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USE IN LIFE SUPPORT DEVICES OR SYSTEMS MUST BE EXPRESSLY AUTHORIZED SLS

SGS-THOMSON PRODUCTS ARE NOT AUTHORIZED FOR USE AS CRITICAL COMPONENTS IN LIFE SUPPORT
DEVICES OR SYSTEMS WITHOUT THE EXPRESS WRITTEN APPROVAL OF SGS-THOMSON Microelectronics. As
used herein:

1. Life support devices or systems are those which (a) are 2. A critical component is any component of a life support
intended for surgical implant into the body, or (b) support device or system whose failure to perform can reason-
or sustain life, and whose failure to perform, when prop- ably be expected to cause the failure of the life support
erly used in accordance with instructions for use pro- device or system, or to affect its safety or effectiveness.

vided with the product, can be reasonably expected to
result in significant injury to the user.
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INTRODUCTION

SGS-THOMSON IN TELEPHONE SET IC MARKET:
THE WORLDWIDE SUPPLIER

SGS-THOMSON Microelectronics has
been designing and producing dedi-
cated integrated circuits for telephone
sets for two decades.

Today the company offers the widest
product range and probably manufac-
tures more telephone ICs than any
other company in the world -- about 60
million ICs per year, not including pro-
tection devices and memories.

The SGS-THOMSON portfolio for ana-
log telephone sets is moving from the
traditional domain of single functions
(speech, dialer, ringer, handsfree) to a
more integrated approach with single
chip phones, "spedials" (speech + rep-
ertory dialer) and various two-chip solu-
tions (analog section IC + MCU).

While the individual functions still con-
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EVOLUTION OF ANALOG TELEPHONE FUNCTION

"_ SGS-THOMSON

stitute the core of the current production
activity, the new concept of a two-chip
solution is generating the real added
value in the telephones of the nineties.
The idea is to combine a single analog
chip, able to handle all of the Telephone
Analog Front End (TAFE) functions,
with a microcontroller unit (MCU), tak-
ing care of all logic activities. The two
ICs can be separately upgraded in or-
der to provide flexibility for different
markets and modular growth of the
functions offered.

In parallel with the consolidation of the
traditional offerings in the corded ana-
log telephone domain, new products
appear in the wider scenario of digital
corded, ISDN and cordless (analog and
digital) telephones.

ADVANCED TECHNOLOGY. Using an advanced CMOS
Technology SGS-THOMSON has produced the L3916
SPEDIAL Family (Speech + Repertory Dialer).

MICROELECTRONICS



ALPHANUMERICAL INDEX

N-Lll-lrll"l)l;aer Function Nﬁ?nglfer
1.5KE Series Uni and Bidirectional Transils . . . . ... ... ... ......... 547
BZW04 Series Uni and Bidirectional Transils . . . . . .. ... ... ......... 555
BZWS50 Series Uni and Bidirectional Transils . . . . . . ... ... ... ....... 563
EFG7189 DTMF Generation for Binary Coded HexadecimalData . . . . . . . . . 19
EFG71891 DTMF Generation for Binary Coded Hexadecimal Data . . . . . . . . . 19
L3100B/B1 Unidirectional Programmable Suppressor . . . . . .. ... ... ... 569
L3240 Electronic Two-Tone Ringer . . . . . . . .. .. ... ... ...... 29
L3280 Low Voltage Telephone Speech Circuit . . . . . ... ......... 33
L3281 Low Voltage Telephone Speech Circuit . . . . . . ... ... ... .. 39
L3845 Trunk Interfaces . . . . . . . . . ... 47
L3913 Monochip Telephone . . . . . . . ... ... ... L . 51
L3914 Low Range One Chip Phone (speech and dialer) . . . . ... ... .. 63
L3916 Low Range One Chip Phone (speech and dialer) . . . . . .. ... .. 75
LM883 Low Noise Dual Operational Amplifier . . . . . . . ... ... ... .. 485
LS204 High Performance Dual Operational Amplifier . . . . . . . . . ... .. 487
LS256 Speech Circuit with Multifrequency Tone Generator Interface . . . . . . 87
LS285 Telephone Speech Circuit . . . . . . ... ... ... ... ... . 93
LS404 High Performance Quad Operational Amplifier . . . . ... ... ... 489
L.S588 Programmable Telephone Speech Circuit . . . . . . . ... ... ... 101
LS656 Speech Circuit with Multifrequency Tone Generator Interface . . . . . . 111
LS1240/1240A | Electronic Two-ToneRinger . . . . .. ... .. ... ... ... .. 123
LS1241 Electronic Two - ToneRinger . . . . . . . . . . ... . .. ...... 127
LS5018B Bidirectional Trisil . . . . . .. ... ... 577
L55060B Bidirectional Trisil . . . . . .. ... ... .. ... 577
LS5120B Bidirectionl Trisil . . . . ... ... .. o 577
M3541 Single Number Pulse Tone Switchable Dialer . . . . . . ... ... .. 131
MC33078 Low Noise Dual Operational Amplifiers . . . . ... ... ... .... 491
MC33171 Low Power Single Bipolar Operational Amplifiers . . . . .. ... ... 493
MC33172 Low Power Dual Bipolar Operational Amplifiers . . . . . . . ... ... 495
MC33174 Low Power Quad Bipolar Operational Amplifiers . . . ... ... ... 497
MC35171 Low Power Single Bipolar Operational Amplifiers . . . . .. ... ... 493
MC35172 Low Power Dual Bipolar Operational Amplifiers . . . . . ... ... .. 495
MC35174 Low Power Quad Bipolar Operational Amplifiers . . . ... ... ... 497
MK53731 Single Number Pulse Tone Switchable Dialer . . . . . . ... ... .. 141
MK53732 Tone Pulse Dialer with Last Number Save Function . . . . .. ... .. 149
MK53761 Repertory Dialer . . . .. ... ... ... ... ... ... ... .. 159
MK53762 Repertory Dialer . . . . . . . . . . . e 167
ML8204/8205 ToneRinger . . .. . . .. ... 175
P6KE Series Uni and Bidirectional Transils . . . . . ... ... ........... 583
SM4T Series Uni and Bidirectional Surface Mount Transils . . . ... ........ 591
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ALPHANUMERICAL INDEX

N-tm);er Function NEar;lgbeer
SM6T Series Uni and Bidirectional Surface Mount Transils . . . . .. ... ... .. 597
SM15T Series Uni and Bidirectional surface Mount Transil . . . . ... ... ... .. 603
SMTPA Series Surface Mount Trisil . . . . . . .. ... ... .. ... ... ... 609
SMTPB Series Surface Mount Trisil . . . . . . ... .. ..o 615
ST1305 Hi End CMOS 192 Bit EEPROM with Secure Logic Access Control . . . 531
ST18XSTAR Static Answering and RecordingChip . . . . . . ... ... ...... 481
ST24/25C01 CMOS 1K (128 x8) SerialEEPROMs . . . . . . . .. ... ... ... 533
ST24/25C01C CMOS 1K (128 x8) SerialEEPROMs . . . . . . . .. ... ... ... 533
ST24/25W01C | CMOS 1K (128 x8) SerialEEPROMs . . . . . . ... ... ... ... 533
ST24/25C02A CMOS 2K (256 x 8) Serial EEPROMs . . . . . . . e e e e e e e 535
ST24/25C02C CMOS 2K (256 x8) SerialEEPROMs . . . . . . ... ... ...... 535
ST24/25W02C | CMOS 2K (256 x 8) Serial EEPROMs . . . . . . . ... ... ... .. 535
ST24/25C04 CMOS 4K (512x8)SerialEEPROMs . . . . . . ... ... ...... 537
ST24/25C04C CMOS 4K (512x8) Serial EEPROMs . . . . . .. ... ... ..... 537
ST24/25W04C | CMOS 4K (512x8) SerialEEPROMs . . . . . . ... . ... ..... 537
ST24/25C08 CMOS 8K (1024 x 8) Serial EEPROMs . . . . . . ... .. ...... 539
ST24/25C08C CMOS 8K (1024 x 8) Serial EEPROMs . . . . . . ... ... ..... 539
ST24/25W08C | CMOS 8K (1024 x8) Serial EEPROMs . . . . . ... ... ...... 539
ST24/25C16 CMOS 16K (2048 x 8) Serial EEPROMs . . . . . .. ... ...... 541
ST24/25W16 CMOS 16K (2048 x 8) Serial EEPROMs . . . . . .. . ... ... .. 541
ST24/25E16D CMOS 16K (2048 x 8) Serial EEPROMs, Ext. 2CBus . . . ... ... 543
ST3854 Eletronic Hook Switch . . . . . .. ... ... . ........... 189
ST5080A Programmable ISDN AudioFrontEnd . . . .. ............. 193
ST5088 Programmable ISDN Audio FrontEnd . . . . . . . .. ... ... ... 223
ST5421 SID-GCI: S/T Interface DevicewithGCI . . . . .. .. ... .. .... 253
ST5451 ISDNHDLCand GClController . . . . ... .............. 279
ST6294 8-Bit HCMOS MCU with A/D Converter EEPROM & Auto-Reload Timer 469
ST62E94/T94 8-Bit EPROM HCMOS MCUs with A/D Converter, EEPROM &

Auto-Reload Timer . . . . . . . . . . ... .o 471
ST7162 Universale Programmable Dual PLL . . . . ... ... ... ...... 311
ST7291 8-Bit HCMOS MCUs with 16K ROM and Wake-up Function . . . . .. 473
ST7293 8-Bit HCMOS MCUs WithEEPROM . . . . . . . ... .. ... .... 475
ST7294 8-BittHCMOS MCUs WIithEEPROM . . . . . . . . ... ... ... .. 477
ST72E94/T94 8-Bit EPROM HCMOS MCUs with EEPROM . . . . . . ... ... .. 479
STH221 Muldex IC for Multimedia Teleservices . . . . . . . . ... .. ... .. 325
TDA7233/D 1W Audio AmplifierwithMute . . . . .. .. ... ... ... .. ... 355
TDA7326 AM-FM Radio Frequency Synthesizer . . . . . . . ... ... ..... 359
TEA7052 Speech Circuit with Power Management . . . . ... ... ...... 369
TEA7063 Speech Circuit with Multifrequency Tone Generator Interface . . . . . . 383
TEA7088 Low Range Phone Dedicated Analog FrontEnd . . . . . . . ... ... 395
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ALPHANUMERICAL INDEX

NI‘I:?;er Function NS?ngbeer
TEA7090 Low Range Phone Dedicated Analog FrontEnd . . . . . . . .. .. .. 399
TEA7091 Telephone Analog FrontEnd . . . . . . . ... ... ... ....... 415
TEA7530 Monitor Amplifier . . . . . . ... o 419
TEA7531 Monitor Amplifier . . . . . . ... Lo 427
TEA7532 Monitor Amplifier . . . . . . . ..o 429
TEA7533 Monitor Amplifier . . . . . . ... Lo 443
TEA7540 Hans Free Circuit for Al Range Sets . . . . . .. .. ......... 449
TEA7868 Linelinterface . . . . . . . . . ... ... 459
TEB1033 Dual Bipolar Operational Amplifiers . . . . .. .. .. ... ... ... 499
TEB4033 Quad Bipolar Operational Amplifier . . . . ... ... ... ... ... 501
TEC1033 Dual Bipolar Operational Amplifiers . . . . . ... .. ... ... ... 499
TEC4033 Quad Bipolar Operational Amplifiers . . . . . . .. ... ... ... .. 501
TEF1033 Dual Bipolar Operational Amplifiers . . . . . ... ... ... ... .. 499
TEF4033 Quad Bipolar Operational Amplifiers . . . . . . .. ... ... ..... 501
THBT Series Triple Symmetrical Trisils . . . . . ... ... .. . oo oL 621
TPA Series Symmetrical Trisils . . . . . . . ... 629
TPB Series Symmetrical Trisils . . . . . . . . . ..o 635
TPI Series Trisil Tribalancer Protectors for ISDN . . . . . .. .. ... ... ... 641
TPP25011/12 Programmable Supressor . . . . . .. ... Lo 649
TSI Series Telephone SetInterface . . . . . . .. ... ... ... ........ 657
TS27L2C/IIM Very Low Power Dual CMOS Operational Amplifiers . . . . . .. ... 503
TS27L4C/IIM Very Low Power Quad CMOS Operational Amplifiers . . . . . . .. .. 505
TS27M2C/IIM Low Power Dual CMOS Operational Amplifiers . . . . . .. ... ... 507
TS27M4C/I/M Low Power Quad CMOS Operational Amplifiers . . . . . . .. ... .. 509
TS271C/IIM Programmable CMOS Single Operational Amplifiers . . . . ... ... 511
TS272C///M High Speed Dual CMOS Operational Amplifiers . . . . . ... ... .. 513
TS274C/\/M High Speed Quad CMOS Operational Amplifiers . . . . ... ... .. 515
TS339C/I'M Micropower Quad CMOS Voltage Comparators . . . . . . .. ... .. 517
TS393C/I/M Micropower Dual CMOS Voltage Comparators . . . . .. ... . ... 519
TS902 Input/Output RAIL-TO-RAIL Dual CMOS Operational Amplifiers 521
TS912 Input/Output RAIL-TO-RAIL Dual CMOS Operational Amplifiers . . . . 523
TS3702C/IIM Micropower Dual CMOS Voltage Comparators . . . . . . .. ... .. 525
TS3704C/IIM Micropower Quad CMOS Voltage Comparators . . . . . ... ... .. 527
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SELECTION GUIDE

SPEECH CIRCUITS

Type Function Package Page
L3280 Low Voltage Telephone Speech Circuit DIP14 33
L3281 Low Voltage Telephone Speech Circuit DIP14/SO14 39
LS256 Speech Circuit with Multifrequency Tone Generator Interface DIP16 87
LS285 Telephone Speech Circuit DIP16 93
LS588 Programmable Telephone Speech Circuits DIP16 101
LS656 Speech Circuit with Multifrequency Tone Generator Interface DIP16/SO20L 111
TEA7052 Speech Circuit with Power Management DIP24 369
TEA7063 Speech Circuit with Multifrequency Tone Generator Interface DIP20/SO20L 383

TONE RINGERS/RINGING DETECTORS

Type Function Package Page
L3240 Electronic Two-Tone Ringer Minidip/SO8 29
LS1240 Electronic Two-Tone Ringer Minidip 123
LS1240A Electronic Two Tone Ringer Minidip/SO8 123
LS1241 Electronic Two-Tone Ringer Minidip 127
ML8204 Tone Ringer Minidip 175
ML8205 Tone Ringer Minidip 175

LOUDSPEAKING

Type Function Package Page
TEA7530 Monitor Amplifier Minidip/SO8 419
TEA7531 (*) | Monitor Amplifier DIP16/SO16 427
TEA7532 Monitor Amplifier DIP16/SO16 429
TEA7533 Monitor Amplifier S0O20 443

HANDS FREE

Type Function Package Page

TEA7540 Hands Free Circuit for All Range Sets DIP28/S0O28 449
MONOCHIP / BICHIP

Type Function Package Page
L3913 Monochip Telephone PLCC44 51
L3914 Low Range One Chip Phone (Speech and Dialer) DIP28/S0O28 63
L3916 Low Range One Chip Phone (Speech and Dialer) DIP28/S028 75
TEA7088 Low Range Phone Dedicated Analog Front End DIP28/S0O28 395
TEA7090 Low Range Phone Dedicated Analog Front End DIP28/S0O28 399
TEA7091 Telephone Analog Front End PLCC44/PQFP44 | 415

(*) Replaced by TEA7532 for New Designs

10
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SELECTION GUIDE

DIALERS
Type Function Package Page
EFG7189 DTMF Generator for Binary Coded Hexadecimal Data DIP14 19
EFG71891 DTMF Generator for Binary Coded Hexadecimal Data Minidip 19
M3541 Single Number Pulse Tone Switchable Dialer DIP20/S020 131
MK53731 Single Number Pulse Tone Switchable Dialer DIP18/S0O20 141
MK53732 Tone Pulse Dialer with Last Number and Save Function DIP18/SO20 149
MK53761 Repertory Dialer DIP18/S020 159
MK53762 Repertory Dialer DIP18/5020 167
LINE INTERFACES
Type Function Package Page
L3845 TrunkK Interfaces Minidip/SO8 47
ST3854 Electronic Hook Switch S020 189
TEA7868 Line Interface Minidip 459
ISDN/DIGITAL PHONE
Type Function Package Page
ST5080A Programmable ISDN Audio Fron End PLCC28/SO28 193
ST5088 Programmable ISDN Audio Front End PLCC28 223
STH221 Muldex IC for Multimedia Teleservices PQFP64 325
ST5421 SID-GCI: S/T Interface Device with GCI DIP20 253
ST5451 ISDN HDLC and GCI Controller DIP28/SO28 279
CORDLESS
Type Function Package Page
ST7162 Universal Programmable Dual PLL DIP16/SO16 311
TDA7233 1W Audio Amplifier with Mute Minidip 355
TDA7233D 1W Audio Amplifier with Mute SO8 355
TDA7326 AM-FM Radio Frequency Synthesizer DIP16/SO16L 359

o7 SETHONEN
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SELECTION GUIDE

EEPROM, I°C Serial Access Bus

12

Size | Part Number | Organis. VC‘(’V;m" Feature Ra-ll-sgn;%"C) Package

1K ST24C01B1 128 x8 45 Byte/Page Write 0to 70 PSDIP8
ST24W01B1 128 x 8 45 Write Control 0to 70 PSDIP8
ST24C01CBH 128 x 8 3.0 Byte/Page Write 0to 70 PSDIP8
ST24W01CB1 128 x 8 3.0 Write Control 0to 70 PSDIP8
ST25C01B1 128 x 8 2.5 Byte/Page Write 0to 70 PSDIP8
ST25C01CB1 128 x 8 25 Byte/Page Write 0to 70 PSDIP8
ST25W01CB1 128 x 8 25 Write Control 0to 70 PSDIP8
ST24C01B6 128 x 8 45 Byte/Page Write —40 to 85 PSDIP8
ST24W01B6 128x 8 45 Write Control —40 to 85 PSDIP8
ST24C01CB6 128x 8 3.0 Byte/Page Write —40to 85 PSDIP8
ST24W01CB6 128 x 8 3.0 Write Control —40 to 85 PSDIP8
ST25C01B6 128 x 8 25 Byte/Page Write —40to 85 PSDIP8
ST25C01CB6 128x8 25 Byte/Page Write —40 to 85 PSDIP8
ST25W01CB6 128x 8 25 Write Control —40 to 85 PSDIP8
ST24C01M1 128 x8 4.5 Byte/Page Write 0to 70 S08
ST24C01M1013TR 128x8 45 Byte/Page Write 0to 70 SO8TR
ST24W01M1 128 x 8 45 Write Control 0to 70 SO8
ST24W01M1013TR | 128x8 4.5 Write Control 0to 70 SO8TR
ST24C01CM1 128x8 3.0 Byte/Page Write 0to 70 So8
ST24C01CM1TR 128x8 3.0 Byte/Page Write 0to 70 SO8TR
ST24W01CM1 128x8 3.0 Write Control 0to 70 SO8
ST24W01CM1TR 128 x 8 3.0 Write Control 0to 70 SO8TR

