions. The 6 non-numeric
digits {(*, #, A, B, C, D) will not be stored.

To achieve these automatic dialling functions an extra row of the keyboard is required which contains
the following special function keys:

® P programming/automatic dialling
® FL flash or register recall

® R redial

® AP manual access pause entry

Besides the operational procedure for automatic dialling, there are also procedures for programming
these numbers into the memory (see Table 1).

Table 1 Keying procedures for dial and program operation

mode operation program
redial R automatic
extended redial P-R TN -P '
notepad P-R dial P -P-TN -P
repertory dial P-d P-d-TN
PABX digits automatic P - R -dq (d) Rd3 (dg)
reset autodial hook-on
RAM 2,5,8,0
hook-off
2,5,8,0
Where:
P = press and release P-key d =digit0to 9
P = press and keep P-key pressed 2, 5,8, 0 =press and keep pressed keys 2, 5, 8 and 0
R = press and release R-key 2,5,8, 0 =release keys 2, 5, 8 and O

TN = telephone number
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CMOS redial and repertory dialler PCD3315/502

Access pause

During a dialling sequence it may be necessary to insert a wait time to ensure correct dialling.

A dialling sequence can always be interrupted by the HOLD input through an access pause recognition,
which results in a fixed time delay.

There are 3 possibilities to enter an access pause:

® At manual dialling by pressing the AP key
® At auto dialling by recognition of the AP-code in the memory
® Recognition of PABX digits, after which an automatic access pause will be inserted

There are 4 possibilities to terminate an access pause:

e HOLD, APO pins directly interconnected; after a fixed time delay of 3 or 5 seconds in pulse dialling;
1,6 or 2,5 seconds in DTMF dialling. The fixed time delay is determined by a diode strap

® HOLD, APO pins interconnected via an RC network; after a fixed time delay of 3 or 5 seconds in
pulse dialling; 1,5 or 2,5 seconds in DTMF dialling — plus an additional time delay determined by
the RC values

® APO pin enables a dialling tone recognizer, which controls the HOLD input (see Fig. 3)

® HOLD input connected to Vpp; no access pause

During the access pause the muting output remains active during hold-over time. In order to handle
longer line drops during access pauses, the PCD3315 automatically switches to the maximum reset
delay time of 320 ms.

PABX digits

The PCD3315 will detect pre-programmed PABX digits and insert an access pause in the dialling
sequence. The reserved capacity is for two different PABX numbers with a maximum of 2 digits each.

Program procedure: P - R - dq, do R d3 da.

Notepad
In the conversation mode the notepad procedure will overwrite the extended redial buffer, without
dialling-out digits. After hook-off this number can be recalled through the extended redial buffer.

Store procedure : P +P - TN P
Dial :P <R

Flash (see Fig. 4b)

Flash or register recall is activated by the flash key which results in a timed line break at output pin
DP/FL. This line break is of a fixed 95 ms duration in both pulse and DTMF dialling modes. In the
German version it is only applicable to the DTMF mode.

In the dialling procedure a flash entry will initialize the IC and thus the working register which acts
like a chip enable procedure.

Memory clear

A built-in manually total memory clear to facilitate resetting of the autodial RAM after servicing,
maintenance or telephone set delivery.

Procedure: hook-on, press and keep depressed keys 2, 5, 8, 0;
hook-off, release keys 2, 5, 8, 0.
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PCD3315/502

OPERATION (continued)
Program security

Security measures are incorporated in the IC to avoid incorrect dialling operations and hang-ups.

The program has a built-in RAM check procedure to protect the autodial numbers stored in the RAM.
If one or more bits of this RAM are changed during standby or the battery falls below 1,3 V (typ.),
this will result in a memory clear to avoid subsequent incorrect dialling.

Diode options

There are 4 different diode or strap options which are an extension of the keyboard matrix. Addressing
is via the 4 colums and diode pins.
There are two possibilities:

® Without diode
® With diode (cathode on row-side)

The built-in selections are shown in Table 2.

Table 2 Diode option selections

column description without diode with diode remarks
4 version German general —
1 break, make-time 60,40 ms 67,33 ms general version
1 prepulse no yes German version
2 access pause 3s 5s pulse dialling
2 access pause 15s 25s DTMF dialling
3 reset delay time 160 ms 320 ms -
RATINGS
Limiting values in accordance with the Absolute Maximum System (IEC 134)
Supply voltage (pin 28) Vpbp -0,8t0o+8 V
Allinput voltages \ 0,8toVpp+08 V
D.C. current into any input of output tl,+tlg max. 10 mA
Total power dissipation (see note) Ptot max. 500 mwW
Power dissipation per output Po max. 50 mwW
Storage temperature range Tstg —65 to + 150 °C
Operating ambient temperature range Tamb —-25to0 +70 OC
Operating junction temperature Tj max. 125 oC
Note
Thermal resistance (junction to ambient)
for SOT-117 Rthj-a max. 120 K/W
for SOT-136A Rth j-a max. 150 K/W
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CMOS redial and repertory dialler

PCD3315/502

D.C. CHARACTERISTICS
Vpp=251t06V;Vgg=0V; Tamp = —25 to + 70 OC; all voltages with respect to Vgg;

f = 3,68 MHz with Rg = 50 £; unless otherwise specified

parameter symbol min. typ. max. unit
Supply voltage
operating Vbp 2,5 - 6 \
STOP mode for RAM retention Vbp 1,0%* - 6 \
Supply current
dialling mode
atVpp=3V IpD — 500 — RA
conversation mode
atVpp=3V oD — 270 — nA
STOP mode*
atVpp =18V, Tgmp=25°C Ipp - 1,2 2,5 HA
atVpp=1.8V; Tagmp =55°C Ipp - - 5 nA
atVpp=18V;Tamp=70°C Ipp - - 10 A
RESET 1/0
Switching level VRESET — 1,2 15 \
Sink current
at Vpp > VRESET loL - 7 - uA
Inputs
Input voltage LOW ViL 0 - 0,3Vpp \%
Input voltage HIGH ViH 0,7Vpp - VpD Vv
Input leakage current
at Vgg <V | <Vpp L — — 1 HA
Outputs
Output voltage LOW
at V| =Vggor Vpp:llgl <1puA VoL - - 0,05 \
Output sink current LOW
atVpp=3V;Vp=04V loL 0,6 1,6 — mA
Pull-up output source current HIGH
(except SDA, SCL)
at Vpp =3V;Vp=0,9Vpp —IloH 10 — - LA
atVpp =3V; Vg =Vgg —loH - - 200 JTAN

*

** Because RAM is cleared if POR is activated by software, this value must be max. VRgSET-

Crystal connected between XTAL 1 and XTAL 2; SCL and SDA pulled to Vpp via 5,6 k2

resistor; CE and PD/DTMF at Vgg.
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PCD3315/502

Table 3 Timing date, general version

parameter symbol min. typ. unit
* * %
Reset delay time trds’ - 160 320 ms
Reset delay time during access pause trds — 320 320 ms
Keyboard debounce time tdb - 20 20 ms
Flash time tf] - 95 95 .ms
Pulse dialling
Dial frequency fgq - 10 10 Hz
Break/make time th/m - 60,40 67,33 ms
Interdigit pause tidp - 840 840 ms
Access pause tap - 3 5 s
Mute hold-over time 4 th - 1 1 s
DTMF dialling
Tone transmission time tt 70 or key-down time ms
Tone pause time _ tp 70 - — ms
Mute hold-over time during dialling th - 150 150 ms
Mute hold-over time during access pause th - 1 1 s
Access pause tap - 1,6 2,5 s
Table 4 Timing data, German version
parameter symbol min. typ. unit
* * %
Reset delay time trds — 160 320 ms
Reset delay time during access pause trds - 320 320 ms
Keyboard debounce time tdb - 20 20 ms
Pulse dialling
Dial frequency fq — 10 10 Hz
Break/make time th/m - 60,40 60,40 ms
Interdigit pause tidp - 840 840 ms
Access pause tap - 3 5 ]
Mute hold-over time A th - 1 3 s
Prepulse time top — — 20 ms
DTMF dialling
Tone transmission time tt 80 or key-down time ms
Tone pause time p 80 - - ms
Mute hold-over time during dialling th - 160 160 ms
Mute hold-over time during access pause th — 1 1 s
Access pause : tap — 1,6 25 S
Flash time tf] - 95 95 ms

*  Without diode.
** With diode.

A Only during access pause.
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CMOS redial and repertory dialler PCD3315/502

KEYBOARD
entey | [ 8 |l____ 14 ——— -
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Fig. 4a Timing diagram for pulse dialling mode, defined by PD/DTMF = LOW (Vgg).
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Fig. 4b" Timing diagram for DTMF dialling mode, defined by PD/DTMF = HIGH (Vpp).
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DEVELOPMENT DATA
This data sheet contains advance information and PCD3315/503

specifications are subject to change without notice.

CMOS REDIAL AND REPERTORY DIALLER

GENERAL DESCRIPTION

The PCD3315/503 is a single chip CMOS dialler IC for telephone sets. It has two dialling modes; pulse
dialling (PD), and dual tone multi-frequency (DTMF) when used in conjunction with tone generator
PCD3312. In addition to manual dialling it also features several automatic functions, e.g. redial,
extended redial, notepad and repertory dial.

Features

Pulse dialling

DTMF dial control of tone generator FCD3312

Redial

Extended redial

Electronic notepad

Ten repertory dial numbers

Successsive dial and autodial procedures during a single call

18-digit capacity for each autodial memory

Number of digits per call is infinite (FIFO register)

Flash or register recall

Uses standard 4 x 4 keyboard (single or double contact)

Four extra function keys: program/autodial, flash, redial, access pause

Keyboard expansion is possible to accomodate the 10 repertory dialling numbers
Access pause generation and termination.

Automatic recognition of PABX-digits; resulting in an access pause insertion
Hold input and access pause output (APO) to adjust the duration of the access pause and facilitate
use of tone recognizers

Four diode or strap functions: mark-space ratio, FLASH time, access pause time and tone bursts time
Manual reset of autodial RAM

On-chip power-on reset

Programmed for improved noise immunity

QUICK REFERENCE DATA

Operating supply voltage VDD 25t060 V
Standby supply voltage Vppo min. 1V
Operating currents at Vpp =3 V

conversation mode IDD typ. 270 pA

dialling mode DD typ. 500 pA
Standby supply current

atVpp=18V; Tamp =256°C IpD typ. 1,2 pA
Crystal frequency f 3,58 MHz
Operating ambient temperature range Tamb -25 to +70 °C

PACKAGE OUTLINES

PCD3315P: 28-lead DIL; plastic (SOT-117).
PCD3315T: 28-lead mini-pack; plastic (SO-28; SOT-136A).
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PCD3315/503 J t

PINNING
U 1 i.c. internally connected
ie. [1] 28] Voo 2 ic. internally connected
ie. [2] [27] coLe 3 ic internally connected
ie. 3] 26] coLs 4 ROW1
ROW 1 [z T__S_] sCL 5 ROW 2
6 ROW3 scanning row keyboard outputs
ROW 2 [5 | [24] spa
7 ROW 4
row s [6 | 23] M1 8 ROWS
Row 4 [7] PCD3315/ 22] op/rL 9 DIODE diode option output
ROW 5 E 503 E] coL 4 10 APO access pause output
DIODE [ 9] 20] coL3 11 HOLD hold input
%5 (1o E coL2 12 _C_E_ chip enable input
13 PD/DTMF input to select pulse or DTMF
FowD [11] 18] coL 1 dialling
ce [12] 17] RESET 14  Vgg negative supply
PD/DTMF E T_é'] XTAL 2 15 XTAL1 } crystal pins
Ves E E XTAL 1 16 XTAL2
17  RESET reset input/output
7296431 18 COL 1 ‘
Fig. 1 Pinning diagram. 19 COL2 sense column keyboard inputs
20 COL3 ‘
21 COL4
22 DP/FL dialling pulse and flash output
23 M1 muting output
24 SDA serial data
25 SCL serial clock
26 COLS } sense column keyboard inputs
27 coL 6
28 Vpp positive supply
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CMOS redial and repertory dialler PCD3315/503

DEVELOPMENT DATA

FUNCTIONAL DESCRIPTION

Power supply (VpD; VsS)
The minimum supply voltage and supply current depend on the operating modes:

® Standby
® Conversation
® Dialling

(see operational description)

Oscillator (XTAL 1; XTAL 2)

The timebase for the PCD3315/503 is a crystal-controlled oscillator with a 3,58 MHz quartz crystal
connected between XTAL 1 and XTAL 2. The oscillator will run when the CE = HIGH.
The output XTAL 2 can drive the oscillator input of the PCD3312 via a capacitor.

Keyboard inputs/outputs (COL 1 to 6; ROW 1 to 5)

The sense column COL 1 to COL 4 and the scanning row outputs ROW 1 to ROW 4 are directly
connected to a 4 x 4 single contact keyboard matrix. An extra row (ROW 5) is added to address four
additional function keys that are required for autodial functions.

Repertory dialler extension (ROW 1 to ROW 5/COL 5 and COL 6): 10 extra keys to access by single
button repertory numbers (on-chip RAM). The keyboard organization is shown in Fig. 2. Keyboard
entries are valid 20 ms (debounce time) after the leading edge and until 20 ms after the trailing edge
of the keyboard entry.

In pulse dialling mode the valid keys are the 10 numeric keys (0 to 9). The 6 non-numeric keys

(A, B, C, D, *, #) have no effect on the dialling and are ignored.

In DTMF dialling mode the 10 numeric keys and the 6 non-numeric keys are valid.