Size | Part Number | Organis. Vc(zvgmn Feature Ra.rr?gr;:p(“’C) Package

1K ST25C01CM1 128 x 8 25 Byte/Page Write 0to 70 SO8
ST25C01CM1TR 128 x 8 25 Byte/Page Write 0to 70 SO8TR
ST25C01M1 128 x 8 25 Byte/Page Write 0to 70 SO8
ST25C01M1013TR 128 x 8 25 Byte/Page Write 0to 70 SO8TR
ST25W01CM1 128 x 8 25 Write Control 0to 70 SO8
ST25W01CM1TR 128 x 8 2.5 Write Control 0to 70 SO8TR
ST24C01M6 128 x 8 4.5 Byte/Page Write —401t0 85 SO8
ST24C01M6013TR 128 x 8 45 Byte/Page Write —40 to 85 SO8TR
ST24W01M6 128 x 8 4.5 Write Control —40 to 85 SO8
ST24W01M6013TR | 128x 8 45 Write Control —40to 85 SO8TR
ST24C01CM6 128x8 3.0 Byte/Page Write —40 to 85 SO8
ST24C01CM6TR 128 x 8 3.0 Byte/Page Write —40to0 85 SO8TR
ST24W01CM6 128x 8 3.0 Write Control —40t0 85 S08
ST24W01CM6TR 128x 8 3.0 Write Control —40 to 85 SO8TR
ST25C01CM6 128x8 2.5 Byte/Page Write —40 to 85 SO8
ST25C01CM6TR 128x8 2.5 Byte/Page Write —40 to 85 SO8TR
ST25C01M6 128 x 8 25 Byte/Page Write —40to 85 SO8
ST25C01M6013TR 128x 8 25 Byte/Page Write —40 to 85 SO8TR
ST25W01CM6 128 x 8 2.5 Write Control —40t0 85 S0os8
ST25W01CM6TR 128 x 8 2.5 Write Control —40 to 85 SO8TR
ST24C01M3 128 x8 45 Byte/Page Write —40to 125 So8




SELECTION GUIDE

EEPROM, 12C Serial Access Bus (cont'd)

Size | Part Number | Organis. Vcc(:vl)'nln Feature R ;?;]ap(."C) Package

2K ST24C02AB1 256 x 8 3.0 Byte/Page Wnite 0to 70 PSDIP8
ST24C02AB1/AAB 256 x 8 3.0 Content all 00 0to 70 PSDIP8
ST24C02CBt 256 x 8 3.0 Byte/Page Write 0to 70 PSDIP8
ST24W02CB1 256 x 8 3.0 Write Control 0to 70 PSDIP8
ST25C02AB1 256 x 8 25 Byte/Page Write 0to 70 PSDIP8
ST25C02CB1 256 x 8 25 Byte/Page Write 0to 70 PSDIP8
ST25W02CB1 256 x8 25 Write Control 0to 70 PSDIP8
ST24C02AB6 256 x 8 3.0 Byte/Page Write —40to 85 PSDIP8
ST24C02CB6 256 x 8 3.0 Byte/Page Write —40to 85 PSDIP8
ST24W02CB6 256 x 8 3.0 Write Control —401to0 85 PSDIP8
ST25C02AB6 256 x 8 25 Byte/Page Write —40to 85 PSDIP8
ST25C02CB6 256 x 8 25 Byte/Page Write —40to 85 PSDIP8
ST25W02CB6 256 x 8 25 Write Control —40to 85 PSDIP8
ST24C02CB3 256 x 8 3.0 Byte/Page Write —40to 125 PSDIP8
ST25C02CB3 256 x 8 25 Byte/Page Write —40to0 125 PSDIP8
ST24C02AB3 256 x 8 3.0 Byte/Page Write, —40to 125 PSDIP8
ST24C02AM1 256 x 8 3.0 Byte/Page Write 0to 70 SO8
ST24C02AM1013TR| 256x8 3.0 Byte/Page Write 0to70 SO8TR
ST24C02CM1 256 x 8 3.0 Byte/Page Write 0to 70 SO8
ST24C02CM1TR 256 x 8 3.0 Byte/Page Write O0to 70 SO8TR
ST24W02CM1 256 x 8 3.0 Write Control 0to 70 S08 .
ST24W02CM1TR 256 x 8 3.0 Write Control 0to 70 SO8TR

Size Part Number | Organis. VC%V')"'" Feature R;(legr?ep("’C) Package

2K ST25C02AM1 256 x 8 2.5 Byte/Page Write 0to 70 S08
ST25C02AM1013TR] 256 x 8 25 Byte/Page Write 0to 70 SO8TR
ST25C02CM1 256x8 |, 25 Byte/Page Write 0to 70 SO8
ST25C02CM1TR 256 x 8 25 Byte/Page Write 0to 70 SO8TR
ST25W02CMH1 256 x 8 25 Write Control 0to70 S08
ST25W02CM1TR 256x 8 25 Write Control 0to 70 SO8TR
ST24C02AM6 256 x 8 3.0 Byte/Page Write —40 to 85 S0O8
ST24C02AM6013TR| 256 x 8 3.0 Byte/Page Write —40to 85 SO8TR
ST24C02CM6 256 x 8 3.0 Byte/Page Write —40to 85 S08
ST24C02CM6TR 256 x 8 3.0 Byte/Page Write —40 to 85 SO8TR
ST24W02CM6 256 x 8 3.0 Write Control —40to 85 SO8
ST24W02CM6TR 256 x 8 3.0 Write Control —401t0 85 SO8TR
ST25C02AM6 256 x 8 25 Byte/Page Write —40to 85 S08
ST25C02AM6013TR| 256 x 8 25 Byte/Page Write —40 to 85 SO8TR
ST25C02CM6 256 x 8 25 Byte/Page Write —40 to 85 SO8
ST25C02CM6TR 256 x 8 25 Byte/Page Write —40t0 85 SO8TR
ST25W02CM6 256 x 8 25 Write Control —-40t0 85 S08
ST25W02CM6TR 256 x 8 25 Write Control —40to 85 SO8TR
ST24C02AM3 256 x 8 3.0 Byte/Page Write —40to 125 S0o8

4K ST24C04B1 512x8 45 Write Protection 0to 70 PSDIP8
ST24C04CB1 512x8 3.0 Write Protection 0to 70 PSDIP8
ST24W04CB1 512x8 3.0 Write Control 0to 70 PSDIP8
ST25C04B1 512x8 25 Write Protection 0to70 PSDIP8

Ly7 SGS-THOMSON
Y/ HICROELECTRONICS
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SELECTION GUIDE

EEPROM, I°C Serial Access Bus (cont'd)

Size | Part Number | Organis. VchV;nln Feature R ;:g;';’)(;c) Package
4K ST25C04CB1 512x8 25 Write Protection 0to 70 PSDIP8
ST25W04CB1 512x8 25 Write Control 0to 70 PSDIP8
ST24C04B6 512x8 4.5 Write Protection —40 to 85 PSDIP8
ST24C04CB6 512x8 3.0 Write Protection —40 to 85 PSDIP8
ST24W04CB6 512x8 3.0 Write Control —40to 85 PSDIP8
ST25C04B6 512x8 25 Write Protection | 401085 PSDIP8
ST25C04CB6 512x8 25 Write Protection —40 to 85 PSDIP8
ST25W04CB6 512x 8 2.5 Write Control —40 to 85 PSDIP8
ST24C04CB3 512x8 3.0 Write Protection —40 to 125 PSDIP8
ST24C04CM1 512x8 3.0 Write Protection Oto 70 SO8
ST24C04CM1TR 512x8 3.0 Write Protection 0to 70 SO8TR
ST24W04CM1 512x8 3.0 Write Control 0to 70 S08
ST24W04CM1TR 512x 8 3.0 Write Control 0to 70 SO8TR
ST25C04CM1 512x8 2.5 Write Protection 0to 70 SO8
ST25C04CM1TR 512x8 2.5 Write Protection 0to 70 SO8TR
ST25W04CM1 512x8 25 Write Control 0to 70 SO8
ST25W04CM1TR 512x8 25 Write Control 0to 70 SO8TR
ST24C04CM6 512x 8 3.0 Write Protection —40 to 85 SO8
ST24C04CMBTR 512x 8 3.0 Write Protection -40 to 85 SO8TR
ST24W04CM6 512x8 3.0 Write Control —40to 85 S08
ST24W04CM6TR 512x8 3.0 Write Control —40 to 85 SO8TR
ST25C04CM6 512x8 25 Write Protection —40 to 85 SO8
ST25C04CM6TR 512x8 25 Write Protection —40to 85 SO8TR
Size Part Number | Organis. VC‘ZV')“'" Feature Ra-lr-fgn:ap(-C’C) Package
4K ST25W04CM6 512x 8 2.5 Write Control —40to 85 S0s8
ST25W04CM6TR 512x8 2.5 Write Control —40to 85 SO8TR
8K ST24C08B1 1K x 8 45 Write Protection 0to 70 PSDIP8
ST24C08CB1 1K x 8 3.0 Write Protection Oto 70 PSDIP8
ST25C08CB1 1Kx 8 2.5 Write Protection 0to 70 PSDIP8
ST24C08B6 1K x 8 4.5 Write Protection —40 to 85 PSDIP8
ST24C08CB6 1K x 8 3.0 Write Protection —40 to 85 PSDIP8
ST25C08CB6 1K x 8 25 Write Protection —40 to 85 PSDIP8
ST24C08CM1 1Kx 8 3.0 Write Protection 0to 70 SO8
ST24C08CM1TR + 1Kx 8 3.0 Write Protection 0to 70 SO8TR
ST25C08CM1 1K x 8 2.5 Write Protection 0to 70 S08
ST25C08CM1TR 1Kx 8 2.5 Write Protection 0to 70 SO8TR
ST24C08CM6 1Kx 8 3.0 Write Protection —401t0 85 SO8
ST24C08CM6TR 1Kx 8 3.0 Write Protection —40to 85 SO8TR
ST25C08CM6 1K x 8 2.5 Write Protection —40 to 85 SO8
ST25C08CM6TR 1Kx 8 2.5 Write Protection —40 to 85 SO8TR
16K ST24C16CB1 2Kx 8 3.0 Write Protection 0to 70 PSDIP8
ST24E16DB1 2K x 8 3.0 XI2C Bus & WC 0to 70 PSDIP8
ST25C16CB1 2Kx 8 2.5 Write Protection 0to 70 PSDIP8
ST25E16DB1 2Kx 8 2.5 XI2C Bus & WC 0to 70 PSDIP8
ST24C16CB6 2Kx 8 3.0 Write Protection —40 to 85 PSDIP8
ST24E16DB6 2Kx 8 3.0 XI2C Bus & WC —40 to 85 PSDIP8
ST25C16CB6 2Kx 8 25 Write Protection —40 to 85 PSDIP8

14
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SELECTION GUIDE

EEPROM, I°C Serial Access Bus (cont'd)

Size | Part Number | Organis. Vccvmln Feature Ra-':‘ag;p(},c) Package
16K ST25E16DB6 2Kx 8 25 XIC Bus & WC —40 to 85 PSDIP8
ST24C16CB3 2Kx 8 3.0 Write Protection —40to 125 PSDIP8
ST24C16CM1 2Kx 8 3.0 Write Protection 0to 70 S0O8
ST24C16CM1TR 2K x 8 3.0 Write Protection 0to 70 SO8TR
ST24C16DM1 2Kx 8 3.0 Write Protection 0to 70 SO8
ST24C16DM1TR 2Kx 8 3.0 Write Protection 0to 70 SO8TR
ST24E16DM1 2Kx 8 3.0 XI2C Bus & WC 0to70 S08
ST24E16DM1TR 2K x 8 3.0 XI2C Bus & WC 0to 70 SO8TR
ST25C16DM1 2Kx 8 25 Write Protection 0to 70 SO8
ST25C16DM1TR 2Kx 8 2.5 Write Protection 0to 70 SO8TR
ST25E16DM1 2Kx 8 25 XI?C Bus & WC 0to 70 S08
ST25E16DM1TR 2Kx 8 25 XI2C Bus & WC 0to 70 SO8TR
ST24C16DM6 2Kx 8 3.0 Write Protection —40to 85 S08
ST24C16DM6TR 2Kx 8 3.0 Write Protection —40to 85 SO8TR
ST24E16DM6 2Kx 8 3.0 XI°C Bus & WC —4010 85 S08
ST24E16DM6TR 2Kx 8 3.0 XIC Bus & WC —40to 85 SO8TR
ST25C16DM6 2Kx 8 25 Write Protection —40 to 85 S08
ST25C16DM6TR 2Kx 8 25 Write Protection —40to 85 SO8TR
ST25E16DM6 2K x 8 25 XI’C Bus & WC —40to 85 S08
ST25E16DMBTR 2K x 8 25 XI?C Bus & WC -40 1o 85 SO8TR
ST24C16CMLA 2K x 8 3.0 Write Protection 0to 70 SO14
ST24C16CML1TR 2Kx 8 3.0 Write Protection 0to 70 SO14TR
ST25C16CML1 2Kx 8 25 Write Protection 0to 70 SO14
Size | PartNumber | Organis. Vc%vl)mn Feature RJ:&"(;C) Package
16K ST25C16CML1TR 2K x 8 25 Write Protection O0to 70 SO14TR
ST24C16CML6 2Kx 8 3.0 Write Protection —401t0 85 SO14
ST24C16CML6TR 2Kx 8 3.0 Write Protection —40 to 85 SO14TR
ST25C16CML6 2Kx 8 25 Write Protection —40to 85 SO14
ST25C16CML6TR 2Kx 8 25 Write Protection —40 to 85 SO14TR

Lyy S6S;THOMSON
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SELECTION GUIDE

TRANSIL
Type
Pp (W) Vem (V) —— — Case Page
Unidirectional Bidirectional
400/1 ms 5.8 to 376 BZW04../BZWO04P.. BZW04..B/BZW04P..B | F126 555
400/1 ms 5.8t0 188 SM4TxxA SM4TxxCA SOD6 591
600/1 ms 5.810 376 P6KE.. PA P6KE.. CP, CA CB-417 583
600/1 ms 5.8t0 188 SMBTxxA SM6TxxCA SOD6 597
1500/1 ms 5.8 to 376 1.5KE... P, A 1.5KE...CP, CA CB-429 547
1550/1 ms 5.8t0 188 SM15TxxA SM15TxxCA SOD15 603
5000/1 ms 10 to 180 BZW50... BZW50...B AG 563
TRISIL
Ipp (A) | Ver (V) | Types Case Page
SINGLE FUNCTION
50/10/1000 58to 270 TPA Series F126 629
58to 270 SMTPA Series SOD6 609
90/10/1000 58 to 270 TPB Series CB429 635
58 to 270 SMTPB Series SOD15 615
100/10/1000 1810 120 LS5018B, 50608, 5120B DIL8 577
TRIPLE FUNCTION
30/10/1000 150 to 270 THBTxxx11 Series S08 621
150 to 270 THBTxxx12 Series DIL8 621
80to 120 TPIxx11 Series SO8 641
80to 120 TPIxx12 Series DIL8 641
GATE TRIGGERED PROTECTIONS
Ipp (A) VeR (V) Types Case Page
30/10/1000 250 TPP25011 SO8 649
250 TPP25012 DIL8 649
100/10/1000 250 L3100B, B1 DIL8 569
TELEPHONE SET INTERFACE: DIODE BRIDGE + PROTECTION
lpp (A) Ver (V) Types Case Page
30/10/1000 | 150t0270 | TSIxxxB5 Series SO16 657

16
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SGS-THOMSCN
MICROELECTRONICS

EFG7189
EFG71891

DTMF GENERATOR FOR BINARY

CODED HEXADECIMAL DATA

o GENERATES 16 STANDARD DTMF TONE
PAIRS

o USES LOW COST 3.579 MHz CRYSTAL

o DIRECT MICROPROCESSOR INTERFACE

o ACCEPTS 4 BIT DATA IN SERIAL OR PARAL-
LEL FORMAT

o DATA IS STORED DURING TRANSMISSION
PERIOD

o LOW HARMONIC DISTORTION

o HIGH GROUP PRE EMPHASIS

o LOW POWER CONSUMPTION IN STANDBY
MODE

o PULL-UP TO V* ON ALL LOGIC INPUTS

DESCRIPTION

This CMOS circuit is designed specifically to pro-
vide, with a minimum number of external compo-
nents, a low cost DTMF dialer for microprocessor
controlled telephone sets operating in accordance
with existing standards. The 4 bitsidentifying the fre-
quency pair to be generated may be supplied via
either 5 connections between the EFG7189 and the
microprocessor in parallel format or in serial format
through 3 connections linking the EFG7189 to the
microprocessor. This feature eliminates the neces-
sity to simulate keyboard type inputs normally re-
quired by standard DTMF generators. Input data is
stored on trailing edge of ISA signal. The tone pair
selected by this code is generated while ISA re-
mains low. With ISA high, the oscillator is inhibited
and the device is in standby mode. SA pin is con-
nected to V" while device is outputting any tone pair.

July 1993

Minidip

DIP14

ORDERING NUMBERS : EFG71891PD (Minidip)
EFG7189PD (DIP14)

PIN CONNECTIONS (Top view)

U/

MF OUT
ISA

b

NC

NN
IS
>

v- EFG7189 1,

0SC IN

imiminininin]

o o o

NC

0sC ouT 7 4 SA

| S0 R N OV N G O

O S uE MF OUT
- 188 2 grariger 7P
v~ 3 0:] A
i}

OSC IN 4 5 0SC OuT

1/10
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EFG7189 - EFG71891

BLOCK DIAGRAM

OSC IN

3579 MHzl

Data
latches

& MF OUT

j Programmable

PIN DESCRIPTION

Ne°

Name

Function

Description

1
4

v+
V-

Supply Voltage
Supply Voltage

Positive Supply
ov

11
10
9

Logic Input
Logic Input
Logic Input

Parallel input for hexadecimal code allowing
the selection of 2 frequencies constituting the
DTMF signal (see attached table).

12

Logic Input

Serial or Parallel Input for Hexadecimal Code

13

I|>»|o0m

Serial Input Clock

Clock Input for Hexadecimal Code Serial Input
Register on Pin A Furthermore, it allows for
the selection of the serial or parallel operating
mode of this code.

When ISA input goes low, the validated code

is:
« the parallel input code if input H 1s high.
o the senal input code if input H is low.

ISA

Logic Input

This pin allows for the inhibition of the analog
output MF OUT :
ewhen ISA is high, output MF OUT is idle and
connected to V™.
ewhen ISA is low, the hexadecimal code is
validated and MF OUT

output is activated.

SA

Logic Output

This pin indicates the state of the analog
output :
if ISA is low, SA is a low impedance output

atVv-.
«if ISA is high, SA is a high impedance output.

MF OUT

Analog Output

This pin is the DTMF signal output.

OSC IN

Oscillator Input

This pin corresponds to the input of the
inverter of the oscillator.

The nominal frequency of the oscillator is
3.579 MHz.

2/10
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EFG7189 - EFG71891

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
v* Supply Voltage —-03to+55 \Y
Vin Digital Input Range -0.3t0 V" +0.3 v
Tstg Storage Temperature Range —55t0 + 125 °C
ELECTRICAL OPERATING CHARACTERISTICS
All voltages referenced to V
Symbol Parameter Min. Typ. Max. Unit
v Positive Supply Voltage 3 - 5.25 Vv
Toper Operating Temperature Range -25 - 70 °C
fe Crystal Frequency - 3.579545 - MHz

DC ELECTRICAL CHARACTERISTICS
Tamb=—25°Ct0 70 °C, V" =-31t0 5.25V, fc = 3.579 MHz (all voltages are referenced to V")

Symbol Parameter Min. Typ. Max. Unit
5% Operating Current in Transmission Mode (V* = 4 V, output - 0.6 1 mA
not loaded)
ISB Standby Current (ISA, H, A, B, C, D open circuit or - - 10 HA
connected to V*)
ViL Input Low Voltage (ISA, H, A, B, C, D) 0 - 0.3 V* \
ViH Input High Voltage (ISA, H, A, B, C, D) 0.7 V* - Al Vv
Rt Pull up Resistor on Logic Inputs ISA, H, A, B, C, D 100 - - kQ
loLsa SA Output Current (VoLsa = 0.5 V) 500 - - pA
lrsa SA Leakage Current, Open Current (Vonsa = 5 V) - - 2 pHA
A.C. ELECTRICAL CHARACTERISTICS
Tamb=—25°Cto70°C, V' -3V 1t05.25V, f.=3.579 MHz
Symbol Parameter Min. Typ. Max. Unit
tr t Rise/Fall Time on Input Signals - - 50 ns
TISAon | Transmission Delay - - 5 ms
TISAorr | Blocking Delay - - 5 ms
Th Clock Period 10 - - us
THH High Level Clock Width 5 - - us
THL Low Level Clock Width 5 - - us
Tex Set-up Time of A Related to Clock 1 - - us
TMH Hold Time of A Related to Clock 7 - - us
Trisa Set-up Time of the Code or Clock Related to ISA 1 - - us
Tmisa Hold Time of Code Related to ISA 2 - - us
3/10
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EFG7189 - EFG71891

TRANSMISSION CHARACTERISTICS Tamb = - 25 °C to 70 °C, V* 3 V t0 5.25 V, fc = 3.579

Symbol Parameter Min. Typ. Max. Unit
DFH DFB | High and Low Frequency Precision - - 1 %
AFB Low Frequency Transmission Level (V" = 4 V) - Note 1 -8 -7 -6 dBm
GBH High Band Pre-emphasis 2.3 2.7 3.5 dB
D Output Distortion - - -20 dB
Note : 1.0dBm = 0.775 Vims
These specifications are related to the following loads.
Figure 1.
MIXED LOAD RESISTIVE LOAD
MFOUT
MFOUT
R
R
R >33kt C any C? R >z 120 k$2 v
C < 22nF R any
viorv
V#
MFOUT
R
R = 33 k2

FUNCTIONAL DESCRIPTION

With ISA input at logic level "1", the device is in low
power mode. The oscillator is inhibited and analog
output MF OUT is at ground level. DTMF input data
is detected on trailing edge of ISA. This transition en-
ables both the oscillator and the analog output then
the data is stored and corresponding DTMF pair is
generated during the low state interval of the ISA
signal. Any modification to H, A, B, C and D signals
during this period will not have any further effect on
DTMF pair generated.

The device accepts input data in two different for-
mats :

n Parallel format : this requires 4 connections (A, B,
C, D) between the microprocessor and the circuit.

n Serial format : in this case data is supplied to the
circuit by the microprocessor via 2 connections A
and H (see typical application diagram).

Pre-emphasis is applied to high group tone and both

410
éﬂ; %F@%@g&gﬁ%-gw?ég
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tones of DTMF pair are stpplied through analog out-
put pin.

DATA ACQUISITION LOGIC

This section includes : A 4-bit shift register, an 8-line
to 4-line multiplexer and a 4-bit storage register.

o The 4-bit shift register has its input connected to
pin A and is enabled by the signal applied to pin
H. Its outputs are AS, BS, CS and DS signals.

n The multiplexer is enabled by signal H and oper-
ates according to the following law : Al = H.AP +
H.AS.

n The 4-bit storage register operates on trailing
edge of ISA signal. Al, BI, Cl, Dland AL, BL, CL,
DL are its inputs and outputs respectively.

During the low state period of ISA input, AL, BL, CL
and DL signals determine the DTMF pair to be gen-
erated.




EFG7189 - EFG71891

Figure 2 : Example of Parallel Operating Mode.

‘STeseeteles e ele BRI TR ITITST TS = SRR
8 ESRRRREe B R S RS

| SRESRRESEY

HTTTTTTT 1 It [

MEOUT A 770 + 1477 \ tﬁ 697 + 1209 \
Stored data (H = 1} Stored data (H = 1)
AL =0 0
BL=1 0
cL=1 1}
oL=0 1

Note : If the circutt operates permanently in parallel mode, then the H input may be left floating (internally pulled-up to V*) or tied to logic 1.
With ISA at logic 0, H,A,B,C, and D inputs cannot modify the generated DTMF pair.

Figure 3 : Example of Serial-Operating Mode.

ISA t ,——* l—

7701477 7 1
ME OUT A 0 )\ A 697 1209\
A T A A A A A A A A
AS=0 1 1 0 10 0o o
BS=X 0 1 1 X 1 0 o
csS=X X 0 1 X X 1 0
DS=X X X 0 X X X 1
Stored data (H = 0) Stored data (H = 0)
AL=AS=0 0
BL=DS=1 0
CL=CS=1 0
DL=DS=0 1

Notes : 1. With ISA at logic 0, H, A, B, C and D signals cannot modify the generated DTMF parr. As a result, in serial operating mode, it I1s
possible to enter AS, BS, CS and DS data while another DTMF pair is being generated.
2. First data to be entered is DS.

5/10
Lyz $5S;THOMSON
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EFG7189 - EFG71891

Figure 4 : Data Acquisition Logic.

: AL BL cL DL
i
|
|
|
|
| Storage register
ISA >—n : —opP>
|
| Al 8l ¢ cl D!
i
|
|
]
|
I
|
H P : — 8-ine to 44ine multiplexer
|
' [ b
|
| As| AP | Bs| 8| cs| cp| Ds| op
|
|
!
I
|
I
| s
H
! 1
| F
| T
! R
| E
| 7
s
I T
| E
| R
I
I
|
|
|
|
|
L e
L
o
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EFG7189 - EFG71891

TIMING DIAGRAM
Figure 5 : Rise/Fall Time on Input Signals.

Figure 6 : Parallel Operating Mode (H = "1").
A.B.C.D ><‘°9V. '__“JK X >(
L0V — — — — —

isA

MFOUT

Teisa | TISAQN TISAQFF

T™MISA

Figure 7 : Serial Operating Mode.

R R I G

A o9v* X o9ov®
o1v* 01v*
T -
TPH  TmH >l_——T“L la THH

TH
1sA o9 v* jf
o1v*
T
PISA : la
MFOUT [
TISAON TEAOFF
7110
£ SGS-THONISON
Y/ MICROELECTRONICS
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EFG7189 - EFG71891

Table 1
DTMF Specification | Freduencies Derived Division % Deviation
(Hz) a 3.579 MHz Quartz (Hz) Rank Standard
f1 697 701.3 5104 0.62
f2 770 771.4 4640 0.19
f3 852 857.2 4176 0.61
f4 941 935.1 3828 - 0.63
f5 1209 1215.9 2944 0.57
f6 1336 1331.7 2688 -0.32
f7 1477 1471.9 2432 -0.35
18 1633 1645 2176 0.74
Table 2
Keyboard Hexadecimal Code ISA Generated Frequencies
Code A B c D f(Hz) f(Hz)
X X X X X 1
1 0 0 0 1 d 697 1209
2 0 0 1 0 d 697 1336
3 0 0 1 1 N 697 1477
4 0 1 0 0 l 770 1209
5 0 1 0 1 d 770 1336
6 0 1 1 0 d 770 1477
7 0 1 1 1 d 852 1209
8 1 0 0 0 { 852 1336
9 1 0 0 1 d 852 1477
0 1 0 1 0 l 941 1336
. 1 0 1 1 J 941 1209
# 1 1 0 0 L 941 1477
A 1 1 0 1 d 697 1633
B 1 1 1 0 l 770 1633
(¢} 1 1 1 1 2 852 1633
D 0 0 0 0 { 941 1633
8/10
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EFG7189 - EFG71891

TYPICAL APPLICATION (european standards)

Figure 8 : Parallel Connection.

Regulated voltage Pw~
S d order o DTMF
ISA y* MFOUT ow-pass output
filter
EF68HC

04P3

or

ETC EFG7189

9410 8
c
) v’

Note : H may be left open or connected to logic 1.
Figure 9 : Serial Connection.
Regulated voltage
DTMF
ISA v' MFOUT Second order output
low-pass filter
EF68HC H
04P3
or A EFG7189
ETC
9411
v-

Note : B, C and D may be left floating or connected to logic 1.

G37 S6S:THOMSON

MICROELECTRONICS
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EFG7189 - EFG71891

SECOND ORDER LOW-PASS FILTERS
Figure 10 : With Transistor (gain = 1).

v-#
? vi-VvT mavio2v
1000 pF
£10%
il
i
56 k2 56 k2
£2% +2% [V
MF OUT O- y p - I\:Nw“
DTMF
* ouTPuT
680 pF
+10% ] 10 ks2
£10%
V- v’
Figure 11 : With Op. Amp. (gain = 1).
56 k2
+2%
—{—
470 pF
+£10% L
56 ki 56 k2
£2% 2%
MFOUT O ¥ o | — _
1500 oF TOB358 — = 85#01’
—-—
+10 %I +
33 k2 39 k2
. +10% £10% o
v {+ 4 v vt-vi=4vi02vV
10/10
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KY / %m?@%é%&g%gm?@lg L3240

' ELETRONIC TWO-TONE RINGER

= LOW CURRENT CONSUMPTION, IN ORDER
TO ALLOW THE PARALLEL OPERATION OF 4
DEVICES

= INTEGRATED RECTIFIER BRIDGE WITH
ZENER DIODES TO PROTECT AGAINST
OVERVOLTAGES

» LITTLE EXTERNAL CIRCUITRY

= TONE AND SWITCHING FREQUENCIES AD-
JUSTABLE BY EXTERNAL COMPONENTS

n INTEGRATED VOLTAGE AND CURRENT
HYSTERESIS IN=T= ‘1 @

= COMPLEMENTARY OUTPUT CONFIGURA- }1?
TION

Minidip S08

ORDERING NUMBERS : L3240B1 (Minidip)
L3240D1 (SO8)

DESCRIPTION

L3240 is a monolithic integrated circuit designed to
replace the mechanical bell in telephone sets, in PIN CONNECTION ( top view)
connection with an electro acoustical converter. The
device can drive either directly a piezo ceramic con-
verter (buzzer) or a small loudspeaker. In this case
a transformer is needed. The two tone frequencies
generated are switched by an internal oscillator in a

fast sequence and made audible across output am-

plifiers in the transducer ; both tone frequencies and LINE LINE

the switching frequency can be externally adjusted.

The supply voltage is obtained from the AC ring sig- GROUND Gbacion

nal and the circuit is designed so that noise on the SWEEP RATE SomER

line or variations of the ringing signal cannot affect CONTROL CAPACITOR

the correct operation of the devices. OUTPUT FREQUENCY BUZZER
CONTROL RESISTOR

The output bridge configuration allows to use a high

impedance transducer with acoustical results much

better than in a single ended configuration.

The two outputs can also be connected inde-

pendently to different converters or actua-

tors (acoustical, opto, logic).

June 1993 13
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L3240

BLOCK DIAGRAM

TELEPHONE RECTIFIER

LINE CAPACITOR BUZZER  BUZZER
) O ) N\
8 7 51’ s\r
IN
|| e
RECTIFIER
HYSTERESTS STAGE
BRIDGE
- |
SUITCHING TONE
FREQUENCY FREQUENCY
GENERATOR GENERATOR
S ) ) | ‘)
TELEPHONE GND  SUEEP RATE OUTPUT FREQUENCY
LINE CONTROL CAPACITOR CONTROL RESISTOR

M839L32486-81

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
Vas Calling Voltage (f = 50 Hz) Continuous 120 Vems
Vas Calling Voltage (f = 50 Hz) 5s N/10s OFF 200 VRMs
DC Supply Current 30 mA
Top Operating Temperature —20,+ 70 °C
Tstg Storage and Junction Temperature — 65, + 150 °C
THERMAL DATA
Symbol Parameter Value Unit
Rthjamb | Thermal Resistance Junction-ambient Max. 100 °C/W
ELECTRICAL CHARACTERISTICS
(Tamb = 25°C ; Vs = applied between pins 7-2 ;otherwise specified)
Symbol Parameter Test Conditions | Min. | Typ. | Max. | Unit
Vs Supply Voltage 26 \
I Current Consumption Without Load (Pins 8-1) Vg.1=1651029.5V 1.5 1.8 | mA
Von Activation Voltage 12 186 | V
Vorr | Sustaining Voltage 7.8 9.3 \
Ro Differential Resistance in OFF Condition (Pins 8-1) 6.4 kQ
Voutr | Output Voltage Swing Vs—5 Vv
lout Short Circuit Current (pins 5-6) Ve=20V 35 mA
Vs Voltage Drop between Pins 8-1 and Pins 7-2 3 Vv
2/3
SGS-THOMSON
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L3240

ELECTRICAL CHARACTERISTICS

(Tamb = 25°C ; Vs = applied between pins 7-2 ;otherwise specified)

AC OPERATION

Symbol Parameter Test Conditions Min. | Typ. | Max. Unit
Output Frequencies Vs =26V, Ry = 14 KQ kHz
Fout 1 Ve=0V 2,29 2,8 .
Fout 2 Vs=6V 1.6 2.1
Fout 1
Fout 2 1.33 1.43
Programming Resistor Range 8 56 kQ
Sweep Frequency R1 = 14kQ, C1 =100nF 5.25 7,5 9.75 Hz

Figure 1 : Test Circuit.

Figure 2 : Typical Application with Balanced

Output.
1pF 2,260 1PIE 2.2K 0L
8 5 | Buzzer 8 S [
v,
"B 1 une F 7 80 Vpg LINE £— 7 6 —_I—
10pF L 12 i 4 10pF 52 12 3 4
S
OJ R1 O
%3{' 14K 0 c1J_ R1
nF 10T 14K N
5-9115 nF
5-9116
Figure 3 : Application Compatible with LS1240 Figure 4 : F1 Out vs. R1.
(single ended output).
G-5996
R [TTTC T
(KDY } BRI
'PF 22k t T
8 [3 \‘ \\
40 AV
Vag LINE 7 =1 \
= N
30 AUA
10pF =2 1 2 3 4 |OPEN .
O*—] J_ l\\ B NOMINAL CURVE]
v, c1 R1 20 S ) L]
s wq- 14K N i . | u‘o/.
nF o proSan. guEn|
5-9117 10 N g
1000 1500 2000 2500 Fy (Hz)
3.56 x 10* Fi 750
Ri=—=222 >~ x(1-0.12xIn f2=0.725f f = ==
TR (HY) ( 5543 ) 2 ! SWEEP = 1 (nF)

(ST il
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L3280

LOW VOLTAGE TELEPHONE SPEECH CIRCUIT

= OPERATION DOWN TO 1.3 V/5 mA

= DTMF & BEEP TONE INPUTS

» EXTERNAL MUTING FOR EARPHONE AND
MICROPHONE

= MUTE TURNS ON BEEP TONE & DTMF IN-
PUTS AND TURNS OFF EARPHONE & MI-
CROPHONE

» SUITABLE FOR DYNAMIC OR PIEZO EAR-
PHONES AND PIEZO, DYNAMIC OR ELEC-
TRET MICROPHONES

DESCRIPTION

The L3280 is a brand new low voltage speech circuit
designedto replace hybrid circuits in telephone sets.
It is designed for sets that may be operated in par-
allel. It features both DTMF input and Beep tone in-
put ; ALC on send and receive and muting input.

Various DC - characteristics can be programmed at
pin 14 replacing testing resistor (43Q) with proper
network value.

PIN CONNECTION (top view)

ADVANCE DATA

DIP14 (0.25)

ORDERING NUMBER : L3280AB

seno |
-
oo |3
er e
e2 [s
wo s
mi |7

(] Tume

13 ] BIAS

12[] e+

10 ] MUTE

w

] BEEP

8 ] DTMF

S-9161

June 1993
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This is advanced information on a new product now in development or undergoing evaluation. Details are subject to change without notice.
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BLOCK DIAGRAM

13
6 |— DC
AGC
N 1%
10
L 11,
amp [ | acc aMp|
l—— — 2
9 45 S-9160
ABSOLUTE MAXIMUM RATINGS
Symbol Parameter Value Unit
VL Line Voltage (3 ms pulse) 20 \
I Line Current 150 mA
Prot Total Power Dissipation, Tamp = 70 °C 1 w
Top Operating Temperature —20to 55 °C
T Junction Temperature - 65 to 150 °C
THERMAL DATA
Symbol Parameter Value Unit
Rihramb | Thermal Resistance Junction-ambient Max 80 °C/W
2/6
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L3280

Figure 1 : Test Circuits.

6000 68k F
"1 —0 .
a0
1 14 LINE
1 12
18V
680
| N ) S— %
13 n22rF
6
-
MIiC L 3
AMP acc [ | ame 2
_-—
ol 4| |5
EARPHONE $-9157/1
Figure 2 . Figure 3.
4 4 6
7 Ymi
APPLICATION APPLICATION —O
CIRCUIT Vro ?ggsg 4
ABOVE —O0 v
5 5 RO
;___O O
S-9158 S-9159
Receiving gain Sending gain and sidetone :
VRo Vso . Vro
Gr= < Gs= ; ST= RO
VRI Vmi Vmi
3/6

&7 FESTHIMSON

35



L3280
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ELECTRICAL CHARACTERISTICS
(Tamb = 25°C ; f = 1kHz ; IL = 20mA : mute low ; R1 (pin 14) = 43Q, unless otherwise specified)
Symbol Parameter Test Conditions Min. Typ. | Max. Unit
Vi Line Voltage IL=20 mA 3.05 3.35 \'
VL Line Voltage IL =50 mA 5.8 6.2 \"
Vi Line Voltage IL=80mA 85 10 \
CMRR Common Mode Rej. Ratio 50 dB
Gs Sending Gain Vmi=2mV, IL=20mA 47.8 49.3 50.8 dB
Das Delta Sending Gain IL=70 mA, Vmi =2 mV -7 -55 -4 dB
THDS Sending Distortion Vso = 700 mV 5 %
Nrx Sending Noise IL=50mA, Vmi=0V -71 dBm
Zmi Mic. Input Impedance VM =2 mV 40 KQ
GRr Receiving Gain IL=20 mA, VRi=0.2V 7.7 9.2 10.7 dB
Dar Delta Receiving Gain IL=70 mA, VRi=0.2V -7 -55 -4 dB
THOR Receiving Distortion VRo = 615 mV 5 %
NRx Receiving Noise VR=0V 300 nv
Zro Receiving Output Imped. R+ =200 Q, Vro = 50 mV 10 Q
Sidetone Vmi =2 mV 40 dB
Zme Line Match. Impedance VR =02V 500 600 700 Q
VL Line Voltage IL=5.5mA 1.5 1.8 \
Vso Sending Output Voltage IL=5.5mA, THp =5 % 100 mV
Iro Rec. Output Current IL=5.5mA, THpD =5 % 0.7 mA
OPERATION @ I = 16 mA
MULO Mute Input Low (speaking mode) 1 \Y
MUHI Mute Input High (dialling mode) 2 \
GMF DTMF Gain Vn=2mV;Mute=2V 25 26.5 28 dB
RMF DTMF Input Impedance Mute =2 V 6 8.5 KQ
THDMF | DTMF Distorsion Mute =2V ; Vin =25 mV 5 %
Goeep Beeptone Gain Mute =2V ; Vip=25mV 8.5 dB
Roeep Beeptone Input Imped. Mute =2V 12 KQ
THD Beeptone Distorsion Mute =2V ; Vgt = 100 mV 5 %
DVL DELTA VuiNe Mute =2 V; IL = 20 mA 0.5 1.2 v
GBACK Back Tone Gain - - -3.0 dB
-4/6
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L3280

CHARACTERISTIC AT 1 KHz

Figure 4 : Receive Characteristic and Max Output

Figure 5 : Sending ALC Characteristic and Max

at2 % THD. Output at 2 % THD.
G v
v S SO
G RO
(dB) (v
(dB) Veo (VRMS) 504 RMS)
10 RO rav 48 - 1.0
® 46 - 0.8
6 L1y 44 L 06
4 42 0.4
2 40 0.2
T T T Lv M T v T A T T T T T T T
0 1020 3040 5060 70 80(mA) 0 10 20 30 40 50 60 70 80 (mA)
5-9156
Figure 6 : DC Characteristic Measured between
Line and GND.
VL
12 1 RL =430
DIAL
10
8 | MUTE H SPEECH
6 1 MUTE L
4 .
2 -
0 10 20 30 40 50 60 70 80 90(mA)
S-911211
LOGIC OF MUTE SWITCHING
DTMF BEEP MIC INPUT RECEIVE INPUT
MUTE H ACTIVE TO LINE ACTIVE T MUTED MUTED
OUTPUT EARPHONE OUTPUT
MUTE L MUTED MUTED ACTIVE ACTIVE
(37 SGS-THOMSON o8
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Ky SGS-THOMSON

L3281

LOW VOLTAGE TELEPHONE SPEECH CIRCUITS

OPERATION DOWN TO 1.6V / 6.5mA
DTMF & BEEP TONE INPUTS

s EXTERNAL MUTING FOR EARPHONE AND
MICROPHONE

= SUITABLE FOR DYNAMIC EARPHONE AND
DYNAMIC OR ELECTRET MICROPHONE

= AGC CONTROL ON BOTH SENDING AND
RECEIVING

DESCRIPTION

The L3281 is an electronic speech circuit devel-
oped to replace hybrid circuits in telephone sets
that can be operated in parallel with other
phones.