ROWS COLUMNS

5 4 3 2 1 1 2 3 4 5 6
l—1 2 3 A M1| M2

4 5 6 B M3 | M4

7 8 9 Cc M5 | M6

x| 0| #|D M7 | M8

P |FL| R | AP M9 IM10

KEYBOARD

Fig. 2 Keyboard organization. 7206432

Diode option output (DIODE)

An extra row is added to the keyboard matrix to provide several selections:
® Access pause duration

® “Flash’’ time selection

® Mark/space ratio

® Tone burst time selection

Dialling pulse and flash output (DP/FL)

This output drives the line interrupter circuit. In pulse dialling mode it controls the timing for the line
interrupter. This output also provides a "’Flash’’ pulse which generates a 95/650 ms line break, selected
via a diode option.
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FUNCTION DESCRIPTION (continued)

Chip enable input (CE)

The CE input is used for hook-detection.

Hook-off will result in CE = HIGH. This will change the circuit state from standby to operational mode
and also initialize the circuit.

When the circuit detects a line break longer than the reset delay time, it will switch the IC to the
standby mode. This essentially achieves a low standby current during hook-on.

During access pauses the reset delay time is longer because the telephone line supply is switched over,
which may result in longer line drops.

Mute output (M1)

This output is active:

® |n pulse dialling mode; Mute = HIGH during inter-digit pause plus dialling pulses
In DTMF dialling mode; Mute = HIGH during DTMF bursts plus hold-over time
During access pauses; Mute = HIGH during the mute hold-over time

During flash; Mute = HIGH

During programming.

Hold input (HOLD); access pause output (APO)

The hold input suspends dialling after completion of the current digit, or in pulse dialling during the
inter-digit pause.

The hold function facilitates an extra time delay during dialling under the control of external circuitry,
i.e. a dialling tone recognizer.

In the hold state (HOLD = LOW) the muting output is also LOW, thus the IC is in the conversation mode.
The HOLD input can be controlled by the access pause output (APO) directly, or indirectly via a

dialling tone recognizer (see Fig. 3). The APO output will go LOW when an access pause is recognized.

set -L P reset J—

— — 1
HOLD APO |—»| SET

DIALLING TONE

PCD3315 RECOGNIZER
RESET
dialling
tone 7280779

Fig. 3 Automatic variation of length of an access pause under the control of a dialling tone recognizer.

Serial data (SDA); serial clock (SCL)

The serial 1/0 lines SDA and SCL are used to control the PCD3312 in the DTMF dialling mode (see
Fig. 5). Both outputs require external pull-up resistors.

Dialling mode selection input (PD/DTMF)
This input selects the dialling mode:

L] @/DTMF = LOW selects pulse dialling
® PD/DTMF = HIGH selects DTMF dialling

Reset input/output (RESET)

When the reset input is active HIGH it can be used to initialize the IC.

In normal application this is achieved by the CE input.

Reset is also an output of the internal power-on-reset circuit, which generates a reset pulse if Vpp drops
below 1,3V (typ.).
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DEVELOPMENT DATA

OPERATION
The PCD3315/503 has 3 operating modes:

o Standby
® Conversation
® Dialling

Standby mode

When the chip enable input (CE) is LOW the IC is in the standby mode.

The oscillator is switched off and the IC requires only a low standby current (1,2 pA typ.) for memory
retention.

0,5 ms after CE becomes HIGH the circuit will leave the standby mode and enter the conversation mode.

Conversation mode

In this mode the IC is active in order to scan the keyboard entries. Mute and dialling pins are inactive.
The current consumption is 270 uA (typ.) at Vpp =3 V.

Dialling mode
The IC will be switched to the fully operational mode in the following circumstances:

® A valid keyboard entry
® Dialling mode
® Programming mode

The current consumtion is 500 uA (typ.) at Vpp =3 V.
The PCD3315/503 has two dialling modes:

® Pulse dialling direct via DP/FL output
® DTMF dialling via PCD3312 using the serial 1/0 lines SDA and SCL

Pulse dialling

The timing sequence for pulse dialling is shown in Fig. 4a.

Output DP/FL starts with an inter-digit pause, followed by a sequence of pulses corresponding with
the digit for transmission. The dialling frequency is fixed at 10 Hz, the break and make times are

60 ms and 40 ms respectively.

With diode option the user can also select break and make times of 67 ms and 33 ms respectively.
The muting pulse will overlap the total dialling sequence. After dialling the muting output (M1) goes
LOW and the circuit is switched to the conversation mode.

DTMF dialling

The timing sequence for DTMF dialling is shown in Fig. 4b.

The PCD3312 generates the selected DTMF tones via the serial |/O lines SDA and SCL. These tones
are transmitted with minimum tone burst durations of 70,70 ms or 100,100 ms with diode option.
The maximum tone burst duration is equal to the key depression time.

After dialling the muting output goes LOW after a hold-over time of 80 ms and the circuit is switched
to the conversation mode.
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'OPERATION

Normal dialling

The IC has a working register with a maximum capacity of 18 positions. Entries in these positions
maybe:

® 10 numeric digits 0 to 9
® Manually programmed access pauses
® 6 non-numeric special keys (*, #, A, B, C, D) in DTMF mode

If none of the special keys have been pressed the contents of the working register will be stored
automatically in the Redial Buffer.

The number of digits can be extended but this will result in a redial memory clear after hook-on.

Up to 18 digits can be stored in the redial register. After the main store overflows, a 10-digit First-in
First-out (FIFO) register takes over as buffer. After transmitting the first digit of the FIFO register this
place is automatically cleared and new data can be stored there. In this way an unlimited number can
be transmitted if the key-in rate is not too fast. However if this FIFO register also overflows (more
than 10 digits in store) further input will be ignored.

This is also valid for manual dialling after automatic dialling.

Automatic dialling
In addition to manual dialling the 1C provides the following automatic functions:

® Redial of the last dialled number

® Extended redial

® Electronic notepad

® Maxirmum of 10 repertory dialling numbers

The maximum capacity of the registers for these numbers is also 18 positions. The 6 non-numeric
digits (*, #, A, B, C, D) will not be stored.

To achieve these automatic dialling functions an extra row of the keyboard is required which contains
the following special function keys:

® P programming/automatic dialling

® FL flash or register recall

® R redial »

® AL manual access pause entry )
Besides the operational procedure for automatic dialling, there are also procedures for programming
these numbers into the memory (see Table 1).
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Table 1 Keying procedures for dial and program operation

mode operation program
redial R automatic
extended redial P-R TN -P
notepad P-R dial -P-P-TN -P
repertory dial P-d P.-d-TN
or M P-M.TN
PABX digits automatic P-R -dq (d2) R d3 (dg)
reset autodial hook-on
RAM 2,5,8,0
hook-off
2,5,8,0
Where:
P = press and release P-key d =digit0to 9
P = press and keep P-key pressed 2,5,8,0 =press and keep pressed keys 2,5, 8 and 0
R = press and release R-key 2,5,8,0 =release keys 2,5,8and 0
TN = telephone number M = press and release M-key

Successive repertory dialling during a call
It is possible to dial more than one repertory number during one single telephone call using the
following procedures:

® Redial, extended redial or a repertory number followed by new digits
® Repertory number followed by one or more repertory numbers
® Normal dial, redial or extended redial followed by one or more repertory numbers

Repertory button dialling via extended keyboard

The PCD3315/503 has the facility to store 10 repertory numbers, activated by the P-button with a
number key or by using direct button action. Then the stored numbers can be re-called by pressing
one of the 10 name buttons. The keyboard extension is connected via pins 26 and 27.
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OPERATION (continued)

Access pause

During a dialling sequence it may be necessary to insert a wait time to ensure correct dialling.

A dialling sequence can always be interrupted by the HOLD input through an access pause recognition,
which results in a fixed time delay.

There are 3 possibilities to enter an access pause:

® At manual dialling by pressing the AP key
® At auto dialling by recognition of the AP-code in the memory
® Recognition of PABX digits, after which an automatic access pause will be inserted

There are 4 possibilities to terminate an access pause:

e HOLD, APO pins directly interconnected:; after a fixed time delay of 3 or 5 seconds in pulse dialling;
1,6 or 2,5 seconds in DTMF dialling. The fixed time delay is determined by a diode strap

® HOLD, APO pins interconnected via an RC network; after a fixed time delay of 3 or 5 seconds in
pulse dialling; 1,5 or 2,56 seconds in DTMF dialling — plus an additional time delay determined by
the RC values

® APO pin enables a dialling tone recognizer, which controls the HOLD input (see Fig. 3)

® HOLD input connected to Vpp; no access pause

During the access pause the muting output remains active during hold-over time. In order to handle
longer line drops during access pauses, the PCD3315 automatically switches to the maximum reset
delay time of 320 ms.

PABX digits

The PCD3315/503 will detect pre-programmed PABX digits and insert an access pause in the dialling
sequence. The reserved capacity is for two different PABX numbers with a maximum of 2 digits each.

Program procedure: P - R - d1, d2 R d3 d4.

Notepad

In the conversation mode the notepad procedure will overwrite the extended redial buffer, without
dialling-out digits. After hook-off this number can be recalled through the extended redial buffer.

Store procedure : P-P - TN P
Dial :P-R

Flash (see Fig. 4b)

Flash or register recall is activated by the flash key which results in a timed line break at output pin
DP/F L. This line break is of a fixed 95 or 650 ms duration in both pulse and DTMF dialling modes.
In the dialling procedure a flash entry will initialize the IC and thus the working register which acts
like a chip enable procedure.

Memory clear

A built-in manually total memory clear to facilitate resetting of the autodial RAM after servicing,
maintenance or telephone set delivery.

Procedure: hook-on, press and keep depressed keys 2, 5, 8, 0;
hook-off, release keys 2, 5, 8, 0.
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Program security

Security measures are incorporated in the IC to avoid incorrect dialling operations and hang-ups.

The program has a built-in RAM check procedure to protect the autodial numbers stored in the RAM.
If one or more bits of this RAM are changed during standby or the battery falls below 1,3 V (typ.),
this will result in a memory clear to avoid subsequent incorrect dialling.

Diode options

There are 4 different diode or strap options which are an extension of the keyboard matrix. Addressing
is via the 4 columns and diode pins.
There are two possibilities:

® Without diode
® With diode (cathode on row-side)

The built-in selections are shown in Table 2.

Table 2 Diode option selections

column description without diode with diode remarks
4 tone burst 100,100 ms 70,70 ms -
1 break, make-time 60,40 ms 67,33 ms -
2 access pause 3s 5s pulse dialling
2 access pause 15s 25s DTMF dialling
3 flash time 95 ms 650'ms -
RATINGS
Limiting values in accordance with the Absolute Maximum System (1EC 134)
Supply voltage (pin 28) VDD —-08to+8 V
All input voltages Vi 08toVpp+08 V
D.C. current into any input of output |, tlp max. 10 mA
Total power dissipation (see note) Ptot max. 500 mW
Power dissipation per output Po max. 50 mwW
Storage temperature range Tstg —65 to + 1560 °C
Operating ambient temperature range Tamb —-25t0 + 70 °C
Operating junction temperature Tj max. 125 oC
Note
Thermal resistance (junction to ambient) .
for SOT-117 Rthj-a max. 120 K/W
for SOT-136A Rthja max. 150 K/W
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D.C. CHARACTERISTICS

VDD =251t06V;Vss=0V; Tamb =25 to + 70 OC; all voltages with respect to Vgg;
f = 3,568 MHz with Rg = 50 £; unless otherwise specified

parameter symbol min. typ. max. unit
Supply voltage
operating VDD 25 - 6 \
STOP mode for RAM retention VDD 1,0%* - 6 \%
Supply current
dialling mode
atVpp=3V IDD - 500 - MA
conversation mode
atVpp=3V IDD - 270 - MA
STOP mode*
atVpp=18V; Tamp=25°C IpD - 1,2 25 uA
atVpp=1,8V; Tamp =55 °C IpD - - 5 MA
atVpp=18V;Tamp=70°C Ipp - - 10 MA
RESET 1/0
Switching level VRESET | — 1.2 16 \
Sink current
at Vpp > VRESET loL - 7 - HA
Inputs
Input voltage LOW ) ViL 0 - 0,3VpD Y,
Input voltage HIGH VIH 07Vpp | - VDD \Y
Input leakage current
atVegg <V <Vpp L — - 1 HA
Outputs
Output voltage LOW
at Vi =Vsggor Vpp; llol <1 kA VoL - - 0,05 \Y
Output sink current LOW
atVpp=3V;Vp=04V loL 0,6 15 - mA
Pull-up output source current HIGH
(except SDA, SCL)
atVpp=3V;Vp=09Vpp - —IOH 10 - - MA
atVpp=3V;Vpo=Vss —I0oH - - 200 HA

*  Crystal connected between XTAL 1 and XTAL 2; SCL and SDA pulled to Vpp via 5,6 kS2 resistor;
CE and PD/DTMF at Vsg.
** Because RAM is cleared if POR is activated by software, this value must be max. VRESET.
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Table 3 Timing data

parameter symbol typ. unit
without diode with diode
Reset delay time trds 160 160 ms
Reset delay time during access pause trds 320 320 ms
Keyboard debounce time tdb 20 20 ms
Flash time tf) 95 650 ms
Pulse dialling
Dial frequency fd 10 10 Hz
Break/make time th/m 60,40 67,33 ms
Interdigit pause tidp 840 840 ms
Access pause tap 3 5 s
Mute hold-over time 4 LN 1 1 s
DTMF dialling
Tone transmission time tt min. 100 or min. 70 or ms
key-down time key-down time
Tone pause time p min. 100 min. 70 ms
Mute hold-over time during dialling th 80 + tp 80 + Y ms
Mute hold-over time during access pause th 1 1 s
Access pause tap 1,5 25 s

4 Only during access pause.
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tdb
e
KEYBOARD
ENTRY _—_——>|l 3 .. 4 —_— -
contact | l—-l——— » contact bounce time + 20 ms
bounce time
M1 - T ——_|
T tm
<—>{ —DI [
DP/FL 1S 1) 73 S I
L"tm
b
tidp nx '(dp
l_ DIALLING MODE e
CONVERSATION CONVERSATION  STATIC
MODE MODE STANDBY
(await dialling tone) 7280781 MODE

Fig. 4a Timing diagram for pulse dialling mode, defined by PD/DTMF = LOW (Vss).