BLOCK DIAGRAM

PRELIMINARY DATA

DIP14

SO14

ORDERING NUMBERS:

L3281AB L3281AD1

== DTMF ! 12—0"5
INPUT A8 > |13 =c1
RM cM =
me P e > e Tae] g KL SN
ey hd
RR | mure
R18 01
3)
BEEP TONE >— v, =
» 24
RS 4 A e A ,
EARPHHf = % N
c s[4 I

. b

© A
UL

m

[] RZ

cz

N9ILI283-26R

—]

June 1993
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L3281

PIN CONNECTION (top view)

S‘JENDEl 1 14
RX INI] 2 13
GND I 3 12
RX OUT ] 4 11
ZENER [ 5 18
MiC- 6 9
Mic+ O 7 8

) ILINE
] BIAS
] LINE+
) RGC
) MUTE
) BEEP
] DTMF

N91L3281-89

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
piP-14 |  so-4
Vi Line Voltage (3 ms pulse) 15 \i
I Line Current 150 mA
Prot Total Power Dissipation, Tamb = 55°C 1.0 | 0.6 w
Top Operating Temperature —20to 55 °C
T Junction Temperature —65to 150 °C
THERMAL DATA
Symbol Parameter Value Unit
DIP-14 S0-14
Rth j-amb Thermal Resistance Junction Ambient Max 90 130 °CG/W

277

40
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L3281

TEST CIRCUITS

Figure 1.
ca
2B .
RS l R3 Y JL
- — P
c2
T . 4 o1 "
DTMF 1 12
INPUT |1 c1
cH = o
B
UMI cM R 14
>— acC ——{= Ra
— L L
MUTE
R1B D1
3
BEEP TONE >—— v ——
1 . 24
VRO AGC —4—»—< 2
2880 [—'K':M
5“ M8319289-22
Figure 2. Figure 3.
L n .
" I 1"
1BUF TEST 6 |—o 18UF TEST 6 |—
IRCUIT YY) CIRCUIT
© SBBQ?]- CIRCY UM1 ©6 cu UMI1
uso 1.3281 L3281
3 7 b——o UR1 7?7 b—>
4 3 4
© URO © URO
MN93L3282-28 N92L3282-29
SENDING GAIN AND SIDETONE RECEIVING GAIN
usa URO VRO
. — R -
68 uM1 UMI ¢ URI
LS5 SGS-THOMSON Sl
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L3281

ELECTRICAL CHARACTERISTICS I = 20 to 100mA; R4 =( 51Q// diode) + 33Q;
T =25°C; f = 1kHz; Unless Otherwise Specified

Symbol Parameter Test Condition Min. Typ. | Max. Unit
V| Line Voltage IL=6.5mA 1.65 \"
IL=20mA 3.4 3.7 \
IL =50mA 6.0 6.5 Vv
IL = 80mA 8 9.5 \

CMRR Common Mode Rej. Ratio 50 dB
Gix Sending Gain Vi =10mV; [ = 20mA 30 315 33 dB
DGix Delta Sending Gain Vi =10mV; I = 70mA -72 | 57 —4.2 dB
THDx Sending Distortion Vso = 700mV; IL = 20mA 5 %
Nix Sending Noise Vi = 0V; IL = 50mA -70 dB
Zmi Mic. Input Impedance Vmi = 10mV 40 kQ
Gix Receiving Gain IL=20mA; V= 0.2V -107 | =92 | -7.7 dB
DGix Delta Receiving Gain IL =70mA; Vi, = 0.2V -7.2 -57 —-4.2 dB
THDx Receiving Distortion Vio = 350mV; Load = 350Q 5 %o
Vo = 300mV; I = 10 mA 5 %

Nix Receiving Noise V=0V 100 nv
Zro Rec. Output Impedance Load = 200Q; Vi = 50V 10 Q
Sidetone Vmi = 10mV 10 20 dB
Zm Line Match. Impedance Vi, =0.2V 500 600 700 Q
Vso Sending Output Voltage I = 6.5mA; THD = 5% 100 mV

Io Receiving Output Current IL=6.5mA; THD = 5% 0.5 mAp
MU0 Mute Input Low Dialing Mode 50 100 HA
MU Mute Input Open Speaking Mode 1 pA
Gt DTMF Gain Vi In = 10mV 14.5 16 175 dB
Rmt DTMF Input Impedance 5 10 kQ
THDmt DTMF Distortion VmtLn = 140mV 5 %
Gbeep Beeptone Gain Vbeep IN = 256mV 8.5 dB
Rbeep Beeptone Input Impedance 5.5 8 kQ
THDbeep Beeptone Distortion Vbeep IN = 100mV; I = 20mA 0.5 5 %
V; Zener Voltage (Pin 5) Iz=1mA 4.2 5.1 6.2 \
lleak Leakage Current,Vpns = 3V 20 HA

= L7 SEs:THomsoN
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L3281

LOGIC OF MUTE SWITCHING
MUTE DTMF BEEP MIC IMP RX IMP
LOW ACTIVE TO LINE ACTIVE TO EARPHONE MUTED MUTED
(DIAL) OUTPUT OUTPUT
OPEN ACTIVE TO LINE ACTIVE TO EARPHONE ACTIVE ACTIVE
(SPEECH) OUTPUT OUTPUT

CIRCUIT DESCRIPTION
TWO TO FOUR WIRE CONVERSION

The L3281AB is based on a Wheastone bridge
configuration. To balance the bridge the following

The AC signal from the microphone is sent to one
diagonal of the bridge (pins 1 and 3). A small per-
centage of the signal power is lost on Zb (being
Zb > (Zm//Zi)); the main part is sent to the line via
R2.

relation must be satisfied:

21//Zm_R2
Zb RS

Figure 4: 2/4 Wire Conversion

In receiving mode, the AC signal coming from the
LINE is sensed across the second diagonal of the
bridge (pins 12 and 2).

The impedance Zm and Zb can be complex.

EARPHONE i

M98L 3283 -82R

5/7
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L3281

DC CHARACTERISTIC

The fig.5 shows the equivalent simplified circuit of
the DC regulator that provides to give the oppor-
tune DC impedance Zdc.

Idc* Z4
VL {T * (RA+ RB)} +VD + VR1

VL =[(|dc - 74 -(:—g +1 ﬂ+ VD + VR1

since RA = RB
VL=(ldc - Z4 + 2) + VD + VR1

When IL 18 mA and considering neglectible the
VD + VR1 variation versus line current :
AVL

ZDC_AIdc_z Z4
At IL = 6.5 mA no current flows through Z4 but
only in the rest of the circuit for internal biasing
(lo;la). The bias current lo is fixed by the resistor
R2. The line voltage in this case is :

equivalent.
The zener voltage will be:
70K .
Vz= 136K " 1" Vbe

It is possible to supply 1mA to the electrete volt-
ageif VL>(1mA +1z)-Rz+ Vz

Figure 6: Low Voltage Speech Circuit.

VUpin 12-3 n91L3281-14

) | |
24.33451//D
12.8
18.5
9.0 =
7.5 ,//
/
6.8 —-
4.5
3.8 4
1.5 |4
8

B 18 28 306 40 58 68 78 88 IL(mA)
Figure 7: Zener Equivalent.

VL=1aRA+VR1=16V ILINE
The Fig.6 shows the DC characteristic (voltage 12 Rz
between pin 12 and pin 3 versus line current). S
The device own an equivalent zener voltage at 78K uL
pin 5 that can be used as supply voltage for elec- 02 Y2 cz
tret microphone (see Block Diagram). 19. 8K
The value of the resistor R2 and the capacitor C2
should be chosen in order to not affect the AC
line inpedance. The Fig.7 shows the zener 3L 38328
Figure 5: Equivalent Simplified Circuit
12 'L
O 0 R
R2 A
1
UL
1 Ia
B
* -0
M92L3283-33

6/7

ﬁ SGS-THOMSON

MICROELECTRONICS

44



L3281

AC CHARACTERISTIC

The AC Impedance measured at line terminals is
equal to:

1
Zm = (R1 +W)//(R2+R3+Zb)
The value of the capacitor C1 must be In the
range of 22 uF to 100 uF.

The external resistor R1 can be replaced by a re-
sistor/capacitor network in order to realize a com-
plex Impedance Zm.

TRANSMITTING CIRCUIT

The first block of the TX stage is basically a differ-
ential amplifier which converts voltage to current.
The inputs are internally polarized at 300 mVdc.
The differential Input impedance is 60 KQ to allow

Figure 8: Equivalent Transmitting Circuit.

a good matching to microphone. The AGC in TX
is function of voltage at pin 14 in order to de-
crease to max gain of 5.5dB to 6.0dB when the
line current increases.

RECEIVING CIRCUIT

Fig.9 shows the equivalent receiving circuit. The
differential input of RX signal across R2+R3 is
transferred to the AGC block when the mute sig-
nal (pin 10) is not active.

The AGC in RX is a function of the voltage at pin
14 and decreases the gain when the line current
increases (5.5dB to 6.0dB).

The final stage is a single ended amplifier with

low output impedance optimized to drive mag-
netic/dynamic transducers.

AGC TX
AG-F1IL).5.5dB

No98L5283-83

13

c1
2 | L

H

ZML

Figure 9: Equivalent Receiving Circuit.

2L
URXinﬂ 18

MUTE INPUT

AGC RX
AG-F11L).5.5dB

2B I

BEEPTONE
INPUT

NSELI28-844

ﬁ SGS-THOMSON
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SGS-THOMSON
MICROELECTRONICS

L3845

TRUNK INTERFACE

= ON CHIP POLARITY GUARD

MEETS DC LINE CHARACTERISTICS OF
EITHER CCITT AND EIA RS 464 SPECS

PULSE FUNCTION

HIGH AC IMPEDANCE

OFF HOOK-STATUS DETECTION OUTPUT
LOW EXTERNAL COMPONENT COUNT

DESCRIPTION

The circuit provides DC loop termination for ana-
log trunk lines.

The V-l characteristics is equivalent to a fixed
voltage drop (zener like characteristic) in series
with an external resistance that determines the
slope of the DC characteristic.

An external low voltage electrolytic capacitor
causes the circuit to exhibit a very high imped-
ance to all AC signal above a minimum frequency
that is determined by the capacitor itself and by a
20 K nominal resistor integrated on the chip.

The Off-Hook status is detected all the time a
typic of 8 mA is flowing into the circuit. In this con-
dition a constant current generator is activated to

BLOCK DIAGRAM

IN* rrﬂ‘

Minidip S08
ORDERING NUMBERS:
L3845B L3845D

supply an external device (typically an optocou-
pler) without affecting the AC characteristic of the
circuit.

When Pulse Dialing is required the PULSE input
(pin 3) connected to V- causes the device to re-
duce the fixed DC voltage drop and to exhibit a
pure resistive impedance equal to the external re-
sistor.

8
1 * uUt
IN1 O—¥ —_—
PULSE
POLARITY DC LINE 3
OFF HOOK
GUARRD TERMINATION DETECTJON HDB
2 CIRCUIT 4
IN2 O—
5! 6’\ 2’
acT I peT u-
MBBLI845-517 =
c1 R1
s T

July 1993
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L3845

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
Vi Max Line Voltage (pulse duration 10 ms max) 20 \
I Max Line Current 150 mA
Ptot Total Power Dissipation at Tamb = 70 °C 800 mwW
Top Operating Temperature —40to + 70 °C
Terg, T) Storage and Junction Temperature —55to + 150 °C
PIN CONNECTION (Top view)
1186L 3845-82A
THERMAL DATA
Symbol Parameter Minidip S08 Unit
Rih j-amb Thermal Resistance Junction-ambient (*) Max. 80 140to 180 | °C/W
(*) Mounted on FR4 Boards
2/4
r SGS-THOMSON
Y/ WicRorLECTRONICS
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L3845

DC ELECTRICAL CHARACTERISTICS (IL = 10 mA to 100 mA, R1 =56 Q, S1=0Open, Tamb = + 25 °C,
unless otherwise specified)

Symbol Parameter Test Condition Min. Typ. Max. Unit
Vi Line Voltage PULSE = Open
(normal mode) IL=10mA 5 \
IL=20 mA 6 \
I. =100 mA 12 \
Vip Line Voltage PULSE =V~
(pulse mode) IL =20 mA 4 \
IL=35mA 5.5 \Y
IL =80 mA 9.5 \Y
Ihn ON/OFF-Hook 6.5 9.5 mA
Line Current Detection
Threshold
Int OFF/ON-Hook 5 9.2 mA
Line Current Detection
Threshold
lout OFF-Hook IL=10 mA 1.5 mA
Output Drive Current at Pin IL>20 mA 2 mA
HDO
Vpm Pulse Input Low Voltage 0.8 \Y
lpm Pull-up Input Current at Pin IL =100 mA 20 pA
PULSE (pulse mode) Pulse = V™
INm Imput Current at Pin Pulse 3 pHA
(normal mode)

AC ELECTRICAL CHARACTERISTICS (IL = 10 mA to 100 mA, R1 =156 Q, Rz =470 KQ, St = Open,
Tamb = + 25 °C, unless otherwise specified)

Symbol Parameter Test Condition Min. Typ. Max. Unit
ZL AC Line Impedance Ci=22mF .
f=1KHz 20 KQ
Sending/Receiving Distortion f=1KHz
Vg = 775mVrms
I. =15 to 100mA 2 %
Sending/Receiving Distortion S1 = Closed;
Vs =1.3Vrms 2 %

APPLICATION INFORMATION

Figure 1 gives the typical application circuit ; it is

worth to note that the TRUNK TERMINATION

With the use of this circuit it is possible to termi-
nate an analog trunk so that all the DC current
component is flowing in the TRUNK TERMINA-
TION CIRCUIT while the AC component is de-
coupled with a low voltage capacitor and can be
used with a small and low cost audio coupler
transformer to provide the AC balancing termina-
tion and two to four wire conversion.

Therefore it is usefull both for MODEM and PABX
systems.

Ei' SGS-THOMSON

CIRCUIT, together with the LS5018 transient sup-
pressor provides a compact and low cost module
fully protected against lightning or overvoltages
frequently present on telephone lines.

The PULSE input when connected to V- allows
the device to reduce the Line Voltage and to
show a resistive impedance equal to R1 to the
line. When PULSE input is left open, this function
is disable.

3/4
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L3845

Figure 1: Typical Application.

HOOK AND c2
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L3913

MONOCHIP TELEPHONE

ADJUSTABLE SLOPE OF DC CHARAC-

TERISTIC

= ADJUSTABLE AUTOMATIC LINE LENGHT
RECEIVING AND SENDING GAIN CONTROL
(NOT USED IN DTMF), WITH POSSIBILITY
OF FIXED GAIN (PABX).

n ADJUSTABLE AUTOMATIC LINE LENGHT
TRACKING ANTISIDETONE SYSTEM

= ADJUSTABLE DYNAMIC IMPEDANCE

» STABILIZED POWER SUPPLY FOR PERIPH-
ERALS

= CONFIDENCE LEVEL DURING PULSE AND
DTMF DIALLING

= RECEIVING AMPLIFIER FOR DYNAMIC OR
PIEZO-ELECTRIC EARPIECES

= HIGH IMPEDANCE MICROPHONE INPUTS
(80KQ MIN. IN SYMMETRICAL AND 40KQ
MIN. IN ASYMMETRICAL) SUITABLE FOR
DYNAMIC, MAGNETIC, PIEZO-ELECTRIC
OR ELECTRET MICROPHONE

= DYNAMIC LIMITING IN SENDING (ANTICLIP-
PING) PREVENTS DISTORTION OF LINE
SIGNAL AND SIDETONE

= ANTISQUELCH SYSTEM IN SENDING PRE-
VENTS "ROOM NOISE" TO BE TRANSMIT-
TED, AND IMPROVES THE ANTI-LARSEN
EFFICIENCY

= LOUDHEARING PROGRAMMABLE GAIN IN
8 STEPS OF 3 dB USING THE SERIAL BUS,
OR LINEARLY USING A POTENTIOMETER

= ANTILARSEN SYSTEM WHICH DOESN'T
CUT THE RECEIVING VOICE

» ANTIDISTORTION SYSTEM BY AUTOMATIC
GAIN CONTROL VERSUS AVAILABLE
LOUDHEARING CURRENT

= RINGING BALANCED OUTPUT IN DMOS
FOR HIGHER POWER CAPABILITY

= 4 RINGING TONES ADJUSTABLE WITHOUT
EXTERNAL COMPONENTS

= INTERNAL SPEED UP CIRCUIT PERMITS A
FASTER CHARGE OF Vcc AND Vgam CA-
PACITORS

= LOGIC BOUNCE ELIMINATION

s PULSE DIALLING 66/33 OR 60/40 OR DTMF DI-
ALLING SELECTABLE BY PROGRAMMING PIN

» ADJUSTABLE FLASHING DURATION (90ms

or 265ms)

September 1993

ADVANCE DATA

PLCC-44

PIN CONNECTION (top view)
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INTERDIGITAL PAUSE

CONFIDENCE TONE (440Hz)

LAST NUMBER RADIAL UP TO 23 DIGITS
STANDARD LOW COST CERAMIC 455KHz
BINARY DATA INPUT IN SERIAL MODE
TEST MODE CAPABILITY

DESCRIPTION

The L3913 monochip is a BIPOLAR CMOS-
DMOS (BCD) integrated circuit that performs all
the speech and line interface functions required in
an electronic telephone set, the ringing function
with 4 melodies, the pulse and DTMF dialling with
redial, the loudhearing with antilarsen and antidis-
tortion systems, a keyboard interface with the
possilbility to interface with an external microcon-
troller using the internal serial bus, and a power
supply for peripheral.

112

This 1s advanced information on a new product now in development or undergoing evaluation Details are subject to change without ncmce.s1
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L3913

PIN FUNCTIONS
Ne Name Description
1 C4 Keyboards inputs
2 C3 Keyboard inputs
3 FLASH | Flashing selection (80 or 265ms)
4 DC/FV__ |Dialling selection (33/66 pulse, 40/60 pulse or DTMF)
5 oL Open line output
6 RESET [Output reset in normal case, input reset in test mode
7 EA Loudhearing ON/OFF
8 IEA Antidistortion time constant adjustment in loudhearing
9 AL Antilarsen time constant adjustment in loudhearing
10 Vram RAM and internal logic supply
11 Ve Power supply for peripherals
12 VE Line voltage
13 LS Loudhearing input
14 VEA Loudhearing supply
15 HP2 Loudspeaker output
16 GND Ground
17 HP1 Loudspeaker output
18 EFF line lenght AGC adjustment
19 IRer Bias adjustment
20 SELF Electronic self input
21 RGAB DC characteristic slope adjustment
22 M1 Microphone input
23 M2 Microphone input
24 ZAC Dynamic impedance adjustment
-25 EM/FILT | First sending stage output
26 MOD Modulator output
27 EM/MF __ [NSecond sending stage input and DTMF input
28 ACL Anticlipping time constant adjustment
29 E2 Receiver output
30 E1 Receiver output
31 ZALC Short line sidetone network
32 REC Receiver input
33 ZALL Long line sidetone network
34 OUT1 Buzzer output
35 ouT2 Buzzer output
36 VIR Ringing supply
37 CK Ceramic input (455KHz)
38 PAIR Ajustment between 2 pairs of ringing frequencies
39 BEAT Beat ajustment of each pair
40 MF DTMF output
41 C1 Keyboard inputs
42 Cc2 Keyboard Inputs
43 Cé6 Keyboard inputs
44 C5 Keyboard inputs

3/12
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L3913

ELECTRICAL CHARACTERISTICS (Tamb = 25°C; f = 1kHz; Re = 20kQ; all resistance are specified at
1%, all capacitance at 2%)

rSymbol I Parameter | Test Condition I Min. ' Typ. | Max. l Unit | Figj
DC CHARACTERISTICS
' Line Voltage IL=15mA - 4.4 4.9 \" 1
IL=25mA 5.75 6.15 6.55 \ 1
IL = 60mA 12.75 | 13.15 | 13.55 \ 1
Vce Stabilized Voltage Supply ICC =0.6mA IL=8.3mA 2 25 - \ 1
lcc=2.1mA I =25mA 3.15 3.4 3.65 \ 1
IRAM Operative VRAM = 3.5V - - 500 LA
IRAM STAND-BY VRAM = 3.5V - - 300 nA
RECEPTION
GR1 Receiving Gain IL=25mA V_=0.3Vrms 10 11 12 dB 2
GR2 Receiving Gain IL = 60mA (see AGCR) 2.5 4 5.5 dB 2
AGCR | Delta Gain Receive IL = 60mA (to be applied only if 6.3 7 7.7 dB 2
GR2 is not respected)
Rx Distortion IL = 30mA; Vout = 5Vpp - 0.6 3 % 2
IL = 60mA; Vout = 5Vpp - 0.6 3 % 2
Zout Receiver IL = 25mA; Vout = 50mVrms 45 65 85 Q 2
Rx Offset IL=25mA/60mA -500 - 500 mV 2
Sidetone IL=25mA Vm =2mVrms - 30 - dB 1
IL=60mA - 16 - dB 1
TRANSMISSION
GSH Sending GAIN IL=25mA Ve =2mVrms 47.5 48.5 49.5 dB 1
GS2 Sending GAIN 1L = 60mA (see SGCS) 40.4 41.9 434 dB 1
AGCS | Delta GAIN sending IL = 60mA (to be applied only if 5.9 6.6 7.3 dB 1
GS2 1s not respected)
CMRR | Common Mode Rejection I = 25mA; Vem = 50mVrms - 75 - dB 1
Tx Distortion IL=36mA Vm =5mVrms - - 3 % 1
Vm =5mVrms + 10dB - - 5 % 1
Vm = 5mVrms + 20dB - - 7 % 1
AS GAIN Attenuation IL=25mA Vpi = 2mVrms 65 - - dB 1
Zin Microphone Impedance IL = 30mA 85 120 - KQ 1
Tx Offset Pin 25 (DTMF - Ty) IL = 25mA /60mA - 100 +100 mV 1
Tx swng | Tx Output Voltage Swing IL=36mA 3.2 3.8 4.4 Vpp 1
Vmi ¢= 5mVrms+10dB
Tx squelch | Dynamic Range IL = 25mA 75 9 10.5 dB 1
Vmie = 1mVms/0.15mVrms
ZUINE Matching IL=25mA 580 630 680 Q 2
IL=60mA
NOISE
Tx Noise IL = 25mA (psophometric) - -78 - dBmp | 1
Rx Noise IL = 25mA (psophometric) - 200 - uvp 2
412
&7 320NN
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ELECTRICAL CHARACTERISTICS (continued)

[ symbot | Parameter Test Condition Min. | Typ. | Max. | unit |Fig. |
LOUDHEARING
Vea Loudhearing Supply IL=25mA 35 3.8 4.1 \% 3
IL=60mA 7.8 8.2 8.9 \Y 3
Gea Loudhearing Gain IL=30/50mA Vi s =20mVrms 19.7 20.7 21.7 dB 3
AGea 8 Steps Programmable Gain | IL =25/60mA Vis = 20mVrms - 3 - dB 3
Using Serial Bus
Zn Input Impedance IL=30mA 24 34 44 KQ 3
LH Distortion IL=50mA Vjune = 200mVrms - 1 3 % 3
LOAD = 100Q Viune =350mVrms - 4.5 7 % 3
LH Offset IL=25mA -120 - +120 mV 3
ILEAK Leakage Pin lga I =25mA - - 100 nA 3
LH Offset Pin AL IL=25mA - - 150 mV 3
LH Antilarsen Attenuation I =30mA Pin9to Vce 5.75 6.25 6.75 dB 3
RINGER
Viunon | Threshold on Measured at Pin Vig 14 15 17 \ 4
Viunoft | Threshold off 10.5 12 14 \ 4
Is Supply Current Vs =17V no load - 1.2 1.6 mA 4
Fout Frequencies Pin 38 = GND 1450 | 1458 | 1465 Hz 4
Vigr =32V 1160 1166 1172 Hz 4
Pin 38 = Open 544 547 550 Hz 4
Vir = 32V 435 438 441 Hz 4
Pin 39 = GND 3.9 4 4.1 Hz 4
Pin 39 = Open 9 9.1 9.2 Hz 4
ViR = 32V
Vout | Output Voltage Swing Vig = 32V 30 - - % 4
I Input Low Vir = 32V BEAT, PAIR -12 -7 -15 A 4
(Pins 38, 39) Vi = 1V
DTMF GENERATION
DTMF Frequency Tolerances | I = 25mA -0.4 - +0.25 % 1
DTMF Level IL=25/60mA
Low group -10 -8 -6 dBm 1
High group -8 -6 -4 dBm 1
Preemphasis 1 2 3 dB 1
DTMF Distortion IL = 25mA BW = 20kHz see MASK fig. 6
DTMF Feedback IL=60mA
referred to the line voltage
- -19 - dB 5
LH - -25 - dB 5
Flash Operating Current 8.3 - - mA 1
TMF Transmission Time 80.1 81.7 83.3 ms 1
TiomF Interdigit Time 87.4 89.2 91.5 ms 1
Tmme | Transmission Mute 167.5 [ 1709 | 174.3 ms 1
Confidence Tone Only by Serial Bus - 440.9 Hz 1
Confidence Tone Level IL = 25mA - -9 - dBm | 1
LS7 SGS-THOMSON oz
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ELECTRICAL CHARACTERISTICS (continued)

Symbol | Parameter Test Condition I Min. , Typ. | Max. I Unit , Fig. |
LEAKAGE (Vram = 3.5V)
IkL Input Low (Keyboard current) | C1 % C6 (pins 1, 2, 41 % 44) 1.5 - 5 HA
ViL=0.5V
l Input Low C1 % C6 (pins 1, 2, 41 % 44) 150 450 1300 pA
VL= 0.4V
CK (pin 37) ViL=0.5V - - 1 nA
lin Input High EA (pin 7) ViH=3.5V 5 115 16 pA
DCFV (pin 4), Flash (3) -10 -6 -15 pA
ViL=0V
C1 % C6 (pins 1, 2, 41 % 44) -1300 | -450 -150 pA
Vg =3.1V
DCFV (pin 4), Flash (3), CK@7) [ - - 1 nA
Vi = 3.5V - - 1 pA
lot Output Low Reset (pin6)  VoL=0.4V 0.2 - 1.3 mA
OL (pin 5) 0.7 - 3.7 mA
loh Output High Reset (pin 6) VOH =285V | -1.8 -0.6 -0.2 mA
OL (pin 5) Von=07V | -30 - -8 pA
TIMING AND FREQUENCY
tr Reset Time In mode DTMF - 34.3 - ms 7
In mode 60/40 - 30 - ms 7
In mode 66/33 - 33 - ms 7
ton Clock Start-up Time - 5 - ms
tib Time line Break generating a | In mode 60/40 290 - 300 ms 7
Reset In mode 66/33 319 - 330 ms 7
In mode DTMF 341 - 343 ms 7
te Debounce Time In mode 60/40 14 24 34 ms
In mode 66/33 15.4 26.4 37.4 ms
In mode DTMF 16 27.4 38.9 ms
SERIAL BUS
twi, twn | Pulse Width Clock 2 - - 15 8
tel, teh Pulse Width Enable Signal 2 - - us 8
tsetup | Set-up Time Data to Clock 0 - - ns 8
Hold Time Data Drom Clock 100 - - ns 8
te Enable Time 0 - - ns 8
tRRN Time Between two 900 - - us 8
Transmissions
PULSE DIALLING (OL)
Dialling Pulse Frequency In mode 60/40 (pin 4 tied to - 10 - Hz
RESET)
In mode 66/33 (pin 4 not - 10.11 - Hz
Connected)
ToL Dialling Pulse Period pin 4 tied to RESET - 100 - ms
pin 4 n.c. - 98.9 - ms
tb Break Time pin 4 tied to RESET - 60 - ms
pin 4 n.c. - 66 - ms
tm Make Time pin 4 tied to RESET - 40 - ms
pin 4 n.c. - 33 - ms
612 7 SGS-THOMSON
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ELECTRICAL CHARACTERISTICS (continued)

| Symbol | Parameter Test Condition I Min. | Typ- l Max. | Unit | Fig. |
PULSE DIALLING (OL) continued.
tipoL Interdigit 830 - 833 ms
813 - 816.5 ms
tmol Transmission Mute n Pulses | See note below
Dialling
A Flash Pulse Duration Pin 3 to GND, Pin 4 n.c. 99 - 101.2 ms
Pin3n.c, Pin4n.c. 264 - 266.2 ms
Pin 3 to GND, Pin 4 to Reset 90 - 92 ms
Pin 3 to GND, Pin 4 to GND 92 - 94 ms
Pin 3 n.c., Pin 4 to Reset 240 - 242.2 ms
Pin 3 n.c., Pin 4 to GND 264 - 266 ms
Pin 3 to Reset, Pin 4 to Reset 110 - 112.2 ms
Pin 3 to Reset, Pin 4 to GND 115 - 117 ms
Pin 3 to Reset, Pin 4 n.c. 121 - 123.2 ms
tmi Transmission Mute In mode 60/40 830 - 832 ms
In mode 66/33 813 - 815.5 ms
In mode DTMF 860 - 880 ms
tp Pause Time In mode 60/40 3034 - 3038 ms
In mode 66/33 2994 - 2998 ms
In mode DTMF 3028 - 3032 ms
Clock Keyboard: Pin 4 to pin 6 14 24 34 ms
Minimum time to respect, in | Pin4n.c. 15.4 26.4 374 ms
order to take the pressed Pin 4 to GND 16 27.4 38.9 ms
pushbutton into account
Clock Keyboard: Pin4topin 6 24 24 34 ms
Minimum time to respect, in | Pin4 n.c. 26.4 26.4 374 ms
order to take the released Pin 4 to GND 274 274 38.9 ms
pushbutton into account
Note:
Min. Max. Unit
nx100 + 30 nx100 + 32 ms
nx98.9 + 22 nx 100 + 24.2 ms
LS5 SGS-THOMSORN 2
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TEST CIRCUITS
Figure 1.
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Figure 3.
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Figure 5.
Vee
x| [x
mN I ‘2 == 2201F == 470pF
Ege T T ]
o o S e Omree e e e O o
— S 19 18 " 14 34 35 36 38 39 16 3
__'L_> 470nF 43 ; 5 z ; s
o ] 0 20 “OT TR
C e "L'souF RK O 21 ; Bis| s
VET ESOO " 470nF . 2t
—_ — »—| O 32 410
L [] . 4°»F
0Q
S 26 MONOCHIP 79
15K ™M
C 1O 24 L3913-5 37 O -
620 I 620 [] 470nF D
QO 31 455KHz
QO 33 6 & - 480
6K o ] ML P St
17V
VR 013 I
4TpF 17 15 8 28 9 2 235 25 27
0 0 O=O O O
s = & a7k
100 ] 2, 5 s2 Vee $
Q
P é 3 g 47nF I 4 7nF IZZOpF I 53
g 5 § é 22F 22uF
D93TLOZ6 = © 2 2
« © VM
LINE BREAK DESCRIPTION
Figure 6: DTMF Distortion French Specification. After a line break longer than a Time Line Break
. g. .
(tb) an internal reset is generated. A short line
break < tlb does not affect the reset.
dBm/ D93TLO27 ;
600Q POWER ON RESET TIMINGS (After Line Break)
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Figure 7b: VRam < Vsonatt=0
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Pin reset: It is the power on reset output.

Figure 8.
vce
c1
DATA c2
MICRO 13913
CONTROLLER CLOCK c3
ENABLE SIGNAL c4
STATE OF DIALER c5

D93TLO31

Figure 9: Timing serial bus.

DIALER FUNCTIONAL DESCRIPTION

The monochip includes a dialling circuit for either
pulse dialling or dual tone multifrequency dialling.

The dialler transmits the codes decoded by the
logic keyboard on the outputs OL and DTMF.

DIALING MODE SELECTION

The default dialling mode is selected by the tri-
level pin DC/FV (pin 4):

— DC/FV open: pulse dialling in 66/33ms
— DC/FV to pin Reset: pulse dialling in 60/40ms
— DC/FV to pin GND: DTMF dialling calibrated
— mixed mode

When the circuit is in pulse mode, it is possible to
change to DTMF dialling with the " * " key. The

circuit returns in pulse mode after a reset condi-
tion or after a flash pulse.

DIALLING CODES

These are the numeric keys 0 to 9, and the non
numeric keys A, B, C, D, *, #. All of them are
stored in RAM.

The codes A, B, C, D can be only transmitted by
the serial bus, not by standard key board.

In' pulse dialling, the code #, B, C, D have no ef-
fect on the dialling. The code A (in pulse mode)
corresponds to 11 pulses.

SERIAL BUS DESCRIPTION

A microcontroller can be connected to the mono-
chip by 4 pins C2, C3, C4, C5 (see fig. 8)

C1 must be connected to Vcc to select the serial
mode operation.

twh "selup

twl
N

CLOCK

v ) Y

ENABLE SIGNAL

D93TL030

tel teh

&7
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C2 sends the data, C3 the clock, C4 the enable  Validates the acquisition of the last 5 bits.

signal, C5 indicates the state of the dialler (if C5 = Timings diagram in fig. 9 shows the details of se-
0 the dialler is busy, if C5 = 1 the dialler is free). rial bus synchronization. )
Data is a 5 bits serial word shifted in a 5 bits reg- Table 1 explains the "CODE ENTRY" in serial bus
ister during the positive transition of the clock mode.

pulse. The positive transition of the enable signal

Table 1: Code Enties.

0 0 0 0 0 *

0 0 0 0 1 1

0 0 0 1 0 2

0 0 0 1 1 3

0 0 1 0 0 4

0 0 1 0 1 5

0 0 1 1 0 6

0 0 1 1 1 7

0 1 0 0 0 8

0 1 0 0 1 9

0 1 0 1 0 0

0 1 0 1 1 A

0 1 1 0 0 B

0 1 1 0 1 C

0 1 1 1 0 D

0 1 1 1 1 *

1 0 0 0 0 RESERVED

1 0 0 0 1 R: FLASH

1 0 0 1 0 REDIAL

1 0 0 1 1 LOUDSPEAKER ON

1 0 1 0 0 CONFIDENCE TONE

1 0 1 0 1 MICROPHONE MUTE

1 0 1 1 0 PAUSE

1 0 1 1 1 RESERVED

1 1 0 0 0 LOUDSPEAKER LEVEL 0dB

1 1 0 0 1 LOUDSPEAKER LEVEL 3dB

1 1 0 1 0 LOUDSPEAKER LEVEL 6dB

1 1 0 1 1 LOUDSPEAKER LEVEL 9dB

1 1 1 0 0 LOUDSPEAKER LEVEL 12dB

1 1 1 0 1 LOUDSPEAKER LEVEL 15dB

1 1 1 1 0 LOUDSPEAKER LEVEL 18dB

1 1 1 1 1 LOUDSPEAKER LEVEL 21dB
&7 Sts:Momson
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LOW RANGE ONE CHIP PHONE (SPEECH AND DIALER)

Speech Circuit

» 2TO 4 WIRES CONVERSION

= PRESENT THE PROPER DC PATH FOR THE
LINE CURRENT AND THE FLEXIBILITY TO
ADJUST IT AND ALLOW PARALLEL PHONE
OPERATION

= PROVIDES SUPPLY WITH LIMITED CUR-
RENT FOR EXTERNAL CIRCUITRY

= SYMMETRICAL HIGH IMPEDANCE MICRO-
PHONE INPUTS SUITABLE FOR DYNAMIC
ELECTRET OR PIEZOELECTRIC TRANS-
DUCER

n ASYMMETRICAL EARPHONE OUTPUT
SUITABLE FOR DYNAMIC TRANSDUCER

= LINE LOSS COMPENSATION

= INTERNAL MUTING TO DISABLE SPEECH
DURING DIALING

= HOLD FUNCTION FOR PARALLEL PHONE
WITH 400ms DELAY TO PREVENT FALSE
RELEASE

Dialer Circuit

» 32 DIGITS FOR LAST NUMBER REDIAL
BUFFER

= 18 DIGITS FOR 13 MEMORY REDIAL

s ALLOW MIXED MODE DIALING IN EITHER
TONE OR PULSE MODE

= PACIFIER TONE PROVIDES AUDIBLE INDI-
CATION OF VALID KEY PRESSED IN A
BUZZER OR/AND IN THE EARPHONE

= TIMED PABX PAUSE

m FLASH INITIATES TIMED BREAK

= CONTINUOUS TONE FOR EACH DIGIT
UNTIL KEY RELEASE

s USES |INEXPENSIVE 3.579545MHz CE-
RAMIC RESONATOR

= POWERED FROM TELEPHONE LINE, LOW
OPERATING VOLTAGE FOR LONG LOOP
APPLICATION

DESCRIPTION

The device consists of the speech and the dialer.
It provides the DC line interface circuit that termi-
nates the telephone line, analog amplifier for
speech transmission and necessary signals for
either DTMF or loop disconnect (pulse) dialing.

September 1993

ADVANCE DATA

DIP28 S028
ORDERING NUMBERS:
L3914N L3914D

PIN CONNECTION (Top view)

\J/

101 28 (O R1
tz22 22 OR2
c3fgs 26 A R3
cas4 25 [ R4
osc s 24 O RS
PULSE [ 6 23 [J ubb
PACIFIER TONE/MODE [ 7 22 [J 6DTHF
HKS [ 8 21 [ nIc+
GND [ 9 28 [J MIC-
RXOUT [ 18 18 [ 6TX
GRX [ 11 18 [J REG
RXIN [} 12 17 LN
IREF [] 13 16 [J ILINE
vce O 14 15 1 LED
N92L3914-61A
KEYPAD CONFIGURATION
1123 HFLASH
4 5 6 [PROG
PAUSE|
7 8 3 /LND
X
SOFT| B [ HOLD
fsurrc
E1|E2|E3|MEeN

MS2L3514-82R

Note: PAUSE/LND:

PAUSE and LND functions are sharing the same key with different
sequence. Hereafter, PAUSE and LND keys are referringto the same
key.

112

This is advanced information on a new product now in development or undergoing evaluation. Details are subject to change without nt.ﬂice63
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BLOCK DIAGRAM

— o
R? R1
I - LINE
HS1A R3
Q1
R2 R4 RAC C) DSi c6 = R13
I I oo T
az - 5
PULSE ucC | RXIN LED LN |
23 6 14 12 15 I 17
11 | Grx RGRX
ONE CHIP PHONE [
DIALER SPEECH 10
L —_—
4 x5 -{ PULSE [ RECEIVE I oROUT
KEYPAD B
DTHF | - TRANSMIT & DTMF [
T 19 GTX C3E3
CONTROL LOGIC CURRENT RGTX R12[]
1 CONTROL HOLD
13 MEMORY RAM & CURRENT LED
REFERENCE
| 1
_L 5 7 28| 21 131 13 9 16
A \)_
cnF RMF st MODE] MIC-[MIC+] REG] IREF[GND] ILINE
c1e ceranic N R8 .
x13 BUZZLE R
TONE R14[]R15 c7== RS R10 28
- ULSE
T/P SU Tp
4
——— N92L3914 -850

When mated with a tone ringer, a complete tele-
phone can be produced with just two ICs.