CE _f <tp ' L_l L
> e (no effect)
<t_t>’ >tt
KEYBOARD -
ENTRY — [+ 2 [ s Fl
td_lll tdb "gﬂ tdb tab

M L T
X :

DTMF WWW W

oty >t . B

DP/FL

7280782

Fig. 4b Timing diagram for DTMF dialling mode, defined by PD/DTMF = HIGH (VDD).
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Fig. 5 Block diagram of feature phone.
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DEVELOPMENT DATA
This data sheet contains advance information and PCD331 5C

specifications are subject to change without notice.

CMOS MICROCONTROLLER FOR TELEPHONE SETS

GENERAL DESCRIPTION

The PCD3315C is a single-chip 8-bit microcontroller fabricated in CMOS and is a member of the
PCD3343 family. It has special on-chip features for application in telephone sets.

Features

8-bit CPU, ROM, RAM, 1/0 in a single 28-lead DIL or SO package

1536 ROM bytes

160 RAM bytes

20 quasi-bidirectional 1/0 port lines .

Two test inputs: one of which is also the external interrupt input (CE/TO)
Single-level vectored interrupts: external, timer/event counter

8-bit programmable timer/event counter

Over 80 instructions (based on MAB8048, MAB8400, PCD3343 and PCF8500)
All instructions 1 or 2 cycles

Clock frequency 100 kHz to 10 MHz

Single supply voltage from 1,8 V to 6 V

Low standby voltage and current

STOP and IDLE mode

On-chip oscillator with output drive capability for peripherals

Configuration of all 1/0 port lines individually selected by mask: pull-up, open drain or push-pull
Power-on-reset circuit and low supply voltage detection

Reset state of all ports individually selected by mask

Operating temperature range: —25 to + 70 °C

PACKAGE OUTLINES

PCD3315CP: 28-lead DIL; plastic (SOT-117).
PCD3315CT: 28-lead mini-pack; plastic (SO-28; SOT-136A).
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————————— .l
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PROGRAM ADORESS [ |
COUNTER REGISTER REGISTER 0
REGISTER 1
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RESET 13V oECaER REGISTER 5
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RESET o [ gLeveLstack | L 160
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oD OPTIONAL SECOND
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Fig. 1 Block diagram; PCD3315C.
e ———— e
= A0=A12 1 | A0-A12 a
| D0-D7 | {} D0-D7 |
| | | I | |
| CLK «— I | |
PSEN «— | | PSEN +—
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| HALT —) |' | |
| NTA +— | | |
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(a) (b)
Fig. 1a Replacement of dotted part in Fig. 1, Fig. 1b Replacement of dotted part in Fig. 1,
for the PCD8500F bond-out version. for the PCF8500B ‘Piggy-back’ version.
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PINNING

PIN DESIGNATION

3
4-11
12

13

14
15

16
17

18-25
26,27,1,2
28

n.c.
P00-PO7
CE/TO

T

Vss
XTAL 1

XTAL 2
RESET

P10-P17
P20-P23

Vpbbp

p22 [1] U 28] Voo
P23 [2] [27] P21
ne [3] E P20
poo [4 [25] P17
po1 5 [22] P16
po2 [6 23] P15
po3 [7 ] 22] P14
o1 [5] PCD3315C ] s
P05 E 20] P12
P06 [10] [19] P11
P07 E 18] P10
ce/To [1z] [17] ReseT
T E [16] xTAL2
vss [14] [15] xTAL1

7297152

Fig. 2 Pinning diagram: PCD3315C.

not connected
Port 0: 8-bit quasi-bidirectional 1/0 port.

Interrupt/Test 0: external interrupt input (sensitive tc positive-going edge
edge)/test input pin; when used as a test input directly tested by
conditional branch instructions JTO and JNTO.

Test 1: test input pin, directly tested by conditional branch instructions
JT1 and JNT1. T1 also functions as an input to the 8-bit timer/event
counter, using the STRT CNT instruction.

Ground: circuit earth potential.

Crystal input: connection to timing component (crystal) which determines
the frequency of the internal oscillator; also the input for an external
clock source.

connection to the other side of the timing component.

Reset input: used to initialize the processor (active HIGH), or output of
power-on-reset circuit.

Port 1: 8-bit quasi-bidirectional 1/0 port.
Port 2: 4-bit quasi-bidirectional 1/0 port.
Power supply: 1,8 Vto6 V.
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D.C. CHARACTERISTICS

Vpp =25 to 6V;Vgg=0V; Tamp =—25 to + 70 OC; all voltages with respect to Vgg; f = 3,68 MHz
with Rg =50 ; unless otherwise specified.

parameter symbol min. typ. max. unit
Supply voltage
operating {'VDD 1,8 - 6 \
STOP mode for RAM retention Vpp 1,0 - 6 v
Supply current
operating _
atVpp=3V IpD - 350 - uA
IDLE mode
atVpp=3V IpD - 150 - uA
STOP mode (note 1)
at Vpp=1,8V; Tamh =25°C Ipp - 1,2 2,5 HA
atVpp =18V; Tamp =55°C IpD - - 5 RA
atVpp=1,8V; Tamp=70°C IpDp - - 10 MA
RESET 1/0
Switching level VRESET - 1,2 — Y
Sink current
atVpp > VRESET oL - 7 - HA
Inputs ‘
Input voltage LOW ViL 0 - 0,3Vpp v
Input voltage HIGH ViH 0,7Vpp | — Vbp v
Input leakage current
at Vgg <V <Vpp S ITH - - 1 uA
Outputs
Output voltage LOW
atVy=Vggor Vpp:llgl <1pA VoL —_ - 0,05 \Y)
Output sink current LOW
atVpp=3V;Vg=04V loL 0,6 1,5 - mA
Pull-up output source current HIGH
atVpp=3V;Vp=0,9Vpp —loH 10 - - HA
atVpp=3V;Vg=Vgg —loH - - 200 HA
Push-pull output source current HIGH
atVpp=3V;Vp=Vpp-0.4V —loH 0,6 1,6 - mA
Note 1

Crystal connected between XTAL 1 and XTAL 2; pin 2 pulled to Vpp via 5,6 k€2 resistor;
CE and T1 at Vgg.
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C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT

The PCD3320 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be
retained in a RAM for redial. A delayed reset is built-in for line power breaks.

The circuit has the following features:

Operation from 2,5 V to 6 V supply.

Static standby operation down to 1,8 V.

Low current consumption; typ. 40 uA.

Low static standby current; typ. 1 pA.

On-chip oscillator for 3,58 MHz crystal.

Fully decoded and debounced inputs for 3 x 4 matrix keyboard.
All inputs with pull-up/pull-down (except CE).

23-digit capacity for redial operation.

Circuit reset for line power breaks; > 160 ms.

Dialling pulse frequency: 10 Hz.
‘Test pulse frequency: 932 Hz.

Hold facility for lengthening the inter-digit period.

Memory overflow possibility (with internally disabled redial).
All inputs are internally protected against electrostatic charges.

High input noise immunity.

PACKAGE OUTLINES

PCD3320P : 18-lead DIL; plastic (SOT-102GE).
PCD3320D: 18-lead DIL; ceramic (SOT-133B).
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PINNING

1 VbD
10 Vss
Inputs

5 FO1

7 CE

1 X1

12 X2

13 X3

14 Y1

15 Y2

16 Y3

17 Y4

18 HOLD
Outputs

2 DP

3 M
4 M1

6 M3
Oscillator

8 OSC IN
9 OSC ouUT

or[2 17] va
mi[3 EYS
M [ 4 15] Y2

Fo1[5 | Pcp3320 Ew

m3 [6 13] x3

ce[7 12] x2

oscin(s 1] x1

osc ouT [ 9 R 10] vgs
7283263.1

Fig. 1 Pinning diagram.

positive supply
negative supply

the dialling pulse frequency is defined by the logic state of this input
Chip Enable; used to initialize the system; to select between the operational
mode and the static standby mode; to handle line power breaks.

column keyboard inputs with pull-down on chip

row keyboard inputs with pull-up on chip

interrupts dialling after completion of the current digit or immediately
following an inter-digit pause (tjq); further keyboard data will be accepted

Dialling Pulse; drive of the external line switching transistor or relay
Muting; normally used for muting during the dialling sequence

inverted output of M1 _

AND function, with DP and M1 as input, for direct drive of a switching
transistor for dialling pulses and muting.

input and output of the on-chip oscillator
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C-MOS interrupted current-loop dialling circuit

PCD3320

OSC IN  0OSC OUT FO1
Y8 b 9 Y5 CcL
r'y
PROGRAMMABLE TIMING R 7
OSCILLATOR |+ DIVIDER " COUNTER »| RESET |
Y
4 PCD3320 1 1
y v JV
READ 18
- AbDRESs K +
COUNTER
24x4BIT | ADDRESS {}
RAM DECODER CONTROL
ADDRESS
< SELECT = LOGIC 3
i 4
WRITE
INPUT/ 6
ADDRESS | R
ouTPUT COUNTER
OUTPUT [ I l; a1
COUNTER KEYBOARD
DECODER 10]
Y2 411412413414 415416417
7283264.2
DP X1 X2 X3 Y1 Y2 Y3 Y4

Fig. 2 Block diagram.

FUNCTIONAL DESCRIPTION (see also Fig. 2)
Clock oscillator (OSC IN, OSC OUT)

The time base for the PCD3320 is a crystal controlled on-chip oscillator which is completed only by
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency

divider of which the division ratio can be externally set by input FO1 to provide one of two chip system
clocks; the ‘normal’ clock frequency (FO1 = LOW) and the test frequency (FO1 = HIGH).

Alternatively, the OSC IN input may be driven from an external clock signal.

CE

HOLD

M1

M3

VoD

Vss
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Chip Enable (CE)
The CE input is used to initialize the chip system.

CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The
keyboard input is inhibited, but data previously entered is saved in the RAM.

When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be
entered from the keyboard.

If the CE input is taken to a LOW level for more than the time t,q (see Figs 5 and 6 and timing data)
an internal reset pulse will be generated at the end of the t,q period. The system is then in the static
standby mode. Short CE pulses of < t,q will not affect the operation of the circuit. No reset pulses are
then produced.

Debouncing keyboard entries

The column keyboard inputs to the integrated circuit (X,) and the row keyboard inputs (Y} are for
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as
shown in Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is
decoded into a 4-bit binary keycode by the keyboard decoder when one column input is connected to
one row input or, when one column input is set HIGH and one row input is set LOW. Any other input
combinations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock
pulse periods (entry period tg). The next keyboard entry will not be accepted until the previously
closed contact has been open for three or four clock pulse periods. The one clock pulse period of
uncertainty in the debouncing process arises because keyboard entries are not detected until the
trailing edge of the first clock pulse after the entry.

Data entry

After each keyboard entry has been debounced and decoded, the keycode is written into the RAM,
and the WAC is incremented by one to select the next RAM location where the next keycode will be
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled.
Consequently, the difference between the contents of the WAC and of the RAC represents the number
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the
data in the lower numbered RAM locations. In this event, since an erroneous number is stored,
automatic redialling is inhibited until the WAC has been reset by the first digit entry of the next
telephone call.

If the first pushbutton to be pressed is not redial (#), the WAC s reset during entry time tg, the
corresponding keycode is written into the first RAM location, and the WAC is then incremented by one.
If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored in the
RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. During
redial no keyboard entry will be accepted and stored in the RAM. But, when all in the RAM stored
numbers have been pulsed out, new keyboard entry will be accepted, stored in the RAM and converted
into correctly timed dialling pulses.
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T T T common (left open)
—O 1 ? —O 2 ? —O 3 ? i .
T T —O || O— O —O || O—
—O —O —O
4 ? 5 ? 6 (1) v2 —O 1 i O 2 ? —O 3 ?
+ Y1
I 1 T T
—O
77 ™87 ™99 v o [[o—+ ¢o[[o4 +o[[oH
»—oI »—oI O 4 i O ¢ T 0 5 T )
0 L—#i_ Y4 T T
X3 m O—e P—O O— O || 04
X2 —O —O —O
7
X [ ' D o O
7283265 T
—O || O—¢ O || 0
Lo Lo
0 #
L 1 va
# Redial. — X3
X2
7283266 X1
Fig. 3 Single contact keyboard. Fig. 4 Double contact keyboard.
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C-MOS interrupted current-loop dialling circuit PCD3320

Dialling sequence
The dialling sequence can be initiated under either of the following two conditions:

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts
(power supply before keyboard entry); see Fig. 6.

Then, approximately 4 ms (tg,) after CE goes HIGH, the clock pulse generator starts and, ten clock
pulse periods (tq) later, a prepulse with a duration of ten clock pulse periods (tq) appears at outputs
M1 and M3. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it
switches to the de-muted position so that the circuit is then in the conversation mode whilst the
subscriber awaits the dialling tone. When the first digit of the required number is entered at the
keyboard, data entry period t; commences.

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in
series with a common keyboard contact (Fig. 7).

When the first digit of the required number is entered at the keyboard, the common keyboard contact
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (typ) after CE goes
HIGH, the clock pulse generator starts and data entry period tg commences. After period tg, M1 goes
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the
muting circuit controlled by M1.