The DC line interface circuit develops its own line
voltage across the device and it is adjustable by
external resistor to suit different country’s specifi-
cation.

The speech network provides the two to four
wires interface, electronic switching between dial-
ing and speech and automatic gain control on
transmit and receive.

The dialing network buffers up to 32 digits into the
LND memory that can be later redialed with a
single key input. Additionally, another 13
memories (including 3 emergency memories) of
18 digits memory is available. Users can store all
18 signalling keys and access several unique
functions with single key entries. These functions
include: Pause/Last Number Dialed (LND), Soft-
switch, Flash and Hold.

The FLASH key simulates a 585ms hook flash to

<73
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transfer calls or to activate other special features
provided by the PABX or central office.

The PAUSE key stores a timed pause in the num-
ber sequence. Redial is then delayed until an out-
side line can be accessed or some other activity
occurs before normal signaling resumes.

A LND key input automatically redials the last
number dialed.

The HOLD key allows the user to suspend the
conversation and resume the call on either the
same phone by pressing the HOLD key again or
resume the conversation at a parallel phone.

FUNCTION PIN DESCRIPTION

C1, C2, C3, C4, R5, R4, R3, R2, R1

Keyboards inputs. Pins 1, 2, 3, 4, 24, 25, 26, 27,
28. The one chip phone interfaces with either the
standard 2-of-9 with negative common or the
single-contact (Form A) keyboard.
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FUNCTION PIN DESCRIPTION (continued)

A valid keypad entry is either a single Row con-
nected to a single Column or GND simultaneously
presented to both a single Row and a single Co-
lunm.

In its quiescent or standby state, during normal
off-hook operation, either the Rows or the Col-
umns are at logic level 1 (Vpp). Pulling one input
low enables the on chip oscillator. Keyboard
scanning then begins.

Scanning consists of Rows and Columns alter-
nately switching high through on chip pullups.
After both a Row and Column key have been de-
tected, the debounce counter is enabled and any
noise (bouncing contacts, etc) is ignored for a de-
bounce period (TKD) of 32ms. At this time, the
keyboard is sampled and if both the Row and Col-
umn information are valid, the information is buf-
fered into the LND location. After scanning starts,
the row and column inputs will assume opposite
states.

In the tone mode, if two or more keys in the same
row or if two or more keys in the same column are
depressed a single tone will be output. The tone
will corresponds to the row or column for which
the two keys were pushed. This feature is for test-
ing purposes, and single tone will not be redialed.
Also in the tone mode, the output tone is con-
tinuous in the manual dialing as long as the key is
pushed. The output tone duration follows the
Table 1. When redialing in the tone mode, each
DTMF output has 100ms duration, and the tone
separation (inter signal delay) is 100ms.

Table 1: Output Tone Duration

Key-Push Time, T
T<=32ms

Tone Output

No output, ignored by
one chip phone.
100ms Duration

32ms < =T <= 100ms +
Tkd
T >=100ms + Tkd

Output Duration = T - Tkd

osC

Output. Pin 5. Only one pin is needed to connect
the ceramic resonator to the oscillator circuit. The
other end of the resonator is connected to GND
(pin  8). The nominal resonator frequency is
3.579545MHz and any deviation from this standard
is directly reflected in the Tone output frequencies.
The ceramic resonator provides the time reference
for all circuit functions. A ceramic resonator with
tolerance of £0.25% is recommended.

PULSE

Output. Pin 6. This is an output consisting of an
open drain N-Channel device. During on-hook,
pulse output pin is in high impedance and once
off-hooked, it will be pulled high by external resis-
tor. The pulse out will go high when the Hold key

A"fi’ SGS-THOMSORN

is pressed, in this way the phone will stay con-
nected to the line untill the parallel phone is
hooked-OFF or the Hold Key is pressed again.

MODE/PACIFIER TONE

Input (MODE). Pin 7. MODE determines the
dialet's default operating mode. When the device
is powered up or the hookswitch input is switched
from on-hook (Vpp) to off-hook (GND), the default
determines the signalling mode. A Vpp connec-
tion defaults to tone mode operation and a GND
connection defaults to pulse mode operation.

When dialing in the pulse mode, a softswitch fea-
ture will allow a change to the tone mode whenever
the * key is depressed. Subsequent * key inputs will
cause the DTMF code for an * to be dialed.. The
softswitch will only switch from pulse to tone. After
returning to on-hook and back to off-hook, the
phone will be in pulse mode. Redial by the LND key
or the MEM key will repeat the softswitch.

Output (PACIFIER TONE). Pin 7. In pulse mode,
all valid key entries activate the pacifier tone. In
tone mode, any non DTMF entry (FLASH,
PROG, PAUSE, LND, HOLD, MEM, E1, E2 and
E3), activates the pacifier tone. The pacifier tone
provides audible feedback, confirming that key
has been properly entered and accepted. It is a
500Hz square wave activated upon acceptance of
valid key input after the 32ms debounce time. The
square wave terminates after a maximum of
75ms or when the valid key is no longer present.
The pacifier tone signal is simultaneously sent to
earphone and the buzzer. The buzzer can be
removed without affecting this function.

HKS

Input. Pin 8. This is the hookswitch input to the one
chip phone. This is a high impedance input and
must be switched high for on-hook operation or low
for off-hook operation. A transition on this input
causes the on chip logic to initialize, terminating
any operation in progress at the time. The signaling
mode defaults to the mode selected at pin 7.
Figures 1 and 2 illustrate the timing for this pin.

GND

Pin 9 is the negative line terminal of the device.
This is the voltage reference for all specifications.

RXOUT, GRX, RXIN

RXOUT (pin 10), GRX (pin 11) and RXIN (pin 12).
The receive amplifier has one input RXIN and a
non inverting output RXOUT. Amplification from
RXIN to RXOUT is typically 31dB and it can be
adjusted between 11dB and 41dB to suit the sen-
sitivity of the earphone used. The amplification is
proportional to the external resistor connected be-
tween GRX and RXOUT.

3/12
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FUNCTION PIN DESCRIPTION (continued)

IREF

Pin 13. An external resistor of 3.6kOhm con-
nected between IREF and GND will set the inter-
nal current level. Any change of this resistor value
will influence the microphone gain, DTMF gain,
earphone gain and sidetone.

Vee

Pin 14, Vcc is the positive supply of the speech
network. It is stabilized by a decoupling capacitor
between Vcc and GND. The Vcc supply voltage
may also be used to supply external peripheral
circuits.

LED

Pin 15. The LED connected to this pin will start to
blink when the HOLD key is pressed and will turn
off if the HOLD key is pressed again. Otherwise, it
will continue to blink at 1Hz frequency when the
phone is on-hooked and then turn off when the
parallel phone goes off-hook.

ILINE

Pin 16. A recommended external resistor of
20ohm is connected between Ilune and GND.
Changing this resistor value will have influence on
microphone gain, DTMF gain, sidetone, maximum
output swing on LN and on the DC characteristics
(especially in the low voltage region).

LN
Pin 17. LN is the positive line terminal of the device.

REG

Pin 18. The internal voltage regulator has to be
decoupled by a capacitor from REG) to GND).
The DC characteristics can be changed with an
external resistor connected between LN and REG
or between REG and ILiNE .

GTX, MIC—, MIC+

GTX (pin 19), MIC- (pin 20) and MIC+ (pin 21).
The one chip phone has symmetrical microphone
inputs. The amplification from microphone inputs
to LN is 52dB and it can be adjusted between 44
and 52dB. The amplification is proportional to ex-
ternal resistor connected between GTX and REG.

GDTMF

Pin 22. When the DTMF input is enabled, the
microphone inputs and the receive amplifier input
will be muted and the dialing tone will be sent to the
line. The voltage amplification from GDTMF to LN

4nz L3 SGS-THOMSON

is 40dB. Final output level on LN can be adjusted
via the external resistor connected between
GDTMF and GND through a decoupling capaci-
tor. A confidence tone is sent to the earphone
during tone dialing. The attenuation of the con-
fidence tone from LN to Vear is —32dB typically.

Vop

Pin 23. Vpp is the positive supply for the dialing
network and must meet the maximum and mini-
mum voltage requirements.

DEVICE OPERATION

During on-hook all keypad inputs are high imped-
ance internally and it requires very low current for
memory retention. At anytime, Row and Column
inputs assume opposite states at off-hook. The
circuit verifies that a valid key has been entered
by alternately scanning the Row and Column in-
puts. If the input is still valid following 32ms of de-
bounce, the digit is stored into memory, and dial-
ing begins after a pre-signal delay of
approximately 40ms (measured from the initial
#eyll)lclosure). Output tone duration is shown in
able 1.

The device allows manual dialing of an indefinite
number of digits, but if more than 32 digits are
dialed, it will "wrap around". That is, the extra
digits beyond 32 will be stored at the beginning of
LND buffer, and the first 32 digits will no longer be
available for redial.

Table 2: DTMF Output Frequency

Stadard Actual o
Key Input Frequency | Frequency % Deviation

ROW 1 697 699.1 +0.31
ROW 2 770 766.2 -0.49
ROW 3 852 847.4 -0.54
ROW 4 941 948.0 +0.74
CcoL1 1209 1215.9 +0.57
CcoL2 1336 1331.7 -0.32
COL 3 1477 1471.9 -0.35

NORMAL DIALING
D1 D2 D3 ....efc

Normal dialing is straighforward, all keyboard en-
tries will be stored in the buffer and signaled in
succession.

PROGRAMMING AND REPORTORY DIALING
To program, enter the following:
PROG Dt D2 Dn MEM (location 0-9)

or
PROG D1 D2 Dn E1-E3
During programming, dialing is inhibited.

MICROELECTRONICS
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FUNCTION PIN DESCRIPTION (continued)

To dial a number from repertory memory (HKS
must be low), enter the following:
MEM (Location 0-9) or E1-E3
To save the last number dialed, enter the foliow-
ing:
PROG MEM (location 0-9) or E1-E3

HOOK FLASH
D1 FLASH D2 ...efc

Hook flash may be entered into the dialed se-
guence at any point by keying in the function key,
FLASH. Flash consists of a timed break of
585ms. When a FLASH key is pressed, no further
key inputs will be accepted until the hookflash
function has been dialed. The key input following
a FLASH will be stored as the initial digit of the
new number, overwriting the number dialed be-
fore the FLASH, unless itis another FLASH.
FLASH key pressed immediately after hookswitch
or LND will not clear the LND buffer unless digits
are entered following the FLASH key.
Example:

FLASH
LND not cleared

LND FLASH
LND not cleared

LND  FLASH D1 D2

LND buffer will contain D1, D2

PAUSE/LAST NUMBER DIALED

If the PAUSE/LND key is pressed right after off
hook or FLASH key, it is considered as LND, if it
is pressed after a digit, it will be considered as
PAUSE.

LAST NUMBERED DIALED
OFF-HOOK PAUSE/LND or FLASH PAUSE/LND
Last number dialing is accomplished by entering
the PAUSE/LND key.
PAUSE

OFF-HOOK D1 PAUSE/ND D2 ..etc
A pause may be entered into the dialed sequence
at any point by keying in the special function key,
PAUSE/LND. Pause inserts a 3.1 second delay
into the dialing sequence. The total delay, includ-
ing pre-digit and post-digit pauses is shown in
Table 3.

Table 3: Special Function Delays

Each delay shown below represents the time re-
quired after the special function key is depressed
until a new digit is dialed. The time is considered
"FIRST" key if all previous inputs have been com-
pletely dialed. The time is considered "AUTO" if in
redial, or if previous dialling is still in progress.

Function FirstAuto Delay (seconds)
Pulse Tone
SOFTSWITCH FIRST 0.2
AUTO 1.0
PAUSE FIRST 2.6 3.0
AUTO 3.4 31
HOLD

When HOLD key is pressed during off hook, there
are two options. The first option is to mute the
phone (LED will blink) and the conversation can
be resumed by pressing the HOLD key again.
The second option is to mute the phone (LED will
blink), on-hook the phone (LED will still blink at
1Hz frequency) and automatic switch off the
phone when parallel phone is off-hook.

The HOLD function is disabled when the line cur-
rent drops below 20maA.

SOFTSWITCH FUNCTION USING TONE/PULSE
MODE SWITCH

When dialing in Pulse mode after off-hook, switch-
ing TONE/PULSE mode switch from Pulse to Tone
will cause the device to change the signaling mode
into tone signal and store the softswitch function in
the LND memory for redial. To redial the softswitch
function (mixed mode dialing) in the pulse mode
after going on-hook and back to off-hook, you have
to switch the TONE/PULSE mode switch back to
pulse mode either before going on-hook or after off-
hook or during on-hook.

Subsequent mode change from Tone to Pulse will
change the signaling mode to pulse dialing se-
quence but this mode change will not be stored in
.the LND memory.

When dialing in Tone mode after off-hook, a switch-
ing of TONE/PULSE mode Switch from Tone to
Pulse will cause the device to change the signaling
mode into pulse mode but this mode change will
not be stored in the LND memory. When LND key
is pressed in Tone mode after going off-hook, the
device will output all tone signals.

A pacifier tone of 75ms is provided after 32ms
debounce time when switching from Pulse to
Tone mode.

Redial by the LND key will repeat the mixed dial-
ing sequence in Pulse mode.

L5 SGS:THOMSON sz
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Figure 1: Tone Mode Timing
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N 1: Pre-signal Delay
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Figure 2: Pulse Mode Timing
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ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
ViN Positive Line Voltage Continuous 12 \'
ILN Line Current 140 mA
Vbd Logic Voltage 7.0 \
Vi Maximum Voltage on Any Pin GND(-0.3) Vbp(+0.3) \

Tamb Operating Temperature Range -40 to +125 °C
_Tstg Storage Temperature -25t0 125 °C
Prot Total Power Dissipation 700 mwW

ELECTRICAL CHARACTERISTICS (IL = 10 to 140mA; Vpp = 4V; f = 1KHz;

wise specified)

Tamb = 25°C, unless other-

L5y SGS-THOMSON
Y/ saicrosLEcTRONICS

Symbol Parameter Test Condition Min. Typ. Max. | Unit | Fig.
ViN Line Voltage IL=4mA 2.50 Vv 3
IL=15mA 3.15 3.50 3.85 \Y
IL=120mA 7.0 \
Ra=68KQ; IL=15mA 2.6 3.2 3.7 \
Rp=39KQ ; IL= 15mA 3.6 4.1 4.6 \
Vbp Logic Voltage) TONE MODE 2.50 6.00 \ 3
PULSE MODE 2.20 6.00 )
Ibp Supply Current Into Vpp TONE MODE @ Vop = 4V 600 A 3
PULSE MODE @ VDD =4V 400 HA
Icc Supply Current Into Vce IL=15mA 1.30 mA 3
ILep Supply Currentto HOLD LED | IL=15mA 1.5 mA 3
IL=120mA 1.5 mA
VMR Memory Retention Voltage 1.50 v 4
IMR Memory Retention Current 1.00 pA 4
Is Off-Hook Stand-by Current Vop = 4.0V 150 250 pA 3
IpL Pulse Output Sink Current Vo = 0.5V 1.00 3.00 mA 3
lpo Pacifier Tone Sink/Source Vo = 0.5V (Sink) 1 3 mA 3
Current Vo = 3.5V (Source) 0.6 1 mA
ViL HKS, Mode, Keyboard Inputs 0.3xVpp| V -
Low
ViH HKS, Mode, Keyboard Inputs 0.7xVpD Vv -
High
GTx Transmit Gain Vmic = 2mVrms 6
IL= 15mA; Rarx = 68KQ 50.0 51.5 53.0 dB
IL = 60mA; Rarx = 68KQ 44.5 46.5 48.5 dB
AcTx Transmit Gain Variation with IL=15mA -8 0 dB 6
RaTx Vimic = 2mVrms
Ramx = 43KQ -4 dB
Retx = 27KQ -8 dB
Drx | Transmit Distortion IL = 15mA; Vin = 1Vrms 2 % 6
Ntx Transmit Noise IL=15mA; Vmic =0V -72 dBmp| 6
Zmic Microphone Input Impedance 64 KQ 5
Gomve | DTMF Gain (Output @ LN) IL = 15mA ; Rptmr = 2KQ 38 40 42 dB 7
Cpmvr | Confidence Tone Level -34 -32 -30 dB 7
Vear/VLN
712
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ELECTRICAL CHARACTERISTICS (continued)

Symbol Parameter Test Condition Min. Typ. | Max. | Unit | Fig.
Votme | DTMF Level on the line Romr = 2KQ,
High Frequency Group CotMF = 22nF -8 -6 -4 dBm 7
Low Frequency Group -10 -8 —6 dBm
PEl Pre-emphasis 1.40 2 2.60 dB 7
DIS DTMF Output Distortion 5 8 % 7
Zotme | DTMF Att. pin Impedance 40 KQ
GRx Receive Gain Vinp = 5mVrms; Re = 300Q 8
RaGRx = 100KQ
IL=15mA 29.5 31.0 325 dB
IL= 60mA 24 26 28 dB
AGRx Receive Gain Variation IL=15mA; Re = 300Q -20 +10 dB 8
RaRrx = 10KQ -20 dB
Rarx = 300KQ +10 dB
Drx Reveive Output Distortion IL = 15mA; Rgrx = 100KQ 8
Re = 150Q; V¢ =0.25Vms 2 %
Re =300Q; Vc=0.45Vms 2 %
Re = 450Q; Vc=0.55Vms 2 %
NRx Receive Noise IL=15ma, RL=3009Q; 200 v 8
Ragrx = 100KQ; Vinp = OV
ZouT Receive Output Impedance IL=15mA 35 Q 8
Ver Pacifier Tone Level on L= 15mA; Rp = 40 60 80 |[mVms| 8
Earphone Rp = 430K 400 600 800 [mVms
KEYBOARD INTERFACE
TKD Keypad Debounce Time 32 ms
FKS Keypad Scan Frequency 250 Hz
KRU Keypad Pullup Resistance 100 KQ
KRD Keypad Pulldown Resistance 500 Q
PULSE MODE
TPT Pacifier Tone Duration 75 ms
FPT Pacifier Tone Frequency 500 Hz
PR Pulse Rate 10 PPS
B Break Time 60 ms
™ Make Time 40 ms
IDP Inter Digit Pause 820 ms
PDP Predigit Pause 50 ms
TONE MODE
RT Tone Output Load 10 KQ
TRIS Tone Output Rise Time 5 ms
TR Tone Signalling Rate 5 1/s
TPSD Pre Signal Delay 40 ms
TISD Inter Signal Delay 100 ms
TDUR Tone Output Duration 100 ms
THD Hold Mode Delay 400 ms
Notes:

1. All inputs unloaded. Quiescent mode (oscillator off).
2. Pulse output sink current for Vour = 0.5V.
3. Pacifier tone sink current for Vour = 0.5V. Source current for Vour = 3 5V.
4 Memory retention voltage is the point where memory is guaranteed but circuit operation is not. Proper memory retention 1s guaranteed if
either the minimum IMR is provided or the mnimum VMR. The design does not have to provide both the minimum current and voltage
simultaneously.