The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit
pause (tjq) ensues. M2 then goes HIGH (M2 is an internally generated signal, used for explanation
only), the RAC addresses the RAM and the first keycode is loaded into the register of the output
counter which generates the appropriate number of correctly-timed dialling pulses at outputs DP and
M3. When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the
procedure repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then
goes LOW, the circuit assumes the conversation mode. The circuit reverts to the static standby mode
if CE goes LOW for more than the reset delay time (t,4 = 1,6 dialling pulse periods) at any time
during the conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW
although Vpp is maintained by a back-up supply (e.g. because an external diode isolates CE from the
back-up supply connected to Vpp). The RAM retains its contents for subsequent automatic redialling
as long as the back-up supply maintains Vpp above Vppo = 1,8 V.
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handset handset
lifted replaced
CRADLE == - == ‘l
CONTACT

: VDD maintained from

| «~ back-up supply

[
|
! - -
Voo |
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- ! ! - - |
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RAC contents = _f
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for last digit of number
DIALLING MODE - — ——
LCONVERSATION CONVERSATION STATIC
MODE MODE STANDBY
(await dialling tone) MODE
7279967.1

* oscillator off.
all registers except WAC reset .
keyboard input inhibited .
number stored in RAM until Vpp < 1,8V.

Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply
via the cradle contacts). M2 is an internal signal.

204 February 1982



C-MOS interrupted current-loop dialling circuit v PCDS32O
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Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after
point A. M2 is an internal signal.
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Hold function

As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be
prolonged under the control of external equipment. When the HOLD input is set HIGH, the dialling
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out.
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on M3
and DP until the HOLD input is set LOW again and an inter-digit pause has elapsed.

HOLD r“““““"““j .

M1 ] [

| |
e T ¥tm | [
|
M2 __ L I
[ | | |
Lt fmo | !
g | | |
op I [1] [z] [s]! | ]
tm I tm I | |
—| | e |- first pulse of next digit
I 1 | |
ms_ [N [
| start of tig |
Vbp > VDDo delayed until
CE = HIGH HOLD = tid
’ LOW
—_— - | -———— — —
DIALLING CONVERSATION DIALLING
MODE MODE MODE
7279974

Fig. 8 Timing diagram showing the effect of activating the HOLD input during the transmission of
dialling pulses. M2 is an internal signal.
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PCD3320-

RATINGS

Limiting values in accordance with the Absolute Maximum System (1EC 134)

Supply voltage
Voltage on any pin

Operating ambient temperature range

Storage temperature range

CHARACTERISTICS

VbD

Vi

Tamb
Tstg

—-03t08 V

Vgs—0,3toVpp +0,3 V

—-25t0 +70 °C
—55to+ 1256 OC

Vpp =3 V; Vgg =0 V; crystal parameters: fogc = 3,58 MHz, Rgmax = 100 Q2 (note 3); Tamp = 25 °C;

unless otherwise specified

symbol | min. typ. max. conditions
Operating supply voltage VpD 25 3 6 Vv
Standby supply voltage Tamb =—25t0 +700C
(note 1) Vppo |1.8 - 6 Vv
Operating supply current Ipp - 40 - MA CE = HIGH; notes 2, 3
oo |- 50 100 A || oo iGN VoD=eY:
Standby supply current IpDO - 1 5 nA CE = LOW,; note 2
Ibbo |~ - 2 HA { ¥f,,?b =1_'gr\>/ to +70°C
Input voltage LOW ViL - - 03Vpp l 18V <Vpp <6V
Input voltage HIGH VIH 07Vpp - - J
Input leakage current; CE
LOW - - - 50 nA CE = LOW
HIGH IH - - 50 nA CE = HIGH
Pull-down input current
FO1, HOLD lIH 30 100 300 nA V|=VpDp
Matrix keyboard operation
Keyboard current Ik - 10 - A { éEcZnafét:d oY,
Keyboard ‘ON’ resistance RKON |— - 500 Q contact ON; note 4
Keyboard ‘OFF’ resistance | RkoFF | 1 - - M | contact OFF; note 4
Other keyboard operation
Input current for X, ‘'ON" | Iy - - 30 MA | V;=15t03V
Input current for Y, ‘'ON’" | =y 10 — - uA Vi=0to25V
Input current Yy, | - — 0,7 mA | V|=Vgg
Output sink current loL 0,7 16 32 mA| VoL=05V
Output source current —loH 0,65 1,3 27 mA VoH=25V

Notes

1. Vppo = 1.8 V only for redial.
2. All other inputs and outputs open.

3. Stray capacitance between pins 8 and 9 <3 pF.
4. Guarantees correct keyboard operation.
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TIMING DATA |
Vpp =3 V; Vgg = 0 V; crystal parameters: fogc = 3,58 MHz; Rgmax = 100
symbol | min. typ. max. conditions
Clock start-up time ton - 4 — ms Figs 6, 7; note 1
Initial data entry time
(tj = ton + te) timin | — 18 - ms | FO1=LOW } Fig. 7
timax | — 4 - ms | FO1=HIGH ’
TIMING DATA Il (exact values)
Vpp=251t06V;Vgg=0V; fyec = 3,68 MHz
symbol | FO1=LOW | FO1=HIGH conditions
(dialling) (testing)
Dialling pulse frequency fop 10,13 932,2 Hz note 2
Dialling pulse period; 1/fpp Tpp 98,7 1,073 ms Figs 6,7
Prepulse duration; 1/3x Tpp | t4 33 0,358 ms Figs 6,7
Inter-digit pause; 8 x Tpp tig 790 8,58 ms Figs 6, 7
Break time; 3/5 x Tpp tp 59,2 0,644 ms Fig. 6
Make time; 2/5 x Tpp tm 39,5 0,429 ms Fig. 6
Debounce time
min. 4/30 x Tpp te min 13,2 0,143 ms Fig. 5
max.; 1/6 x Tpp te max 16,5 0,179 ms Fig. 5
Reset delay time; 1,6 x Tpp trd 158 1,7 ms Figs 5,6, 7

Notes

1. Stray capacitance between pins 8 and 9 < 3 pF.
2. Exactly 10 Hz and 920 Hz respectively when a 3,56328 MHz crystal is used.
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PCD3320

TYPICAL CURVES
8 7288361
bbo
(uA)
6
Tamb =
/—25°c
|
4 7
/ +25°C
V ( +—;O°C
) /
e
e
—
0
0 2 4 6 8
Vppo (V)

Fig. 9 Standby supply current as a
function of standby supply voltage.

15 7288362
I
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10
Tamb=
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5
4 +70°C
/4
0
0 1 2 yv 3

Fig. 11 Pull-down input current as a
function of input voltage at Vpp =3 V.
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40 / " i
J L +700C
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Fig. 10 Operating supply current as a
function of operating supply voltage.
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100 / — | .
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Fig. 12 Pull-down input current as a
function of supply voltage at V| = Vpp.
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TYPICAL CURVES (continued)

7288364 7288365

40 40
Ik x Y Y
(uA) —ly
(nA) Vpp=3V \VDD—GV
30 Tamb = 30
-25°C \
20 ,/ 20 { \
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Fig. 13 Keyboard current as a Fig. 14 Keyboard input characteristics
function of supply voltage; at Tamp = 25 °C.
X-pins connected to Y-pins.
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Fig. 15 Output (N-chén_ngl) sink Fig. 16 Output (P-channel) source
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Curves for Figs 15 and 16
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J L PCD3321

C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT

The PCD3321 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be
retained in a RAM for redial. A delayed reset is built-in for line power breaks.

The PCD3321 can regenerate access pauses during redial. During the original entry, access pauses are
stored either automatically or via the keyboard. A regenerated access pause can be terminated during
redial in three ways: automatically after a built-in time, or via the keyboard, or with an external dial
tone recogniser circuit. This makes the circuit very suitable for redial in PABX (Private Automatic
Branch Exchange) systems. The PCD3321 is pin to pin compatible with the DF320 and the MT4320
(however, including additional functions).

The circuit has the following features:

Operation from 2,5 V to 6 V supply.

Static standby operation down to 1,8 V.

Low current consumption; typ. 40 pA.

Low static standby current; typ. 1 uA.

On-chip oscillator for 3,568 MHz crystal.

Fully decoded and debounced inputs for 3 x 4 matrix keyboard.
23-digit capacity, including access pauses, for redial operation.
Memory overflow possibility (with internally disabled redial).
Selectable dialling pulse frequency: 10 Hz, 16 Hz and 20 Hz.
Test pulse frequency: 932 Hz.

Selectable dialling pulse mark/space ratios; 2 : 1 or 3 : 2.

Hold facility for lengthening the inter-digit period.

Circuit reset for line power breaks; > 160 ms (10 Hz dialling pulse frequency).
Access pause generation automatically or via the keyboard.

Access pause reset:
automatically after 3 s (10 Hz dialling pulse frequency),
via the keyboard,
with external tone recogniser.

e All inputs with pull-up/pull-down (except CE). '
e All inputs are internally protected against electrostatic charges.
e High input noise immunity. '

PACKAGE OUTLINES

PCD3321P: 18-lead DIL; plastic (SOT-102GE).
PCD3321D: 18-lead DIL; ceramic (SOT-133B).
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Voo [1 U 18] HoOLD/APO
op [2 17] va
M1 |3 E Y3
m/s | 4 E] Y2
Fo1 [5] rpco3z2t [14] v
Fo2 [ 6 [13] x3
ce [7 12] x2
osc IN [ 8 1] x1
osc ouT [9 10] Vss
7284491.1
PINNING Fig. 1 Pinning diagram.
1 VpD positive supply
10 Vgg negative supply
Inputs
4 M/S controls the mark-to-space ratio of the line pulses
g Eg; : the dialling pulse frequency is defined by the logic state of these two inputs
7 CE Chip Enable; used to initialize the system; to select between the operational mode

and the static standby mode; to handle line power breaks

1 X1

12 X2 l column keyboard inputs with pull-down on chip

13 X3 J

14 Y1 l

15 Y2 . . .

16 v3 J row keyboard inputs with pull-up on chip

17 Y4

Outputs

2 DP Dialling Pulse; drive of the external line switching transistor or relay
3 M1 Muting; normally used for muting during the dialling sequence
Input/output

18 HOLD/APO This pin will go HIGH when an access pause code is read from the memory during
pulsing and will interrupt dialling. It can also be externally controlled; it will
interrupt dialling after completion of the current digit or immediately during an
inter-digit pause (tjg); further keyboard data will be accepted.

Oscillator

8 OSC IN
9 OSCc oUT

input and output of the on-chip oscillator
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0SC IN  0SC OUT FO1 FO2 M/S
v8 ‘Pg v5 ¢6 cL v4
ﬂl
PROGRAMMABLE TIMING 7
»| RESET |— E
OSCILLATOR DIVIDER COUNTER ¢
v
4 PCD3321 1 1
v v v
READ
- ADDRESS
COUNTER
24x4BIT | ADDRESS 4}
RAM DECODER 3
¢ ADDRESS CONTROL [ 1T— M1
SELECT @ LOGIC
WRITE
INPUT/ 18]  HOLD
OUTPUT ADDRESS [ HoLo/
COUNTER
4 APO
OUTPUT I I {; 1 Vpp
COUNTER KEYBOARD <:> ACCESS
DECODER PAUSE 10 v
Y2 111412413414 415416 417
DP X1 X2 X3 Y1 Y2 Y3 Y4 72844921

Fig. 2 Block diagram.

FUNCTIONAL DESCRIPTION (see also Fig. 2)
Clock oscillator (OSC IN, OSC OUT)

The time base for the PCD3321 is a crystal controlled on-chip oscillator which is completed only by
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency
divider of which the division ratio can be externally set (FO1 and F02) to provide one of four chip
system clocks; three ‘normal’ clock frequencies and one higher test frequency.

Alternatively, the OSC IN input may be driven from an external clock signal.
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Chip Enable (CE)
The CE input is used to initialize the chip system.

CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The
keyboard input is inhibited, but data previously entered is saved in the RAM.

When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be
entered from the keyboard.

If the CE input is taken to a LOW level for more than the time t.q (see Figs 5 and 6 and timing data)
an internal reset pulse will be generated at the end of the t,q period. The system is then in the static
standby mode. Short CE pulses of < t.4 will not affect the operation of the circuit. No reset pulses are
then produced.

Debouncing keyboard entries

The column keyboard inputs to the integrated circuit {(Xp,) and the row keyboard inputs (Y) are for
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as shown
in Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is decoded
into a 4-bit binary keycode by the keyboard decoder when one column input is connected to one row
input or, when one column input is set HIGH and one row input is set LOW. Any other input combin-
ations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock pulse
periods (entry period tg). The next keyboard entry will not be accepted until the previously closed
contact has been open for three or four clock pulse periods. The one clock pulse period of uncertainty
in the de bouncing process arises because keyboard entries are not detected until the trailing edge of
the first clock pulse after the entry.

Data entry

After each keyboard entry has been debounced and decoded, the keycode is written into the RAM,
and the WAC is incremented by one to select the next RAM location where the next keycode will be
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled.
Consequently, the difference between the contents of the WAC and of the RAC represents the number
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the
data in the lower numbered RAM locations. In this event, since an erroneous number is stored, auto-
matic redialling is inhibited until the WAC has been reset by the first digit entry of the next telephone
call.

If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the
corresponding keycode is written into the first RAM location, and the WAC is then incremented by
one. If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored

in the RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP.

If the redial pushbutton (#) is operated again during the redialling sequence it will be decoded as an
Access Pause Reset. This function will be described later during the description of the access pause
system of the PCD3321. During redial no keyboard entry will be accepted and stored in the RAM. But,
when all in the RAM stored numbers have been pulsed out, new keyboard entry will be accepted,
stored at the RAM position after the last digit code of the original entry and converted into correctly
timed dialling pulses.
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PCD3321
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Fig. 3 Single contact keyboard.
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Double contact keyboard.
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Fig. 5 Timing diagram showing clock start-up, keyboard entry debouncing
and the effect of interrupting the supply to CE during the transmission of

dialling pulses.
N.B.: CL and M2 are internal signals.
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C-MOS interrupted current-loop dialling circuit PCD3321

Dialling sequence
The dialling sequence can be initiated under either of the following two conditions:

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts
(power supply before keyboard entry); see Fig. 6.

Then, approximately 4 ms (ty,) after CE goes HIGH, the clock pulse generator starts and, ten clock
pulse periods (tg) later, a prepulse with a duration of ten clock pulse periods (tq) appears at output
M1. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it
switches to the de-muted position so that the circuit is then in the conversation mode whilst the
subscriber awaits the dialling tone. When the first digit of the required number is entered at the
keyboard, data entry period t, commences.

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in
series with a common keyboard contact (Fig. 7).

When the first digit of the required number is entered at the keyboard, the common keyboard contact
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (tg,) after CE goes
HIGH, the clock pulse generator starts and data entry period tg commences. After period tg, M1 goes
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the
muting circuit controlled by M1.

The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit
pause (tjq) ensues. M2 then goes HIGH (M2 is an internally generated signal, used for explanation
only), the RAC addresses the RAM and the first keycode is loaded into the register of the output
counter which generates the appropriate number of correctly-timed dialling pulses at output DP.
When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the procedure
repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then goes LOW,
the circuit assumes the conversation mode. The circuit reverts to the static standby mode if CE goes
LOW for more than the reset delay time (t.q = 1,6 dialling pulse periods) at any time during the
conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW although Vpp is
maintained by a back-up supply (e.g. because an external diode isolates CE from the back-up supply
connected to Vpp). The RAM retains its contents for subsequent automatic redialling as long as

the back-up supply maintains Vpp above Vppo =18 V.
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handset handsst
lifted replaced
CRADLE I - - - ..[
CONTACT
I - | VDD maintained from
I -- -- _ __la back-up supply
Vbp |
| |
| j==trd =i ot
r - ! 1 - __ |
ct u —l ! L
! (no effect) ! |
:prepulse ! :
M1 I | L ! .
1 [ 1 | - - T
1ton*tg 1 , !
- |-— 1 H !
tg—=i l=— Il te ‘ !
KEYBOARD e | |
ENTRY [ T P L L | .
| 1 | 1 T I
i g i |
: _c;m;; > contact bounce time + tg | :
M2 lbounce time _ ﬁ _ _J—————[ ~ ! .
! ! Ity T tml It T tal 1
| | p—| r?‘—>| —>|mp¢- —— "II"._.I _.'d[‘_ i
| | |1 [ ! | 1 iy |
P | | 1 ELE] O ELEL L | .
! | [BEETSI ! | byt 11
[ [ Joytm, | o tm, " :
} : i: : 1 RAC contents = § | :
1 WAC contents |
" : : Il ! I :
| | ll | tid : nT+tg | I
! ; l ' for last digit of number ! |
L ! DIALLING MODE | | —
LCONVERSATION CONVERSATION STATIC
MODE MODE STANDBY
(await dialling tone) MODE
* oscillator off. 72844971

all registers except WAC reset .
keyboard input inhibited.
number stored in RAM until Vpp < 1,8V.

Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply
via the cradle contacts). M2 is an internal signal.
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J L PCD3321

handset handset
lifted replaced
CRADLE - - -
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' : >tontte :
COMMON
CONTACT ! I | - - "
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: \ |/  back-up supply
VoD I | [
! ]
! [T
I 3 - _— __d |
e 1| LJ 1
I —elia— ton = i
: ” clock start time :
M1 1 mi - L__ |
| —l] l— ] I
I Htj=ton +te | |
: | ; >t { E
KEYBOARD
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M2 ! I | | e |
] [ [ | | I
[ | i , | |
| | | | | |
op ! ! =] =] i MEUEUEL i
! | 1 | | | 1
| o | | 1 | |
| (await i 1
| dialling 'I 1 ! ; : ',
| tone) | tid : nT | tid | nT+ty | |
| | | ! 1 |
I | {

DIALLING MODE

STATIC
STANDBY
MODE

7284498 1

CONVERSATION
MODE

Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after

point A. M2 is an internal signal.
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Hold function

As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be
prolonged under the control of external equipment. When the HOLD/APQ is set HIGH, the dialling
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out.
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on DP
until the HOLD/APO is set LOW again and an inter-digit pause has elapsed.

HOLD/APO r -'1_—
I

M1
. |
| nT +tm | | ’
I
M2 | |
i ! | |
Lt Smo a l
| 1 | | !
DP L[] ]2] [5]! | 1]
tm | T oty 11 [
—| :<—>I — | |- first pulse of next digit
[ |
| start of tig |
Vpbp > Vbpo delayed until
CE = HIGH HOLD/APO| _ tid
= LOW
—_—— -+ e |-— — —
DIALLING CONVERSATION DIALLING
MODE MODE MODE
7284496

Fig. 8 Timing diagram showing the effect of activating the HOLD/APO during the transmission of
dialling pulses. M2 is an internal signal.
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If there are no further key entries
before this instant, M1 goes LOW after ty
and an access pause keycode is ‘l bounce time + tg

written into the RAM. e
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KEYBOARD r——o———l
INPUT -

[
|
|
|
I when another key is pressed
|
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|
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Fig. 9 Dialling sequence showing how an access pause code is automatically stored in the RAM for possible redialling if no further key entries are
made until all of the previously entered digits have been transmitted. The dialling sequence continues when another key is pressed.
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Access pause regeneration during redial

During original entry, access pause codes can be stored at the appropriate positions in the RAM.

During redial the Access Pause Output (HOLD/APQ)will go HIGH as soon as an access pause code is

read from the RAM, thereby interrupting dialling until HOLD/APO is made LOW again as described above.

In this way the normal inter-digit pause with a duration t;q can be replaced by a proper access pause.

An access pause code is now automatically stored in the RAM during original entry, when M1 goes

LOW, after all digits so far entered have been transmitted (see Fig. 6). This occurs between entering of

the trunk exchange code and the subscriber code, whilst the access tone is available. Up to two access

pauses can be entered into the RAM in this manner. Alternatively, the access pause key (%) can still be

pressed to insert (more) access pauses manually (digits + access pauses < 23).

During redial, access pauses will be automatically regenerated.

Three methods of terminating an access pause:

1. Automatically, if the built-in time t,, expires; HOLD/APO then goes LOW.

2. Manually, by pressing the redial key Eefore tap expires.

3. With an external tone recogniser, by forcing HOLD/APO to LOW or HIGH respectively, for
shortening or lengthening an access pause.

HOLD/APO _ ['" | .

DIALLING !

|
TONE —_——! --.IWW____._.
tig
-

DIALLING CONVERSATION DIALLING
MODE MODE MODE
7284494

(1) a. Access pause (tap) expires or press redial before end of tgp.

b. HOLD/APO controlled by tone recogniser:
HOLD/APO forced to LOW before tap expires; access pause < tap
HOLD/APO forced to HIGH after tap expires; access pause > tap-

Fig. 10 Timing diagram showing Access Pause Reset.
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C-MOS interrupted current-loop dialling circuit

PCD3321

RATINGS

Limiting values in accordance with the Absolute Maximum System (IEC 134)

Supply voltage
Voltage on any pin

Operating ambient temperature range

Storage temperature range

CHARACTERISTICS

Vpp =3 V; Vgg = 0 V; crystal parameters:

unless otherwise specified.

fosc = 3,58 MHz, Rgmax = 100 Q (note 3); Tamp = 25 °C;

Vbp
\7

Tamb
Tstg

—-03t08 V

Vgg—0,3to Vpp +03 V

—-25to0 +70 ©C
~55to +125 OC

symbol | min. typ. max. conditions
Operating supply voltage Vpp 25 3 6 \)
Standby supply voltage Tamb=—25t0 +70°C
(note 1) Vppo | 1.8 - 6 \Y) .
Operating supply current IpD — 40 — MA CE = HIGH; notes 2, 3
IDD ~ 50 100  uA {:ft:s"z'ng?VDE’:G Vi
Standby supply current IppoO - 1 5 uA CE = LOW; note 2
IpDO - - 2 MA { .\r/aDn?b =1_,_82;/t0 +70 °C
Input voltage LOW ViL - -  03Vpp | 18V<Vpp<6V
Input voltage HIGH Vi |07Vpp- - J
Input leakage current; CE
LoOwW -hL - - 50 nA CE=LOW
HIGH NH - - 50 nA CE = HIGH
Pull-up input current
Mm/s - 30 100 300 nA V| =Vgs
Pull-down input current
FO1, FO2 lH 30 100 300 nA V|i=VpD
Matrix keyboard operation
Keyboard current Ik - 0 - KA { z:( Eczngtl%gt:d toY,
Keyboard ‘ON’ resistance RkoON - - 500 Q contact ON; note 4
Keyboard ‘OFF' resistance | Rxofp| 1 - - MQ | contact OFF; note 4
Other keyboard operation
Input current for X, ‘ON’ IH - - 30 HA Vi=15to3V
Input current for Y, ‘'ON" | —Ij 10 - - uA Vi=0to 25V
Input current Y, =l - - 0,7 mA | V|=Vgg

Notes

1. Vppo = 1.8 V only for redial.
2. All other inputs and outputs open.

3. Stray capacitance between pins 8 and 9 < 3 pF.
4. Guarantees correct keyboard operation.
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PCD3321

CHARACTERISTICS (continued)

symbol | min. typ. max. conditions
Outputs M1, DP
sink current loL 0,7 16 32 mA VoL=05V
source current —loy |065 13 27 mA VoH=25V
Latch output HOLD/APO
sink current loL |50 130 300 HA VoL=05V
source current —loy |45 110 250 LA VoH=25V
TIMING DATA
Vpp=25t06V;Vgg=0V; fosc = 3,579545 MHz
input levels of FO1 and FO2 VEQ1 |LOW | HIGH| LOW |HIGH
(Vgg = LOW; Vpp = HIGH) VEg2 |LOW | HIGH| HIGH | LOW conditions
symbol (testmode)| (note 4)
Dialling pulse frequency 1/Tpp fop 10,13 15,54 | 19,42 [939,2 Hz | note 1
Dialling pulse period 1/fpp Tpp (987 |644 |5156 [1,073 ms
Clock pulse frequency 30xfpp |fcL |[303,9|466,1|582,6 27965 Hz
Break time (note 2) 3/5xTpp | tp 59,2 |386 (30,9 |0644 ms | M/S=H;n.c.
Make time (note 2) 2/5xTpp | tm 395 (258 (206 |0,429 ms | M/S=H;n.c.
Break time (note 3) 2/3xTpp | tp 65,8 |429 |346 |0715 ms |M/S=L
Make time (note 3) 1/3xTpp | tm 329 (215 {17,2 {0358 ms | M/S=L
Inter-digit pause 8xTpp tig 790 | 515 |412 |858 ms
Reset delay time 1.6xTpp | trd 158 [ 103 |824 |172 ms
Access pause time 32xTpp |tap |36 |2,06 | 1,65 0,034 s
Prepulse duration 1/3xTpp | t4 33 215 (17,2 | 0,358 ms
Debounce time
min 4/30x Tpp| temin |13.2 | 8,58 | 6,87 |0,143 ms
max. 1/6xTpp | temax|16.5 | 10,7 | 858 | 0,179 ms
Clock start-up time tontyp| 4 - - - ms SED:DV(?‘% t:;)
Initial data entry
time (typ.) tontte t 18 14 12 4 ms
Notes

1. Exactly 10 Hz with 3,5328 MHz crystal.

2. Mark-to-space ratio: 3:2.
3. Mark-to-space ratio: 2:1.

4. In the n.c. (not connected) condition, the input is drawn to the appropriate state by the internal

pull-up/pull-down current.

5. Stray capacitance between pins 8 and 9: < 3 pF.
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C-MOS interrupted current-loop dialling circuit

TYPICAL CURVES

8 7288361
'bbo
(nA)
6
Tamb = {
-25°C
4 |
/ +25°C
T
//// +70°C
z 7
o
=
0
] 2 4 6 8
Vbpo (V)

Fig. 11 Standby supply current as a
function of standby supply voltage.

5 7288362
I
{uA)
10
Tamb=
—~25°C
+25°C
5 el
// +70°C
/4
0
0 ! 2 oy 3

Fig. 13 Pull-down input current as a
function of input voltage at Vpp =3 V.

J L PCD3321
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Fig. 12 Operating supply current as a
function of operating supply voltage.
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Fig. 14 Pull-down input current as a
function of supply voltage at V| = Vpp.
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TYPICAL CURVES (continued)
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Fig. 15 Keyboard current as a function
of supply voltage;
X-pins connected to Y-pins.
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Fig. 17 Output (N-channel) sink
characteristics for M1 and DP.
Curves for Figs 17 and 18
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Fig. 16 Keyboard input characteristics
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Fig. 18 Output (P-channel) source
characteristics for M1 and DP.
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J L PCD3322

C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT

The PCD3322 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be
retained in a RAM for redial. A delayed reset is built-in for line power breaks.

The circuit has the following features:

Operation from 2,5 V to 6 V supply.

Static standby operation down to 1,8 V.

Low current consumption; typ. 40 uA.

Low static standby current; typ. 1 uA.

On-chip oscillator for 3,58 MHz crystal.

Fully decoded and debounced inputs for 3 x 4 matrix keyboard.
All inputs with pull-up/pull-down (except CE).

23-digit capacity for redial operation.

Circuit reset for line power breaks; > 160 ms.

Dialling pulse frequency: 10 Hz.

Test pulse frequency: 932 Hz.

Hold facility for lengthening the inter-digit period.

Memory overflow possibility (with internally disabled redial.
All inputs are internally protected against electrostatic charges.

High input noise immunity.

PACKAGE OUTLINES

PCD3322P: 18-lead DIL; plastic (SOT-102GE).
PCD3322D: 18-lead DIL; ceramic (SOT-133B).

October 1986
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op[2 17] va
YIE [16] v3
Wil 4 15] v2

M2 1|5 PCD3322 14| Y1

FO1| 6 13| x3

CE|7 12| x2

OSCIN|8 1 x1

0SC OUT | 9 [10] Vss
7286367

Fig. 1 Pinning diagram.