8/12
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TEST CIRCUITS

Figure 3.
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TEST CIRCUITS(continued)

Figure 5.
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TEST CIRCUITS(continued)

Figure 7.
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Figure 9:Typical Application Circuit.
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LOW RANGE ONE CHIP PHONE (SPEECH AND DIALER)

Speech Circuit

= 2TO 4 WIRES CONVERSION

» PRESENT THE PROPER DC PATH FOR THE
LINE CURRENT AND THE FLEXIBILITY TO
ADJUST IT AND ALLOW PARALLEL PHONE
OPERATION

= PROVIDES SUPPLY WITH LIMITED CUR-
RENT FOR EXTERNAL CIRCUITRY

= SYMMETRICAL HIGH IMPEDANCE MICRO-
PHONE INPUTS SUITABLE FOR DYNAMIC
ELECTRET OR PIEZOELECTRIC TRANS-
DUCER

= ASYMMETRICAL EARPHONE OUTPUT
SUITABLE FOR DYNAMIC TRANSDUCER

n LINE LOSS COMPENSATION

n INTERNAL MUTING TO DISABLE SPEECH
DURING DIALING

» LIGHTED DIAL LED CONSUMING 25% OF
LINE CURRENT

Dialer Circuit

= 32 DIGITS FOR LAST NUMBER REDIAL
BUFFER

= 18 DIGITS FOR 13 MEMORY REDIAL

= ALLOW MIXED MODE DIALING IN EITHER
TONE OR PULSE MODE

= PACIFIER TONE PROVIDES AUDIBLE INDI-
CATION OF VALID KEY PRESSED IN A
BUZZER OR/AND IN THE EARPHONE

= TIMED PABX PAUSE

» FLASH INITIATES TIMED BREAK

= CONTINUOUS TONE FOR EACH DIGIT
UNTIL KEY RELEASE

m USES INEXPENSIVE 3.579545MHz CE-
RAMIC RESONATOR

s POWERED FROM TELEPHONE LINE, LOW
OPERATING VOLTAGE FOR LONG LOOP
APPLICATION

DESCRIPTION

The device consists of the speech and the dialer.
It provides the DC line interface circuit that termi-
nates the telephone line, analog amplifier for
speech transmission and necessary signals for
either DTMF or loop disconnect (pulse) dialing.

August 1993

ADVANCE DATA
DIP28 S028
ORDERING NIMBERS:
L3916N L3916D
PIN CONNECTION (Top view)
cig1 ~ 28 O R1
tz202 27 AR2
t3gs 26 O R3
car]s4 25 R4
osc s 24 ORS
PULSE [] 6 23 {7 vbD
PACIFIER TONE/MODE [J 7 22 [J GDTHF
HKS O 8 21 [J nIC+
GND [ s 28 [J MIC-
RXOUT [] 16 19 [ 6TX
GRX [ 11 18 [1 REG
RXIN [] 12 17 O LN
IREF [ 13 16 E ILINE
ucc ] 14 15 [J LED
N52L3914-61A
KEYPAD CONFIGURATION
1 2 3 |FLasH
4 5 6 |rPRrROG
PAUSE
’ 8 3 /LND
X
SOFT| B i
SUITCH
E1|E2]|E3|mEN

MS93L3916-61

Note: PAUSE/LND:

PAUSE and LND functions are sharing the same key with different
sequence. Hereafter, PAUSE and LND keys are referringto the same
key.

112

This 1s advanced information on a new product now in development or undergoing evaluation. Detalls are subject to change without notice,
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DESCRIPTION (continued)

When mated with a tone ringer, a complete tele-
phone can be produced with just two ICs.

The DC line interface circuit develops its own line
voltage across the device and it is adjustable by
external resistor to suit different country’s specifi-
cation.

The speech network provides the two to four
wires interface, electronic switching between dial-
ing and speech and automatic gain control on
transmit and receive.

The dialing network buffers up to 32 digits into the
LND memory that can be later redialed with a
single key input. Additionally, another 13
memories (including 3 emergency memories) of
18 digits memory is available. Users can store all
13 signalling keys and access several unique
functions with single key entries. These functions
include: Pause/Last Number Dialed (LND), Soft-
switch, Flash.

2/12

The FLASH key simulates a 585ms hook flash to
transfer calls or to activate other special features
provided by the PABX or central office.

The PAUSE key stores a timed pause in the num-
ber sequence. Redial is then delayed until an out-
side line can be accessed or some other activity
occurs before normal signaling resumes.

A LND key input automatically redials the last
number dialed.

FUNCTION PIN DESCRIPTION

C1, C2, C3, C4, R5, R4, R3, R2, R1

Keyboards inputs. Pins 1, 2, 3, 4, 24, 25, 26, 27,
28. The one chip phone interfaces with either the
standard 2-of-9 with negative common or the
single-contact (Form A) keyboard.

SGS-THOMSON
MICROELECTRONICS
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FUNCTION PIN DESCRIPTION (continued)

A valid keypad entry is either a single Row con-
_ nected to a single Column or GND simultaneously
presented to both a single Row and a single Co-
lunm.

In its quiescent or standby state, during normal
off-hook operation, either the Rows or the Col-
umns are at logic level 1 (Vpp). Pulling one input
low enables the on chip oscillator. Keyboard
scanning then begins.

Scanning consists of Rows and Columns alter-
nately switching high through on chip pullups.
After both a Row and Column key have been de-
tected, the debounce counter is enabled and any
noise (bouncing contacts, etc) is ignored for a de-
bounce period (TKD) of 32ms. At this time, the
keyboard is sampled and if both the Row and Col-
umn information are valid, the information is buf-
fered into the LND location. After scanning starts,
the row and column inputs will assume opposite
states.

In the tone mode, if two or more keys in the same
row or if two or more keys in the same column are
depressed a single tone will be output. The tone
will corresponds to the row or column for which
the two keys were pushed. This feature is for test-
ing purposes, and single tone will not be redialed.
Also in the tone mode, the output tone is con-
tinuous in the manual dialing as long as the key is
pushed. The output tone duration follows the
Table 1. When redialing in the tone mode, each
DTMF output has 100ms duration, and the tone
separation (inter signal delay) is 100ms.

Table 1: Output Tone Duration

Key-Push Time, T
T<=32ms

Tone Output

No output, ignored by
one chip phone.
100ms Duration

32ms < =T < =100ms +
Tkd
T >=100ms + Tkd

QOutput Duration = T - Tkd

0sC

Output. Pin 5. Only one pin is needed to connect
the ceramic resonator to the oscillator circuit. The
other end of the resonator is connected to GND
(pin 8). The nominal resonator frequency is
3.579545MHz and any deviation from this stand-
ard is directly reflected in the Tone output fre-
quencies. The ceramic resonator provides the
time reference for all circuit functions. A ceramic
resonator with tolerance of +0.25% is recom-
mended

PULSE

Output. Pin 6. This is an output consisting of an
open drain N-Channel device. During on-hook,

"_ SGS-THOMSON

pulse output pin is in high impedance and once off-
hooked, it will be pulled high by external resistor.

MODE/PACIFIER TONE

Input (MODE). Pin 7. MODE determines the
dialer's default operating mode. When the device
is powered up or the hookswitch input is switched
from on-hook (Vpp) to off-hook (GND), the default
determines the signalling mode. A Vpp connec-
tion defaults to tone mode operation and a GND
connection defaults to pulse mode operation.

When dialing in the pulse mode, a softswitch fea-
ture will allow a change to the tone mode when-
ever the * key is depressed. Subsequent * key in-
puts will cause the DTMF code for an * to be
dialed.. The softswitch will only switch from pulse
to tone. After returning to on-hook and back to off-
hook, the phone will be in pulse mode. Redial by
the LND key or the MEM key will repeat the soft-
switch.

Output (PACIFIER TONE). Pin 7. In pulse mode,
all valid key entries activate the pacifier tone. In
tone mode, any non DTMF entry (FLASH,
PROG, PAUSE, LND, HOLD, MEM, E1, E2 and
E3), activates the pacifier tone. The pacifier tone
provides audible feedback, confirming. that key
has been properly entered and accepted. It is a
500Hz square wave activated upon acceptance of
valid key input after the 32ms debounce time. The
square wave terminates after a maximum of
75ms or when the valid key is no longer present.
The pacifier tone signal is simultaneously sent to
earphone and the buzzer. The buzzer can be
removed without affecting this function.

HKS

Input. Pin 8. This is the hookswitch input to the one
chip phone. This is a high impedance input and
must be switched high for on-hook operation or low
for off-hook operation. A transition on this input
causes the on chip logic to initialize, terminating
any operation in progress at the time. The signaling
mode defaults to the mode selected at pin 7.
Figures 1 and 2 illustrate the timing for this pin.

GND

Pin 9 is the negative line terminal of the device.
This is the voltage reference for all specifications.

RXOUT, GRX, RXIN

RXOUT (pin 10), GRX (pin 11) and RXIN (pin 12).
The receive amplifier has one input RXIN and a
non inverting output RXOUT. Amplification from
RXIN to RXOUT is typically 31dB and it can be
adjusted between 11dB and 41dB to suit the sen-
sitivity of the earphone used. The amplification is
proportional to the external resistor connected be-
tween GRX and RXOUT.

3/12

MICROELECTRONICS

77



L3916

FUNCTION PIN DESCRIPTION (continued)

IREF

Pin 13. An external resistor of 3.6kOhm con-
nected between IREF and GND will set the inter-
nal current level. Any change of this resistor value
will influence the microphone gain, DTMF gain,
earphone gain and sidetone.

Vee

Pin 14, Vcc is the positive supply of the speech
network. It is stabilized by a decoupling capacitor
between Vcc and GND. The Vcc supply voltage
may also be used to supply external peripheral
circuits.

LED

Pin 15. Lighted dial indicator. The LED connected
to this pin will light up when the telephone is off-
hook and consuming 25% of the line current.

ILINE

Pin 16. A recommended external resistor of
20ohm is connected between Iune and GND.
Changing this resistor value will have influence on
microphone gain, DTMF gain, sidetone, maximum
output swing on LN and on the DC characteristics
(especially in the low voltage region).

LN

Pin 17. LN is the positive line terminal of the de-
vice.

REG

Pin 18. The internal voltage regulator has to be
decoupled by a capacitor from REG to GND. The
DC characteristics can be changed with an exter-
nal resistor connected between LN and REG or
between REG and ILNE .

GTX, MIC—, MIC+

GTX (pin 19), MIC— (pin 20) and MIC+ (pin 21).
The one chip phone has symmetrical microphone
inputs. The amplification from microphone inputs
to LN is 52dB and it can be adjusted between 44
and 52dB. The amplification is proportional to ex-
ternal resistor connected between GTX and REG.

GDTMF

Pin 22. When the DTMF input is enabled, the
microphone inputs and the receive amplifier input
will be muted and the dialing tone will be sent to the
line. The voltage amplification from GDTMF to LN

4/12
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is 40dB. Final ouput level on LN can be adjusted
via the external resistor connected between
GDTMF and GND through a decoupling capaci-
tor. A confidence tone is sent to the earphone
during tone dialing. The attenuation of the con-
fidence tone from LN to Vear is —32dB typically.

Vbp

Pin 23. Vpp is the positive supply for the dialing
network and must meet the maximum and mini-
mum voltage requirements.

DEVICE OPERATION

During on-hook all keypad inputs are high imped-
ance internally and it requires very low current for
memory retention. At anytime, Row and Column
inputs assume opposite states at off-hook. The
circuit verifies that a valid key has been entered
by alternately scanning the Row and Column in-
puts. If the input is still valid following 32ms of de-
bounce, the digit is stored into memory, and dial-
ing begins after a pre-signal delay of
approximately 40ms (measured from the initial
key closure). Output tone duration is shown in
Table 1.

The device allows manual dialing of an indefinite
number of digits, but if more than 32 digits are
dialed, it will "wrap around". That is, the extra
digits beyond 32 will be stored at the beginning of
LND buffer, and the first 32 digits will no longer be
available for redial.

Table 2: DTMF Output Frequency

Stadard Actual o -
Key Input Frequency | Frequency % Deviation

ROW 1 697 699.1 +0.31
ROW 2 770 766.2 -0.49
ROW 3 852 847.4 -0.54
ROW 4 941 948.0 +0.74
CcoL 1 1209 1215.9 +0.57
coL2 1336 1331.7 -0.32
COL 3 1477 1471.9 -0.35

NORMAL DIALING
D1 D2 D3 ....etc

Normal dialing is straighforward, all keyboard en-
tries will be stored in the buffer and signaled in
succession.

PROGRAMMING AND REPERTORY DIALING
To program, enter the following:

PROG D1 D2 D3...Dn MEM (Location 0-9)
or
PROG D1 D2....Dn E1-E3

During programming, dialing is inhibited.

MICROELECTRONICS
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FUNCTION PIN DESCRIPTION (continued)

To dial a number from repertory memory (HKS
must be low), enter the following:

MEM (Location 0-9) or E1-E3
To save the last number dialed, enter the follow-
ing:
PROG MEM (location 0-9) or E1-E3

HOOK FLASH
D1 FLASH D2 ...etc

Hook flash may be entered into the dialed se-
quence at any point by keying in the function key,
FLASH. Flash consists of a timed break of
585ms. When a FLASH key is pressed, no further
key inputs will be accepted until the hookflash
function has been dialed. The key input following
a FLASH will be stored as the initial digit of the
new number, overwriting the number dialed be-
fore the FLASH, unless it is another FLASH.

FLASH key pressed immediately after hookswitch
or LND will not clear the LND buffer unless digits
are entered following the FLASH key.

Example:
FLASH
LND not cleared
LND FLASH
LND not cleared
LND  FLASH D1 D2
LND buffer will contain D1, D2

PAUSE/LAST NUMBER DIALED

If the PAUSE/LND key is pressed right after off
hook or FLASH key, it is considered as LND, if it
is pressed after a digit, it will be considered as
PAUSE.

LAST NUMBERED DIALED
OFF-HOOK PAUSE/LND or FLASH PAUSE/LND

Last number dialing is accomplished by entering
the PAUSE/LND key.

PAUSE
OFF-HOOK D1 PAUSE/LND D2 ..etc

A pause may be entered into the dialed sequence
at any point by keying in the special function key,
PAUSE/LND. Pause inserts a 3.1 second delay

"—l SGS-THOMSON

into the dialing sequence. The total delay, includ-
ing pre-digit and post-digit pauses is shown in
Table 3.

Table 3: Special Function Delays

Each delay shown below represents the time re-
quired after the special function key is depressed
until a new digit is dialed. The time is considered
"FIRST" key if all previous inputs have been com-
pletely dialed. The time is considered "AUTO" if in
redial, or if previous dialling is still in progress.

Function First/Auto Delay (seconds)
Pulse Tone
SOFTSWITCH FIRST 0.2
AUTO 1.0
PAUSE FIRST 2.6 3.0
AUTO 3.4 3.1

SOFTSWITCH FUNCTION USING TONE/PULSE
MODE SWITCH

When dialing in Pulse mode after off-hook,
switching TONE/PULSE mode switch from Pulse
to Tone will cause the device to change the sig-
naling mode into tone signal and store the soft-
switch function in the LND memory for redial. To
redial the softswitch function (mixed mode dialing)
in the pulse mode after going on-hook and back
to off-hook, you have to switch the TONE/PULSE
mode switch back to pulse mode either before
going on-hook or after off-hook or during on-hook.

Subsequent mode change from Tone to Pulse will
change the signaling mode to pulse dialing se-
quence but this mode change will not be stored in
.the LND memory.

When dialing in Tone mode after off-hook, a
switching of TONE/PULSE mode Switch from
Tone to Pulse will cause the device to change the
signaling mode into pulse mode but this mode
change will not be stored in the LND memory.
When LND key is pressed in Tone mode after
going off-hook, the device will output all tone sig-
nals.

A pacifier tone of 75ms is provided after 32ms de-
bounce time when switching from Pulse to Tone
mode.

Redial by the LND key will repeat the mixed dial-
ing sequence in Pulse mode.

5/12

MICROELECTRONICS

79



L3916

Figure 1: Tone Mode Timing

DIAL SEQUENCE [x] [3]

oUTPUT Wil -

PULSE
OUTPUT

Note: For this example, key entries are

N 1: Pre-signal Delay
N 2: Inter-signal Delay

ENTER ENTER ENTER ENTER
KEYBOARD (]
INPUT I [ [ I | |
KEYBOARD
seeh L .. ... ﬂ]'|_|| KEYBOARD SCAN 11— |||||||
HKS
INPUT
DTMF

1eems, but 232ms.

H92L3914-863

Figure 2: Pulse Mode Timing

DIAL SEQUENCE [2]

ENTER  ENTER  ENTER  ENTER
KEYBOARD
INPUT [ 1 [ |
KEYBOARD Ak
scan (|| 1] KEYBOARD SCAN 256Hz 1 1 |
DIAL DIAL PAUSE DIAL
sOTSE DIGIT 2 l & l DIGIT 1 || 3.1 SEC || DIGIT 1
output = * 7 """ """~~~ °° Lr-""""""°
5 o 7 7 4| Jetmo
9l
7848
AKS OFF -HOOK [oN-Hook
INPUT sl e
eecrrier M. M. . . M _._M
TONE

Note: N 3: Keypad Debounce Time
N 4: Pacifier Tone Duration
N 5: Predigital Pause
N 6: Inter-digit Pause

-t -TTTsTTm T H92L3914-84
N 7: Mute Overlap Time
N 8: Break Time
N 9: Make Time
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ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
Vin Positive Line Voltage Continuous 12 \
ILN Line Current 140 mA
Vbp Logic Voltage 7.0 \
Vi Maximum Voltage on Any Pin GND(-0.3) Vbp(+0.3) \

Tamb Operating Temperature Range -40 to +125 °C
Tstg Storage Temperature -2510 125 °C
Piot Total Power Dissipation 700 mW

ELECTRICAL CHARACTERISTICS (IL = 10 to 140mA; f = 1KHz; Tamb = 25°C, unless otherwise speci-

fied)
Symbol Parameter Test Condition Min. Typ. Max. | Unit | Fig.
Vin Line Voltage IL=4mA 2.50 Vv 3
IL=15mA 3.15 3.50 3.85 \Y
IL=120mA 7.0 \
Ra = 68KQ IL= 15mA 2.6 3.2 3.7 \
Rp = 39KQ I = 15mA 3.6 4.1 4.6 \
Voo Logic Voltage) TONE MODE 2.50 6.00 \ 3
PULSE MODE 2.20 6.00 \
oo Supply Current Into Vpp TONE MODE @ Vop = 4V 600 pA 3
PULSE MODE @ Vopp = 4V 400 pA
Icc Supply Current Into Vcc IL=15mA 1.30 mA 3
ILeo Supply Current to LED IL=15mA 4 mA 3
IL=120mA 30 mA
VMR Memory Retention Voltage 1.50 \ C 4
IMR Memory Retention Current 1.00 | pA 4
Is Off-Hook Stand-by Current Vbp = 4.0V 150 250 pA 3
lpL Pulse Output Sink Current Vo = 0.5V 1.00 3.00 mA 3
Iro Pacifier Tone Sink/Source Vo = 0.5V (Sink) 1 3 mA 3
Current Vo = 3.5V (Source) 0.6 1.0 mA
ViL HKS, Mode, Keyboard Inputs 0.3xVpp| V -
Low
ViH HKS, Mode, Keyboard Inputs 0.7xVpp \ -
High
GTx Transmit Gain Vmic = 2mVrms 6
IL = 15mA Rarx = 68KQ 50.0 51.5 53.0 dB
IL = 60mA; RaTx = 68KQ 44.5 46.5 48.5 dB
Actx Transmit Gain Variation with IL=15mA -8 0 dB 6
Ramx Ve = 2mVrms
Rarx = 43KQ -4 dB
Ratx = 27KQ -8 dB
Dtx Transmit Distortion IL=15mA Vin = 1Vrms 2 % 6
NTx Transmit Noise IL=15mA; Vme =0V =72 dBmp| 6
ZmIc Microphone Input Impedance 65 KQ
7112
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ELECTRICAL CHARACTERISTICS (continued)

Symbol Parameter Test Condition Min. Typ. | Max. | Unit | Fig.
Gptvre | DTMF Gain IL=15mA, Rotme = 2KQ 38 40 42 dB 7
Comvr | Confidence Tone Level -34 -32 -30 dB 7

Vear/VIN
Votme | DTMF Level on the line Romvr = 2KQ,
High Frequency Group Comur = 22nF -8 -6 -4 dBm 7
Low Frequency Group -10 -8 -6 dBm
Pel Pre-emphasis 1.40 2 2.60 dB 7
DIS DTMF Output Distortion 5 8 % 7
Zptvr | DTMF Att. pin Impedance 40.0 KQ
GRrx Receive Gain Vinp = 5mVrms, Re = 300Q 8
RagRrx = 100KQ
IL=15mA 29.5 31.0 325 dB
I = 60mA 24 26 28 dB
AGRX Receive Gain Variation IL =15mA, Re = 300Q -20 +10 dB 8
Rarx = 10KQ -20 dB
Rarx = 300KQ +10 dB
Drx Reveive Distortion IL = 15mA; Rerx = 100KQ 8
Re = 150Q, V¢ =0.25Vms 2 %
Re =300Q, Vc=0.45Vms 2 %
Re =450Q, Vc=0.55Vms 2 %
Nrx Receive Noise IL=15mA RL=300Q 200 uv 8
Rgrx = 100KQ  Vinp = 0V
Zout Receive Output Impedance IL=15mA 35 Q 8
Vet Pacifier Tone Level on It= 15mA; Rp = 40 60 80 ([mVms| 8
Earphone Rp = 430K 400 600 800 | mVms
KEYBOARD INTERFACE
TKD Keypad Debounce Time 32 ms
FKS Keypad Scan Frequency 250 Hz
KRU Keypad Pullup Resistance 100 KQ
KRD Keypad Pulldown Resistance 500 Q
PULSE MODE
TPT Pacifier Tone Duration 75 ms
FPT Pacifier Tone Frequency 500 Hz
PR Pulse Rate 10 PPS
B Break Time 60 ms
™ Make Time 40 ms
IDP Inter Digit Pause 820 ms
PDP Predigit Pause 50 ms
TONE MODE
RT Tone Output Load 10 KQ
TRIS Tone Output Rise Time 5 ms
TR Tone Signalling Rate 5 1/s
TPSD | Pre Signal Delay 40 ms
TISD Inter Signal Delay 100 ms
TDUR Tone Output Duration 100 ms
Notes:

AN

. All inputs unloaded. Quiescent mode (oscillator off).