PINNING

1 Vpp positive supply

10 Vss negative supply

Inputs

6 FO1 the dialling pulse frequency is defined by the logic state of this input

7 CE Chip Enable; used to initialize the system; to select between the operational
mode and the static standby mode; to handle line power breaks.

1 X1 )

12 X2 [ column keyboard inputs with pull-down on chip

13 X3 J

14 Y1

12 zg row keyboard inputs with pull-up on chip

17 Y4

18 HOLD interrupts dialling after completion of the current digit or immediately
following an inter-digit pause (t;q); further keyboard data will be accepted

Outputs

2 DP Dialling Pulse; drive of the external line switching transistor or relay

3 M1 Muting; normally used for muting during the dialling sequence

4 M1 inverted output of M1

5 M2 strobe; HIGH during pulsing of each digit, LOW during an inter-digit pause

Oscillator

N
g 828 :)UT } input and output of the on-chip oscillator
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C-MOS interrupted current-loop dialling circuit PCD3322

0OSC IN  OSC OUT FO1 .
Y8 49 r 6 cL
r' y
PROGRAMMABLE TIMING 7
T > > > <
OSCILLATOR DIVIDER COUNTER RESET CE
A\ 4
4 PCD3322 1 t
v v 47
READ 18
—  ADDRESs K [ HoLp
COUNTER
24x4BIT | ADDRESS {,L
RAM DECODER
A ADDRESS CONTROL
< SELECT <: LOGIC 3
> M1
Tt i
WRITE T
INPUT/ ‘ 5
ADDRESS [ R
> M2
OUTPUT COUNTER
OUTPUT HERY 1 vop
COUNTER KEYBOARD
DECODER 0
——Vss
Y2 A11412413414415416417
DP X1 X2 X3 Y1 Y2 Y3 Y4 7286368

Fig. 2 Block diagram.

FUNCTIONAL DESCRIPTION (see also Fig. 2)
Clock oscillator (OSC IN, OSC OUT)

The time base for the PCD3322 is a crystal controlled on-chip oscillator which is completed only by
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency
divider of which the division ratio can be externally set by input FO1 to provide one of two chip system
clocks; the ‘normal’ clock frequency (FO1 = LOW) and the test frequency (FO1 = HIGH).

Alternatively, the OSC IN input may be driven from an external clock signal.
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Chip Enable (CE)
The CE input is used to initialize the chip system.

CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The
keyboard input is inhibited, but data previously entered is saved in the RAM.

When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be
entered from the keyboard.

If the CE input is taken to a LOW level for more than the time t,q (see Figs 5 and 6 and timing data)
an internal reset pulse will be generated at the end of the t,q period. The system is then in the static
standby mode. Short CE pulses of < t,q will not affect the operation of the circuit. No reset pulses
are then produced.

Debouncing keyboard entries

The column keyboard inputs to the integrated circuit (Xp,) and the row keyboard inputs (Y,) are for
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as
shown in Fig.3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is
decoded into a 4-bit binary keycode by the keyboard decoder when one column input is connected to
one row input or, when one column input is set HIGH and one row input is set LOW. Any other input
combinations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock
pulse periods (entry period tg). The next keyboard entry will not be accepted until the previously
closed contact has been open for three or four clock pulse periods. The one clock pulse period of
uncertainty in the debouncing process arises because keyboard entries are not detected until the
trailing edge of the first clock pulse after the entry.

Data entry

After each keyboard entry has been debounced and decoded, the keycode is written into the RAM,
and the WAC is incremented by one to select the next RAM location where the next keycode will be
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled.
Consequently, the difference between the contents of the WAC and of the RAC represents the number
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the
data in the lower numbered RAM locations. In this event, since an erroneous number is stored,
automatic redialling is inhibited until the WAC has been reset by the first digit entry of the next
telephone call.

I the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the
corresponding keycode is written into the first RAM location, and the WAC is then incremented by one.
If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored in the
RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. During
redial no keyboard entry will be accepted and stored in the RAM. But, when all in the RAM stored
numbers have been pulsed out, new keyboard entry will be accepted, stored in the RAM and converted
into correctly timed dialling pulses.
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PCD3322

common (left open)

I I
—0 —0
ro;i ;T Y1 - o[[0o— $oO[oq $o]]o—
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a9 59 vo 17 29| 39| .,
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X3
AT A R eI T R TS
7283265 X1 ._OTO._‘ ,_oTo_‘
# Redial. 0| Oo#9 va
— X3
X2
7283266 X1

Fig. 3 Single contact keyboard.

Fig. 4 Double contact keyboard.
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C-MOS interrupted current-loop dialling circuit PCD3322

Dialling sequence
The dialling sequence can be initiated under either of the following two conditions:

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts
(power supply before keyboard entry); see Fig. 6.

Then, approximately 4 ms (top) after CE goes HIGH, the clock pulse generator starts and, ten clock
pulse periods (tg) later, a prepulse with a duration of ten clock pulse periods (tq) appears at output M1.
This prepulse ensures that, if a polarized muting relay with two stable positions is used, it switches to
the de-muted position so that the circuit is then in the conversation mode whilst the subscriber awaits
the dialling tone. When the first digit of the required number is entered at the keyboard, data entry
period tg commences.

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in
series with a common keyboard contact (Fig. 7).

When the first digit of the required number is entered at the keyboard, the common keyboard contact
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (to) after CE goes
HIGH, the clock pulse-generator starts and data entry period tg commences. After period tg, M1 goes
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the
muting circuit controlled by M1.

The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit

pause (tjq) ensues. M2 then goes HIGH, the RAC addresses the RAM and the first keycode is loaded
into the register of the output counter which generates the appropriate number of correctly-timed
dialling pulses at output DP. When the digit has been pulsed out, M2 goes LOW, the RAC is incremented
by one and the procedure repeats until the WAC and RAC contents are equal (all digits pulsed out).
Output M1 then goes LOW, the circuit assumes the conversation mode. The circuit reverts to the static
standby mode if CE goes LOW for more than the reset delay time (t,q = 1,6 dialling pulse periods) at any
time during the conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW
although Vpp is maintained by a back-up supply (e.g. because an external diode isolates CE from the
back-up supply connected to Vpp). The RAM retains its contents for subsequent automatic redialling
as long as the back-up supply maintains Vpp above Vppo = 1,8 V.
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handset handset
lifted replaced
CRADLE - - - -_l
CONTACT
: : VpD maintained from
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' |
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- ! - J— |
CE | 1 ] ] } L
: (no effect) : ]
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1
o : :
ty—ei l=— I} te I |
KEYBOARD 1 I |
ENTRY ! 1 3 . ] 4 I . [ | L
| 1 [} | | |
| T:;rl\{;cT C > contact bounce time +tg : |
| A |
M2 | bounce time I'—_——[ _ _‘—_"_——I . | L
| | Ity T tm Ity T tg! I
Lo e M et Ty —— i
| | | 1 | [ | i |
DP | | ||1||2||3| __ ||1[lz||3||4||__ | L
[l [ | Tty It ! I 1 |
P e SEELLT i !
| : | | ! RAC contents =} l. |
| | : | ! WAC contents ! :
| ! | | |
! | tid nT I tig ! nT+1g ! i
| i ' ' "for last digit of number | :
[ ! DIALLING MODE | lagm = ——
LCONVERSATION CONVERSATION STATIC
MODE MODE STANDBY
(await dialling tone) MODE

* oscillator off. 72844971

all registers except WAC reset .
keyboard input inhibited .
number stored in RAM until Vpp < 1,8V.

Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply
via the cradle contacts).
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STANDBY
MODE
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CONVERSATION
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Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after

point A.
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Hold function

As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be
prolonged under the control of external equipment. When the HOLD input is set HIGH, the dialling
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out.
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on DP
until the HOLD input is set LOW again and an inter-digit pause has elapsed.

HOLD/APO I

-
M1 | ____J:_'__'_____

|
| nT+tm _, |
|
M2 | I
| | | |
i b Im I | |
1 [ | I
SRininiok [
tm N tm [ ! 4
| :<—>I —| |- first pulse of next digit
11 | |
| start of tiq |
Vpp > VpDo delayed until
CE = HIGH HOLD/APO| _tid
' = LOW 1
DIALLING CONVERSATION DIALLING
MODE MODE MODE
7284496

Fig. 8 Timing diagram showing the effect of activating the HOLD input during the transmission of
dialling pulses.
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RATINGS

Limiting values in accordance with the Absolute Maximum System (IEC 134)

Supply voltage Vbp -03to8V
Voltage on any pin V) Vgs—0,3to Vpp +0,3V
Operating ambient temperature range Tamb —25to+70°C
Storage temperature range Tstg —55 to + 125 °C

CHARACTERISTICS

Vpp = 3V; Vgg =0 V; crystal parameters: fosc = 3,68 MHz, Rgmax = 100 £ (note 3); Tamp = 25 °C;
unless otherwise specified

symbol [ min. typ. max. conditions
Operating supply voltage | Vpp 2,5 3 6 \Y
Standby supply voltage Tamb =—25to+70°C
(note 1) Vppo | 1.8 - 6 \
Operating supply current | Ipp - 40 - uA CE = HIGH; notes 2, 3
CE=HIGH;Vpp =6V
'bp - 50 100 HA { notes 2, 3
Standby supply current IDpDO - 1 5 uA CE = LOW; note 2
Vpp=18V
'bbo | - - 2 KA { Tamb = —25 to + 70 °C
Input voltage LOW ViL - - 0,3 Vpp < <
Input voltage HIGH ViH 07Vpp - - 18V<Vpp<6V
Input leakage current; CE
LOW —hL - - 50 nA CE=LOW
HIGH lIH - — 50 nA CE =HIGH
Pull-down input current
FO1, HOLD IHH 30 100 300 nA Vi=VpD

Matrix keyboard operation

Keyboard current Ik — 10 - uA { éEc angfétﬁd oY,
Keyboard ‘ON’ resistance | Rkon | — - 500 Q contact ON; note 4
Keyboard ‘OFF’ resistance| RkofF| 1 - - M| contact OFF; note 4
Other keyboard operation
Input current for X, ‘ON’ | I|H - - 30 A Vi=15t03V
Input current for Y, ‘ON’ | =1} 10 - - MA Vi=0to25V
Input current Yy, | - - 0,7 mA| V|=Vgs
Output sink current loL 0,7 156 3,2 mA VoL=05V
Output source current —loH 0,65 13 27 mA VOH=25V

Notes

1. Vppo = 1,8 V only for redial. 3. Stray capacitance between pins 8 and 9 <3 pF.

2. All other inputs and outputs open. 4. Guarantees correct keyboard operation.
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TIMING DATA |
Vpp =3 V; Vgg = 0 V; crystal parameters: foqc = 3,68 MHz; Rgmax =100 Q
symbol| min. typ. " max. conditions
Clock start-up time ton - 4 - ms Figs 6, 7; note 1
" Initial data entry time
(tj=ton *+ te) timin | — 18 - ms FO1=LOW Fia. 7
timax | — 4 —  ms | FO1=HIGH [ 9
TIMING DATA Il (exact values)
Vpp=251t06V;Vgg=0V; fgee = 3,68 MHz
symbol| FO1=LOW | FO1=HIGH conditions
(dialling) (testing)
Dialling pulse frequency fpp 10,13 932,2 Hz note 2
Dialling pulse period; 1/fpp Tpp 98,7 1,073 ms Figs 6, 7
Prepulse duration; 1/3 x Tpp t4 33 0,358 ms Figs 6,7
Inter-digit pause; 8 x Tpp tid 790 8,68 ms Figs 6, 7
Break time; 3/5 x Tpp tp 59,2 0,644 ms Fig. 6
Make time; 2/5 x Tpp tm 39,5 0,429 ms Fig. 6
Debounce time
min. 4/30 x Tpp temin | 13.2 0,143 ms Fig. 5
max.; 1/6 x Tpp temax | 165 0,179 ms Fig. 5
Reset delay time; 1,6 x Tpp trd 158 1,7 ms Figs 5,6, 7

Notes

1. Stray capacitance between pins 8 and 9 < 3 pF.
2. Exactly 10 Hz and 920 Hz respectively when a 3,5328 MHz crystal is used.
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TYPICAL CURVES
8 7288361
'bbo
(uA)
6
Tamb =
-25°C
4 /|

/ +125°c

V' ¥ oo
, // 70°C
A
=

0

0 2 4 6 8
Vppo (V)

Fig. 9 Standby supply current as a

function of standby supply voltage.

15 7288362
I
(uA)
10
Tamb=
—25°C
+250C
5 e
// +70°C
/4
0
0 ! 2 vy 3

Fig. 11 Pull-down input current as a
function of input voltage at Vpp =3 V.

80 7288360
Ibp Tamb= |
(uA) —25°¢C

L

60 ——

/ +25°C

40 | —T Tl

/ — | +70°C
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20 //"/
0
0 2 4 6 8
Vpp (V)

Fig. 10 Operating supply current as a
function of operating supply voltage.
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//
I 1~ +25%
100 / |
/ / /’ +700c
//
%/
0
0 2 4 8
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Fig. 12 Pull-down input current as a
function of supply voltage at V| = Vpp.
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TYPICAL CURVES (continued)

7 4
40 Z8836:

Ik
(uA)
30 Tamb=
-25°C
20 ,/
i 1/
|~ +25°C
10 / ,// |
4 1 L +70%
L
0 ]
8
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Fig. 13 Keyboard current as a
function of supply voltage;
X-pins connected to Y-pins.
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Fig. 15 Output (N-charlrlel) sink
characteristics for M1, M1, M2 and DP.

Curves for Figs 15 and 16
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Fig. 14 Keyboard input characteristics
at Tamp = 25 °C.
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Fig. 16 Output (P-channel) source
characteristics for M1, M1, M2 and DP.
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C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT

The PCD3323 is asingle chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be
retained in a RAM for redial. A delayed reset is built-in for line power breaks.

The PCD3323 can regenerate access pauses during redial. During the original entry, access pauses are
stored either automatically or via the keyboard. A regenerated access pause can be terminated during
redial in three ways: automatically after a built-in time, or via the keyboard, or with an external dial
tone recogniser circuit. This makes the circuit very suitable for redial in PABX (Private Automatic
Branch Exchange) systems.

The circuit has the following features:

Operation from 2,5 V to 6 V supply.

Static standby operation down to 1,8 V.

Low current consumption; typ. 40 uA.

Low static standby current; typ. 1 uA.

On-chip oscillator for 3,58 MHz crystal.

Fully decoded and debounced inputs for 3 x 4 matrix keyboard.
23-digit capacity, including access pauses, for redial operation.
Memory overflow possibility (with internally disabled redial).
Selectable dialling pulse frequency: 10 Hz, 16 Hz and 20 Hz.

Test pulse frequency: 932 Hz.

Selectable dialling pulse mark/space ratios; 2 : 1 or 3 : 2.

Selectable inter-digit pause (tjq); 8 or 9 times the pulse period (Tpp).
Hold facility for lengthening the inter-digit period.

Selectable circuit reset for line power breaks; > 160 ms or > 320 ms (10 Hz dialling pulse frequency).
Access pause generation automatically or via the keyboard.

Access pause reset:
automatically after 3 s or 6 s (10 Hz dialling pulse frequency),
via the keyboard,
with external tone recogniser.

® All inputs with pull-up/pull-down (except CE).

® All inputs are internally protected against electrostatic charges.

® High input noise immunity.

PACKAGE OUTLINES

PCD3323P : 28-lead DIL; plastic (SOT-117).
PCD3323D: 28-lead DIL; ceramic (SOT-135A).
PCD3323T: 28-lead flat pack; plastic (SO-28; SOT-136A).
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Voo [1] U 28] HOLD
cL[2 27| APO
op[3 26] v4
M1 [ a [25] v3
mi [5 24| v2
m2 6 ' 23] v1
K 22| APD
PCD3323
1op [ 8 21] APR
Fo1[ o [20] AAE
Fo2 [10 19] RDS
M3 [1 18] x3
ce [12 17| x2
osc IN[13 16 X1
0SC OUT |14 [15] Vss
7283246.1

Fig. 1 Pinning diagram.

PINNING

1 VbD positive supply

15 Vsg negative supply

Inputs

7 M/s controls the mark-to-space ratio of the line pulses

8 IDP Inter-Digit-Pause; this occurs before each digit appears at the line output; the
duration (tjq) can be controlled with this pin

?0 ig; } the dialling pulse frequency is defined by the logic state cf these two inputs

12 CE Chip Enable; used to initialize the system; to select between the operational
mode and the static standby mode; to handle line power breaks

16 X1 l

17 X2 column keyboard inputs with pull-down on chip

18 X3 J )

19 RDS Reset Delay Selection; delay select for chip enable (CE) activity.
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20 AAE
21 APR
22 APD
23 Y1

24 Y2

25 Y3

26 Y4

28 HOLD
Outputs

2 CL

3 DP

4 M

5 M1

6 M2

1 M3

27 APO
Oscillator

13 OSC IN
14 OSC OuUT

Automatic Access Pause Enable; AAE = HIGH: the circuit generates a
maximum of two automatic pauses; AAE = LOW: only manual pauses
(via keyboard) are possible

Access Pause Reset; when any external circuit makes APR = HIGH, a
current access pause will be terminated

Access Pause Delay; selects the maximum duration of an access pause
if no external Access Pause Reset appears.

row keyboard inputs with pull-up on chip

interrupts dialling after completion of the current digit or immediately
during an inter-digit pause (tjq); further keyboard data will be accepted

output of the internal system clock; external forcing is possible for
frequencies not selectable with FO1/F02

Dialling Pulse; drive of the external line switching transistor or relay
Muting; normally used for muting during the dialling sequence

inverted output of M1

strobe; HIGH during pulsing of each digit, LOW during an inter-digit pause
AND function, with DP and M1 as input, for direct drive of a switching
transistor for dialling pulses and muting

Access Pause Output; this output will go HIGH when an access pause code
is read from the memory during pulsing.

input and output of the on-chip oscillator
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Fig. 2 Block diagram.

FUNCTIONAL DESCRIPTION (see also Fig. 2)
Ciock oscillator (OSC IN, OSC OUT)

The time base for the PCD3323 is a crystal controlled on-chip oscillator which is completed only by
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency
divider of which the division ratio can be externally set (FO1 and F02) to provide one of four chip
system clocks; three ‘normal’ clock frequencies and one higher test frequency.
The system clock is available on pin CL and can be used for external logic. External forcing of CL is
possible for frequencies which are not selectable with FO1/F02.
Alternatively, the OSC IN input may be driven from an external clock signal.

0SC IN  0SC OUT FO1 FO2  CL M/S RDS
v 13 Al14 v9 v10 2 v7 v19
r'
PROGRAMMABLE TIMING 12
»| RESET |<+4—cE
OSCILLATOR DIVIDER COUNTER
v
4 PCD3323 1 1
v v v
READ 8
- ADDRESS <+1— IDP
COUNTER 28
-+ HOLD
24x4BIT | ADDRESS i}
RAM DECODER A
ADDRESS CONTROL [
SELECT — LOGIC 5]
> M1
6
ﬁ > M2
WRITE
INPUT/ 1
ADDRESS [ M3
T >
OuTPU COUNTER
OUTPUT |i I 1 _Vpp
COUNTER KEYBOARD 4___:} ACCESS
DECODER PAUSE 15| v
13 416417 4184234244254 26 Y27422421420
DP X1 X2 X3 Y1 Y2 Y3 Y4 APOAPDAPR AAE . a30a72
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Chip Enable (CE)
The CE input is used to initialize the chip system.

CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The
keyboard input is inhibited, but data previously entered is saved in the RAM.

When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be
entered from the keyboard.

If the CE input is taken to a LOW level for more than the time t, (see Figs 5 and 6 and timing data) an
internal reset pulse will be generated at the end of the t,4 period. The system is then in the static
standby mode. Short CE pulses of <t,q will not affect the operation of the circuit. No reset pulses

are then produced. The t;q pulse duration is selected by the RDS input.

Debouncing keyboard entries

The column keyboard inputs to the integrated circuit (Xp) and the row keyboard inputs (Y ) are for
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as shown in
Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is decoded
into a 4-bit binary keycode by the keyboard decoder when one column input is connected to one row
input or, when one column input is set HIGH and one row input is set LOW. Any other input combin-
ations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock
pulse periods (entry period tg). The next keyboard entry will not be accepted until the previously
closed contact has been open for three or four clock pulse periods. The cne clock pulse period of
uncertainty in the debouncing process arises because keyboard entries are not detected until the
trailing edge of the first clock pulse after the entry.

Data entry

After each keyboard entry has been debounced and decoded, the keycode is written into the RAM,
and the WAC is incremented by one to select the next RAM location where the next keycode will be
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled.
Consequently, the difference between the contents of the WAC and of the RAC reprents the number
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the
data in the lower numbered RAM locations. In this event, since an erroneous number is stored,
automatic redialling is inhibited until the WAC has been reset by the first digit entry of the next
telephone call.

If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the
corresponding keycode is written into the first RAM location, and the WAC is then incremented by
one. If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored in
the RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP.

If the redial pushbutton (#) is operated again during the redialling sequence it will be decoded as an
Access Pause Reset. This function will be described later during the description of the access pause
system of the PCD3323. During redial no keyboard entry will be accepted and stored in the RAM. But,
when all in the RAM stored numbers have been pulsed out, new keyboard entry will be accepted,
stored at the RAM position after the last digit code of the original entry and converted into correctly
timed dialling pulses.

February 1982 245



PCD3323 JL
common (left open)
T I T
1 229 13
ro (E f Y Y1 —O0 || O— O || O0O— O || O
T I I
—O —O —O
4t %59 Pey TPt FPet|
I L T I T
>-...o7? ’—08? ;—09? —O [|O—¢. O || O— O || O—
Y3
T I I a0 | P57 06,
4 07 O#7 va
—O [[O—¢ O ||0O—4 O]||0—4
X3
X2 79 | ™87 ] 097 Y3
7233249)(1 I I
—O ||O—¢ O || O—¢ ¢O|| 09
* Access pause set. —O*t L—Oof _O#i va
# Redia' or Access Pause Reset. L %3
X2
X1

Fig. 3 Single contact keyboard.
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PCD3323

Dialling sequence
The dialling sequence can be initiated under either of the following two conditions:

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts
(power supply before keyboard entry); see Fig. 6.

Then, approximately 4 ms (ty,) after CE goes HIGH, the clock pulse generator starts and, ten clock
pulse periods (tq) later, a prepulse with a duration of ten clock pulse periods (tq) appears at outputs
M1 and M3. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it
switches to the de-muted position so that the circuit is then in the conversation mode whilst the
subscriber awaits the dialling tone. When the first digit of the required number is entered at the
keyboard, data entry period tg commences.

® The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in
“series with a common keyboard contact (Fig. 7).

When the first digit of the required number is entered at the keyboard, the common keyboard contact
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (typ) after CE goes
HIGH, the clock pulse generator starts and data entry period to commences. After period tg, M1 goes
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the
muting circuit controlled by M1.

The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit
pause (tjq) ensues. M2 then goes HIGH, the RAC addresses the RAM and the first keycode is loaded
into the register of the output counter which generates the appropriate number of correctly-timed
dialling pulses at outputs DP and M3. When the digit has been pulsed out, M2 goes LOW, the RAC is
incremented by one and the procedure repeats until the WAC and RAC contents are equal (all digits
pulsed out). Output M1 then goes LOW, the circuit assumes the conversation mode. The circuit reverts
to the static standby mode if CE goes LOW for more than the reset delay time (t,q = 1,6 or 3,2 dialling
pulse periods) at any time during the conversation or dialling mode (e.g. because the handset is
replaced). CE remains LOW although Vpp is maintained by a back-up supply (e.g. because an

external diode isolates CE from the back-up supply connected to Vpp). The RAM retains its contents
for subsequent automatic redialling as long as the back-up supply maintains Vpp above Vppo =1,8V.
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handset handset
lifted replaced
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all registers except WAC reset .
keyboard input inhibited .
number stored in RAM until Vpp < 1,8 V.

Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply
via the cradle contacts).
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(await i
dialling

tone) tid nT tig nT+tg

handset A handset
lifted replaced
CRADLE -- - -
CONTACT. I -I
! Stontte !
b= =~ |
COMMON | !
CONTACT ! - - -
: : : Vpp maintained from
1 |/ back-up supply
| - - -
Voo i ]
T ]
| | trd —|
| . . __
CE | L 1 l
I —elle— tgn = |
! I clock start time '
| It -- - |
M1 | i L__ !
| || le— | |
1 11t =ton +tg ! !
| " L i
mi | - l-
| S te 1 |
: _’: [ ! !
| |
KEYBOARD
enthy o [3] [ - L !
| el e ! !
| tg (see Fig.5) : !
| I !
M2 ! | | L ___1 L_. !
] ] | | ] |
| | | | | |
| | | | | |
oP i i [ K1 N 0 X I o 2 2 I ) |
I ] ] | [ |
o . : 1 '
| - ! - |
M3 | 1 —1nnmn |

DIALLING MODE

CONVERSATION  STATIC
MODE STANDBY
MODE

7279968.

Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after
point A.
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C-MOS interrupted current-loop dialling circuit PCD3323

Hold function

As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be
prolonged under the control of external equipment. When the HOLD input is set HIGH, the dialling
pulse-train is interrupted as soon as M2 goes LOW tc signal that the current digit has been pulsed out.
In the hold condition, further keyboard entries will be accebted, debounced, decoded and stored in
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on M3
and DP until the HOLD input is set LOW again and an inter-digit pause has elapsed.

HOLD can be controlled by the Access Pause Output (see next section).

HOLD "1

e

|
- first pulse of next digit
| |

MS_lﬂﬂﬂ, [ 11

t

M1 ] [
| nT +tm | :
|
M2 __ L I
| | |
tm I | |
| | |
| I | l—l
| | I
l

tm_

o i.ﬂﬂﬂ.

start of tjq |
VDD > VDDO delayed until
CE = HIGH HOLD = <t;d’
LoOw
—_— = >+ |- — —
DIALLING CONVERSATION DIALLING
MODE MODE MODE

7279974

Fig. 8 Timing diagram showing the effect of activating the HOLD input during the transmission of
dialling pulses.
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If there are no further key entries

before this instant, M1 goes LOW after ty
and an access pause keycode is 1
written into the RAM.

bounce time + tg
— Iq—

KEYBOARD ‘_—L i
INPUT 0 - : - 2 | [+]
| : dialling sequence restarts
| when another key is pressed
| !
M1 l_ — l
I't tm  tp b '
_.: |r2— — - | de-mute m:lte |
DP | | 1 [1] [2]
' R tg ! ! .
[ —=| |~ |-— tid —=
l«——— last digit of access code —»: I
DIALLING | I
TONE =T T _WWV\A -
| |
| |
APO [ |
access pause ‘
DIALLING CONVERSATIOI‘] DIALLING
MODE MODE MODE
= HIGH 7279973
APR = LOW
AAE = HIGH

Fig. @ Dialling sequence showing how an access pause code is automatically stored in the RAM for possible redialling if no further key entries are
made until all of the previously entered digits have been transmitted. The dialling sequence continues when another key is pressed.
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C-MOS interrupted current-loop dialling circuit

PCD3323

Access pause regeneration during redial

During original entry, access pause codes can be stored at the appropriate positions in the RAM.
During redial the Access Pause Output (APO) will go HIGH as soon as an access pause code is read
from the RAM. This can be used to make HOLD = HIGH, thereby interrupting dialling until HOLD is
made LOW again as described above. In this way the normal inter-digit pause with a duration tjq can

be replaced by a proper access pause.
Access pause codes can be stored in two ways:

® Manually, with AAE and APR both LOW. In this case access pause codes can only be stored by
pressing the access pause key (¥) between entering the trunk exchange code and the subscriber code,
or at any other moment an access pause is required. The number of access pauses that can be
inserted in this manner is only limited by the capacity of the RAM (digits + access pauses < 23).

® Automatically, with AAE = HIGH and APR = LOW (see Fig. 9). An access pause code is now
automatically stored in the RAM during original entry, when M1 goes LOW, after all digits so far
entered have been transmitted (see Fig. 6). This occurs between entering of the trunk exchange code
and the subscriber code, whilst the access tone is available. Up to two access pauses can be entered
into the RAM in this manner. Alternatively, the access pause key can still be pressed to insert (more)

access pauses manually.

During redial, access pauses will be regenerated only if APR = LOW and with APO connected to HOLD;

they can be terminated in three ways (see Fig. 10 and next page).

APR = LOW :

access pause (tap) expires or
press redial before end of ta,

APR controlled by tone recogniser :

set APR HIGH before tap expires

\‘

M1 - 1 r"__—__—_
|

max. access pause = tap |

I~ >

op _[1] [zl _Juli_ __ .

—| - |
tm! [
APO |

|
i S N

- |
de-mute mute
DIALLING ' !

TONE . ' __JWW______.
tig
-

DIALLING CONVERSATION
MODE MODE

DIALLING
MODE

7279975

Fig. 10 Timing diagram showing Access Pause Reset for APR = LOW or APR is controlled by tone

recogniser.
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Three methods of terminating an access pause:
1. Autcmatically, if the built-in time tap expires; APO then goes LOW; tap can be set to one of two
values with the Access Pause Delay (APD) select input.

2. Manually, by pressing the redial key before tap expires.
3. By making APR = HIGH before tap expires, with an external tone recogniser (see Fig. 11).

I

A

v

enable HOLD
DIALLING TONE
- APO
dialling|] RECOGNISER PCD3323
tone | > APR
—| |-—
10 us min 7279979.1

Fig. 11 Circuit for automatic termination of an access pause during redialling by using a tone
recogniser to set APR to HIGH for more than 10 us.

Access pauses longer than tap can be obtained by connecting APO to HOLD via a latching device.

Figure 12 shows a tone recogniser circuit, which automatically terminates access pauses upon receipt
of the access tone, whether this is before or after ta, expires.

set _r reset -L

l-5HOLD APO I SET

DIALLING TONE

v

PCD3323

Low RECOGNISER
—| APR RESET
dialling
tone 7279980.1

Fig. 12 Circuit for automatically shortening or lengthening an access pause under the control of a tone
recogniser. For timing diagram see Fig. 13.
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M1 T [

—

tm
—| |-

bP [ [21 _ _ _Jwol!
|

|
set recogniser

|

I

|

— = = [

APO _ I |
|

|

|

within tjg
HOLD -

|
|
| .
de- t!nute reset m:.te
DIALLING | recogniser '
| |

TONE - - I\MMA,_-___—_

DIALLING CONVERSATION DIALLING
MODE MODE MODE

APR = LOW 7279971

Fig. 13 Timing diagram showing automatic shortening or lengthening an access pause; for the circuit see Fig. 12.
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PCD3323

RATINGS

Limiting values in accordance with the Absolute Maximum System (IEC 134)

Supply voltage Vbp -0,3t08 V
Voltage on any pin A Vgs—0,3to Vpp +0,3 V
Operating ambient temperature range Tamb —25t0 +70 °C
Storage temperature range Tstg —55to + 125 OC

CHARACTERISTICS

Vpp =3 V; Vgg =0 V; crystal parameters: fogc = 3,58 MHz, Rgmax = 100 £ (note 3); Tamp = 25 °C;
unless otherwise specified

symbol | min. typ. max. conditions
Operating supply voltage |Vpp 2,5 3 6 \Y l
Standby supply voltage l Tamb=—251t0+70°C
(note 1) Vppo |1.8 - 6 \"
Operating supply current |Ipp - 40 - MA CE = HIGH; notes 2, 3
CE = HIGH; Vpp=6V;
Ipp -/ 50 100 uA { notes 2, 3
Standby supply current iDDO - 1 5 HA CE = LOW,; note 2
_ _ Vpp=18V
'bbo 2 HA { Tamb = —25 to +70 °C
Input voltage LOW \) - — 03V
° 9 I b 18V<Vpp<6V
Input voltage HIGH ViH 0,7Vpp — -
Input leakage current; CE
LOW —hL - - 50 nA CE = LOW
HIGH H - - 50 nA CE = HIGH
Pull-up input current
M/S, APR —hL 30 100 300 nA V|=Vgsg

Pull-down input current
IDP, FO1, FO2, HOLD,
AAE, ADP, RDS lH 30 100 300 nA Vi=Vpp

Matrix keyboard operation
| X connected to Y,

Keyboard current ik - 10 - MA | CE =HIGH
Keyboard ‘ON’ resistance [Rxon | — — 500 Q contact ON; note 4
Keyboard ‘OF F’ resistance [RKoFF | 1 - - MQ contact OFF; note 4
Other keyboard operation
Input current for X, ‘ON’ I}y - - 30 uA Vi=15to3V
Input current for Y, ‘ON" |1 10 - - MA Vi=0to25V
Input current Y, el - - 0,7 mA V| =Vgs
Notes
1. Vppo = 1,8 V only for redial. 3. Stray capacitance between pins 13 and 14 < 3 pF.
2. All other inputs and outputs open. 4. Guarantees correct keyboard operation.
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C-MOS interrupted current-loop dialling circuit

PCD3323

CHARACTERISTICS (continued)

symbol | min. typ. max. conditions
Outputs M1, M1, M2, M3, DP
sink current loL 0,7 15 32 mA |VoL=05V
source current —loH 065 1,3 2,7 mA |Vou=25V
Outputs CL, APO
sink current loL 50 130 300 wA |VoL=05V
source current —loHy |45 110 250 wA |VoH=25V
TIMING DATA
Vpp =3V; Vgg =0V; fogc = 3,58 MHz
symbol | min. typ. max. conditions
Clock start-up time ton - 4 — ms | CE:Vgg — Vpp (note)
APR-hold time taprH | 10 - - us | see Fig. 11

Note: stray capacitance between pins 13 and 14 < 3 pF.

February 1982

257



PCD3323

TIMING DATA (continued)

Vpp=2,5to6V;Vgg=0V; fosc = 3,579545 MHz

input levels of FO1 and F02 VE01 LOW |HIGH |LOW | HIGH
(Vgs = LOW; Vpp = HIGH) VEg2 | LOW |HIGH |HIGH | LOW conditions
symbol (test mode) | (note 4)
Dialling pulse frequency | 1/Tpp fop 10,13 15,64 {19,42 {932,2 Hz | note 1
Dialling pulse period 1/fpp Tpp 98,7 (644 |515 |1,073 ms
Clock pulse frequency 30 xfpp |fcL 303,9 |466,1 |582,6 | 27965 Hz
Break time (note 2) 3/5xTpp |ty 59,2 1386 |309 |0,644 ms | M/S=H;n.c.
Make time (note 2) 2/5xTpp |tm 395 (258 |206 (0,429 ms | M/S=H;n.c.
Break time (note 3) 2/3xTpp (tp 65,8 (42,9 (346 (0,715 ms |M/S=L
Make time (note 3) 1/3xTpp |tm 329 (215 |17,2 |0358 ms |M/S=L
Inter-digit pause 8xTpp tig 790 |515 |412 (858 ms |IDP=L;n.c.
9x Tpp tig 888 (579 463 [(965 ms |IDP=H
Reset delay time 1,6 xTpp |trg 158 (103 (824 |1,72 ms |RDS=1L;n.c.
32xTpp |tg 316 |206 |165 [343 ms |RDS=H
Access pause time 32 xTpp tap 3,16 |2,06 (165 |0,034 s APD = L;n.c.
64xTpp |tap 6,32 (4,12 |3,30 |0,069 s APD=H
Prepulse duration 1/3xTpp |tg 33 21,5 (17,2 |0,358 ms
Debounce time
min. 4/30xTpp|temin | 13.2 |858 (6,87 |0,143 ms
max. 1/6 xTpp [temax | 1656 |10,7 |8,58 |0,179 ms
Initial data entry
time (typ.) tontte t 18 14 12 4 ms
Notes

1. Exactly 10 Hz with 3,56328 MHz crystal.

2. Mark-to-space ratio: 3: 2.
3. Mark-to-space ratio: 2: 1.

4. In the n.c. (not connected) condition, the input is drawn to the appropriate state by the internal
pull-up/pull-down current.

258

February 1982
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PCD3323

TYPICAL CURVES

8 7288361
oo
(nA)
6
Tamb =
-25°C
4 i

+25°C

// '
, AN o

0 2 4 6 8
Vppo (V)

Fig. 14 Standby supply current as a
function of standby supply voltage.

5 7288362
I
(uA)
10
Tamb=
—25°C
+25°C

// 70°C
/

0 1 2 3

)

Fig. 16 Pull-down input current as a
function of input voltage at Vpp =3 V.

80 7288360
'bp Tamb=
(uA) | _-25%
60 ——
/ +25°C
— |
40 [
/ 1 +70°C
L
L
" r,//
0
0 2 4 6 8
Vpp (V)

Fig. 15 Operating supply current as a
function of operating supply voltage.

400 7288363
iH
(nA)
300 Tamb="
O,
_ —25°%
200 /,/
A
7 | +25%
100 / — |
- +70°C
/ //
Izl
0
0 2 4 6 8
VDD (v)

Fig. 17 Pull-down input current as a
function of supply voltage at V| = Vpp.
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TYPICAL CURVES (continued)

7288364

7288365

40
Ik
(uA)
30 Tamb =
-25°C
20 ,/
v 1/
L~ +25°C
10 V4 = — |
/ L —+70%
o /\/

0 2 4 6 Vop (V) 8
Fig. 18 Keyboard current as a
function of supply voltage;
X-pins connected to Y-pins.

20 7288366
loL
(mA) 4
15 /
5
///
6
10 // ,/ -
A 7/
AnZd!
 _—,
3
0
0 2 voLv) 8

Fig. 20 Output (N-channel) sink
characteristics for M1, M1, M2, M3 and DP.

Curves for Figs 20 and 21

Tamb Vpp=3V |Vpp=6V
-250C 1 4
+250C 2 5
+709°C 3 6

40
1
_|X Y Y
Y
(uA) Vpp=3V \VDD=sv
30 \
A \\
\ M Ix
0 Vpp =6V
X
Vpp=3V
o \NEREEAN
0 2 4 6 8
Vx,'VY (V)

Fig. 19 Keyboard input characteristics
at Tymp =25 ©OC.

7288367

/)
//

2
~2_
mp =SSN
N
]
0 2 6

Vou (V)

Fig. 21 Output (P-channel) source
characteristics for M1, M1, M2, M3 and DP.
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J L PCD3324

C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT

The PCD3324 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be
retained in a RAM for redial. A delayed reset is built-in for line power breaks.

The PCD3324 can regenerate access pauses during redial. During the original entry, only one access
pause is stored automatically or several via the keyboard. A regenerated access pause can be terminated
during redial in three ways: automatically after a built-in time, or via the keyboard, or with an external
dial tone recogniser circuit. This makes the circuit very suitable for redial in PABX (Private Automatic
Branch Exchange) systems. The PCD3324 is pin to pin compatible with the DF320 and the MT4320
(however, including additional functions).

The circuit has the following features:

Operation from 2,5 V to 6 V supply.

Static standby operation down to 1,8 V.

Low current consumption; typ. 40 pA.

Low static standby current; typ. 1 pA.

On-chip oscillator for 3,58 MHz crystal.

Fully decoded and debounced inputs for 3 x 4 matrix keyboard.
23-digit capacity, including access pauses, for redial operation.
Memory overflow possibility (with internally disabled redial).
Selectable dialling pulse frequency: 10 Hz, 16 Hz and 20 Hz.
Test pulse frequency: 932 Hz.

Selectable dialling pulse mark/space ratios; 2 : 1 or 3 : 2.

Hold facility for lengthening the inter-digit period.

Circuit reset for line power breaks;> 160 ms (10 Hz dialling pulse frequency).
Access pause generation automatically or via the keyboard.

Access pause reset:
automatically after 3 s (10 Hz dialling pulse frequency),
via the keyboard,
with external tone recogniser.

® All inputs with pull-up/pull-down (except CE).
e All inputs are internally protected against electrostatic charges.
® High input noise immunity.

PACKAGE OUTLINES

PCD3324P : 18-lead DIL; plastic (SOT-102GE).
PCD3324D: 18-lead DIL; ceramic (SOT-133B).
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Voo [ U 18] HOLD/APO
op [2 17] va
M1 I 3 E Y3
m/s [4 5] v2
Fo1 [5] pcp3s2a  [14] v
Fo2 6] 13] x3
ce [7 [12] x2
osc IN [ 8 E X1
osc ouT [ 9 [10] Vss
7284491.1A
PINNING Fig. 1 Pinning diagram.
1 Vpp positive supply
10 Vss negative supply
Inputs
4 M/S controls the mark-to-space ratio of the line pulses
g ';g; } the dialling pulse frequency is defined by the logic state of these two inputs
7 CE Chip Enable; used to initialize the system; to select between the operational mode
and the static standby mode; to handle line power breaks
11 X1
12 X2 { column keyboard inputs with pull-down on chip
13 X3 J
14 Y1 ]
15 Y2 . . .
16 Y3 [ row keyboard inputs with pull-up on chip
17 Y4
Outputs
2 DP Dialling Pulse; drive of the external line switching transistor or rel