Pulse output sink current for Voyr = 0.5V.

. Pacifier tone sink current for Vour = 0.5V. Source current for Vour = 3.5V.
. Memory retention voltage is the point where memory is guaranteed but circuit operation is not. Proper memory retention is guaranteed if

either the minimum IMR is provided or the minimum VMR. The design does not have to provide both the minimum current and voltage
simultaneously.
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TEST CIRCUITS
Figure 3.
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TEST CIRCUITS(continued)

Figure 5.
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Figure 6.
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TEST CIRCUITS(continued)

Figure 7.
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Figure 9:Typical Application Circuit.
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LS256

TELEPHONE SPEECH CIRCUIT WITH MULTIFREQUENCY
TONE GENERATOR INTERFACE

» PRESENTS THE PROPER DC PATH FOR THE
LINE CURRENT

= HANDLES THE VOICE SIGNAL, PERFORM-
ING THE 2/4 WIRES INTERFACE AND
CHANGING THE GAIN ON BOTH SENDING
AND RECEIVING AMPLIFIERS TO COMPEN-
SATE FOR LINE ATTENUATION BY SENSING
THE LINE LENGTH THROUGH THE LINE CUR-
RENT

= ACTS AS LINEAR INTERFACE FOR MF, SUP-
PLYING A STABILIZED TO THE DIGITAL CHIP
AND DELIVERING TO THE LINE THE MF
TONE GENERATED BY THE DIALER

DESCRIPTION

The LS256 is a monolithic integrated circuit in 16-
lead dual in-line plastic package to replace the hy-
brid circuit in telephone set. It works with the same
type of transdurcers for both transmitter and re-
ceiver (typically piezoceramic capsules, but the de-

PIN CONNECTION (top view)

DIP16

ORDERING NUMBER : LS256B

vice can work also with dynamic ones). Many of its
electrical characteristics can be controlled by means
of external components to meet different specifica-
tions.

In addition to the speech operation, the LS256 acts
as an interface for the MF tone signal.

MIC. INPUT

+LINE

BIAS ADJ. 4

SHUNT REG.

BYPASS 5

|
MUTING E

|
DCREGULATOR [|6

LINE CURRENT

SENSING 7

GAIN CONTROL [ 8

16|] Micneur

15]] Voo

,4] MF INPUT

13[] Recewver outpur

12 ] RECEIVER OUTPUT

11[] INPUT+(REC.AMP)
10{] INPUT-(REC.AMR)

9] -Line

S-4919

June 1993
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BLOCK DIAGRAM

|
i
1
i
'
'
1
'
|
|
L

bias
resistor

5 D
-[(':1 R3 Ty"z“ﬂ‘ IMun-:
S=-4373 L
ABSOLUTE MAXIMUM RATINGS
Symbol Parameter Value Unit
Vi Line Voltage (83ms pulse duration) 22 \
IL Forward Line Current 150 mA
I Reverse Line Current - 150 mA
Prot Total Power Dissipation at Tamp = 70°C 1 W
Top Operating Temperature —45 10 70 °C
Tetg, Ty Storage and Junction Temperature —65to 150 °C
THERMAL DATA
Symbol Parameter Value | Unit
Rt amb | Thermal Resistance Junction-ambient Max 80 °C/W
2/5
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TEST CIRCUITS

- ==330F
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Figure 1. Figure 2.
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Figure 3. Figure 4.
—O——————————
RIS 6 VmE
A
. 0.85v
600N TEST l
6 CIRCUIT
W0mF R=68K0 @
VRI

S-4637611

Vro G Vmo
R= MF=———
VR VMF

ELECTRICAL CHARACTERISTICS (refer to the test circuits, S1, S2 in (a),
Tamb = — 25 to + 50°C, f = 200 to 3400Hz, unless otherwise specified)

[ symbol | Parameter | Test Conditions | Min. | Typ. | Max. | unit | Fig.
SPEECH OPERATION
' Line Voltage Tamb = 25°C IL=12mA 3.9 4.7 \Y
IL = 20mA 5.5
IL = 80mA 12.2
CMRR | Common Mode Rejection f = 1kHz, IL = 12 to 80mA 50 dB 1
Gs Sending Gain Tamb = 25°C, f = 1kHz I = 52mA 44 45 46 dB 2
Vmi = 2mV IL = 25mA 48 49 50
Sending Gain Flatness Vmi = 2mV, fref = 1kHz +1 dB 2
IL = 12 to 80mA
Sending Distortion f=1kHz Vso = 1V 2 % 2
IL = 16 to 80mA Vso = 1.3V 10
Sending Noise Vmi = 0V; IL = 40mA; S1in (b) —68.5 |dBmp | 2
Microphone Input Vmi =2mV, I = 12 to 80mA 40 kQ
Impedance Pin 1-16
Sending Loss in MF Vi = 2mV IL=52mA | —-30 dB 2
Operation Sz in (b) IL=25mA -30
Gr Receiving Gain VRt = 0.3V, f = 1kHz, Tamb = 25°C dB 3
IL = 52mA 25 | 35 45
IL = 25mA 7 8 9
Receiving Gain Flatness VRi = 0.3V, fret = 1kHz +1 dB 3
IL =12 to 80mA
Receiving Distortion f=1kHz IL=12mA Vgo= 1.6V 2 % 3
IL=12mA Vgo = 1.9V 10
IL=50mA Vgo= 1.8V 2
IL=50mA Vgo=2.1V 10
Receiving Noise VRi = 0V; IL= 12 to 80mA; S1 in (b) 100 uv 3
Receiver Output VRo = 50mV, IL = 40mA 100 Q
Impedance Pin 12-13

4/5
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ELECTRICAL CHARACTERISTICS (continued)

| Symbol |

Parameter

Test Conditions

| Min. | Typ. [ Max. | Unit | Fig. |

SPEECH OPERATION (continued)

Gr Sidetone F = 1kHz, Tamb = 25°C, S1 in (b) dB 2
IL = 52mA 36
IL = 25mA 36
Zmu Line Matching Impedance Vri = 0.3V, f= 1kHz 500 | 600 | 700 | Q
IL = 12 to 80mA
MULTIFREQUENCY SYNTHESIZER INTERFACE
Vop MF Supply Voltage IL =12 to 80mA 24 | 25 \
(standby and operation)
Iop MF Supply Current
Stand by IL = 12 to 80mA 0.5 mA
Operation IL=12to 80mA ; Sz in (b) 2 mA
MF Amplifier Gain IL = 12 to 80mA, fmr in = 1kHz 15 17 dB 4
VME in = 80mV
Vi DC Input Voltage Level (pin 14) | VM Fin = 80mV 3Vpp Vv
R Input Impedance (pin 14) VM Fin = 80mV 40 kQ
d Distortion VM Fin = 110mV 2 % 4
IL =12 to 80mA
Starting Delay Time IL =12 to 80mA 5 ms
Muting Threshold Voltage (pin 3) | Speech Operation 1 \'4
MF Operation 1.6 \'/
Muting Stand by Current (pin 3) | I = 12 to 80mA —10| pA
Muting Operating Current (pin 3) | I = 12 to 80mA, Sz in (b) +10 | pA
5/5
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LS285

TELEPHONE SPEECH CIRCUITS

» 2/4 WIRE INTERFACE
» OPERATES DOWN TO 4 mA
m 3.5 Vpp DYNAMIC IN SENDING AT 25 mA

DESCRIPTION

The LS285 is monolithic integrated circuits for re-
placement of the hybrid circuit (2-4 wire interface) in
conventional telephones interfacing the two
transducers to the line and providing a controlled
amount of sidetone.

The same type of transducer can be used for both
transmitter and receiver, usually a 350 Q dynamic
type.

By sensing the line current, LS285 adjusts the gain
in both directions to compensate for line attenuation.
Outputimpedance can be matched to the line, inde-
pendent of transducer impedance.

The LS285 is packaged in a 14 lead dual in-line
plastic package.

PIN CONNECTION (top view)

ORDERING NUMBER : LS285AB1

DIP14

RECEIVER 1
OuUTPUT
LINE IMP [ 2
ADJUST.

w

v I

[>]o REGULATOR[

»

w

BIAS [

AC LOOP [ 6
OPENING

NC [7

13 ]
2]

o]
]
o

©

$-4029

RECEIVER
ouTPUT

Vi

INPUT REC.
AMP (o)

INPUT REC.
AMP ()
MIC.INPUT

MIC.INPUT

NC

March 1993
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BLOCK DIAGRAM

100nF
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T I T - |
| ! 1004
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: ! ]
\ Lo [ sw:
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’ 1 16KN 22nF
: : 10F
LT 1
! T S
i )
[ 1
ABSOLUTE MAXIMUM RATINGS
Symbol Parameter Value Unit
' Line Voltage (3 ms pulse duration) 22 Vv
I Forward Current 120 mA
IL Reverse Current - 150 mA
Ptot Total Power Dissipation at Tamp = 70 °C 1 w
Tstg Storage and Junction Temperature - 55 to 150 °C
Top Operating Temperature —40 to 70 °C
THERMAL DATA
Symbol Parameter Value Unit
Rih j-amb Thermal Resistance Junction-ambient Max<0> 80 °C/W
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LS285

DESCRIPTION
The LS285 is based on a bridge configuration.

They contain a regulator block, a sending amplifier
and a receiver amplifier.

The regulator monitors the line current and adjusts
the amplifier gain to compensate for the line length.

The impedance to the line can be adjusted ; without
any change in circuit parameters ; by changing an
external resistor (6.8 KQ at pin 2).

BASIC CIRCUIT CONFIGURATION.

It provides DC characteristics in line with CEPT
standards.
The transmit/receiver amplifiers are connected to Receiver
the line via an external bridge to provide sidetone at-
tenuation.
The line current compensation ensures that when
the subscriber is talking, the signal delivered to the
line is increased in according to the line lenght.
When he is hearing, the signal level on the receiver —O
capsule is constant.
The amplifiers can also be matched to different ZgaL ZL
transducers simply by varying external compo-
nents. Gain variation over the operating tempera- S-4190
ture range is less than + 1 dB.
Figure 1 : Test Circuit.
- T T T T T T T T T T ‘i
|
A
+ N o TE: I
LINE VIL | 16.2K0 l
°| Ro won | |
Cl an10pF RS| |6.8KQ
{ l ] R I
" 7 6 5 3 2 |
: LS 285A } RECEIVER
| 8 9 1 213 1 |
1000
| ol | T
| Nee [
| N N
I R2 R1 da I
! c3 2 °°!
| Iuoom= 9 |
100uF ———I o
(23 177 73
MICROPHONE

o7 FRETHINEN
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Figure 2 : Sending Gain.

Figure 3 : Receiving Gain.

TEST
CIRCUIT

5-5008/1

Gs= Vso
Vmi

TEST
CIRCUIT Veo| J3s00
e
350 n
S-5010n
Vi
Gr= RO
VRi

Figure 4 : Sidetone.

Figure 5 : Return Loss.

TEST
CIRCUIT
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Vmi
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2Vm
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ELECTRICAL CHARACTERISTIC

(refer to the test circuit, Tamb = 25°C, f = 300Hz to 3400Hz, S1, S2 in "a" unless otherwise specified)

Symbol Parameter Test Conditions Min. | Typ. | Max. | Unit | Fig.
VL Line Voltage —15°C < Tamb < + 45°C Vv 1
IL = 80mA 9.5 115 .
IL = 20mA 4.8 5.8
IL = 10mA 3.6 1.6
Gs Sending Gain f=1kHz dB 2
I = 15mA, Vm = 1.0Veums 485 525
IL = 30mA, Vmi = 2.5VRus 47.9 51.5
IL = 60mA, Vmi = 3.7Vrms 427 46.1
IL = 80mA, Vmi = 4.5VRms 42.0 45.3
Gs Sending Gain Variation —15°C < Tamb < + 45°C 0.8 dB 2
versus Temperature
Sending Gain Flatness IL =10 to 80m -0.5 +05 | dB 2
fret = 1kHz, S1, S2 in (b)
Sending Distortion I. =10 to 15mA, Vs0<0>=<0>0.7 Vp 2 % 2
IL = 16 to 24mA, Vs0<0>=<0>1.3 V, 2 %o 2
Il = 25 t0 BOMA, Vep<0>=<051.75 Vp 10 | % |2
Sending Noise Vmi=0V,IL=60mA -73 dBmp | 2
Microphone Amplifier 95 Q 1
Impedance (pin 9-10)
Max Sending Output (*) IL = 10 to 80mA, Vm = 1V 3 Vo 2
Gr Receiving Gain f=1kHz dB 3
IL = 15mA, VR = 0.8VRus -13.3 -9.3
IL = 30mA, Vg = 1.0VRms -13.5 -10.5
IL = 60mA, Vg = 1.8VRms - 18 - 14.9
L = 80mA, Vg = 10VRms -19 -16
AGRr | Receiving Gain Variation —15°C < Tamb < + 45°C 0.25 dB 3
versus Temperature
Receiving Gain Flatness fret = 1TkHz -05 +0.5 dB 3
I = 10 to 80mA, S1, S2 in (b)
Receiving Distortion IL =10 to 15mA, Vro = 300mVp 2 % 3
IL = 15 to 80mA, Vro = 500mV; 2 % 3
Receiving Amplifier Output 110 Q 1
Impedance (pin 1-14)
Receiving Noise VR =0V, IL =60 mA, psophometric 80 ny 3
Max receiving Output IL=80 mA, Vri=10V 3.6 mAp | 3
Current
Sidetone f=1kHz I.=20mA 7 dB 4
IL=80 mA 0 dB 4
Return Loss S3in (a) 14 dB 5
S3in (b) 14 dB 5
(*) This output 1s imited to allow for input overvoltages.
5/8
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Figure 6 : Typical Application Circuit.
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APPLICATION INFORMATION
The following table shows the recommended values for the typical application circuit of fig. 6. Differ-
ent values can be used and notes are added in order to help designer.

Recommended
Component Value Purpose Note
R1 75Q Bridge Resistors | The ratio R2/R1 fixes the amount of the signal delivered to the
R2 5360 line. (see fig. 7)
R3 16.2kQ Bias Resistor Changing R3 value it is possible to shift the gain characteristics.
The value can be chosen from 15kQ to 20<0>kQ. The
recommended value assures the maximum swing (see fig. 9).
R4 2.05kQ Balance In order to optimize the sidetone it -S possible to change R4
R5 9.09kQ Network and R5 values. In any case : % =ﬁ3 where Zg = R4 + R5//C4.
L 1
R6 and R6’ 250Q Microphone R6 and R6’ must be equal ; 250 Q is a typical value for
Impedance dynamic capsules. )
Matching Furthermore, they determine a sending gain variation according
to : AGs =20 log 82% where Rx = R6 + R6’ + Rmike. The
trend of AGs as a function of Rx value is shown in fig. 8.
R7 and R7’ 100Q Receive R7 and R7’ must be equal ; 100Q is a typical value for
Impedance dynamic capsules.
Matching
C1 10 pF AC Loop Ensures a high regulator impedance for AC signals (= 20kQ).
Opening This capacitor should not be higher than 10 pF in order to have
a short response time of the system.
c2 22nF Matching to a C2 changes with the characteristics of the transmission line.
Capacitive Line
C3 82nF High Frequency | C3 determines the high frequency response of the circuit.
Roll-off it also acts as RF bypass.
C4 22nF Balance See Note for R4 and R5.
Network
C5 1 pF DC decoupling
for Receiving
Input
C6 and C7 1000pF RF Bypass
C8 22nF Filtex Capacitor

or

7/8
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Figure 7 : Receiving Gain Variation vs. R1 Value Figure 8 : Sending Gain Variation vs. Rx Value
(with fixed R1/R2 ratio). (see note for R6 and R6’).
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Figure 9 : Sending and receiving Gain Variation
vs. Line Current.
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LS588

PROGRAMMABLE TELEPHONE SPEECH CIRCUIT

DESCRIPTION

The LS588 is a monolithic integrated circuit in 16
lead dual in-line plastic package. Designed as a re-
placement for the hybrid circuit in telephone sets it
performs all the functions previously carried out by
this circuit.

With the LS588 it is possible to select the operating
mode (fixed or variable gain). The device works with
both piezoceramic and dynamic transducers and
therefore its gain, both in sending and receiving
paths, can be present by means of two external re-
sistors. This feature can also be obtainedin AGC op-
erating mode, when the device automatically ad-
justs the Rx/Tx gains to compensate for the line at-
tenuation by sensing the line current.

The LS588 can supply the decoupling FET when
working with an electret microphone. Outputimped-
ance can be matched to the line independently of
transducer impedance.

In addition, the LS588 can be set in power down
state, where the device displays a strow decrease
of the current consumption (about 8 mA), still main-
tains DC and AC impedances to the line (for parallel
operation with a DTMF generator).

PIN CONNECTION (top view)

ORDERING NUMBER : LS588N1

GAIN CONTROL d 1
-
MICROPHONE
INPUT
[: 3
SENDING GAIN [,
PROGRAM.
RECEIVING GAIN []g
PROGRAM.
MUTE Os

BAL.NETWORK
AND REC.INPUT

®

UNE (6ND) [

j AC LOOP OPENING
AC AND DC

IMPED CONTROL

j SENDING AMPL
OuTPUT

LINE + AND
REC.INPUT

BIAS RESISTOR

REF. VOLTAGE

EARPHONE
OuUTPUT

| BN D [ NS SN B |

5-627011

March 1993
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LS588

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
VL Line Voltage (3 ms pulse duration) 22 \Y
I Forward Line Current 150 mA
IL Reverse Line Current - 150 mA
Ptot Total Power Dissipation at Tamb = 70 °C 1 w
Top Operating Temperature —45t0 + 70 °C
Tetg, Tj Storage and Junction Temperature - 6510 + 150 °C
THERMAL DATA
Symbol Parameter Value Unit
Rih-amb | Thermal Resistance Junction-ambient Max 80 °C/W

BLOCK DIAGRAM

——1__
13
l0
MUTE
SWITCH

r -SE—N[TNE..I.—RE_EEIVIN(;_ - - _'
| STAGES
1
| 6
] 1%
[}
I "

ISEND |

ouT
t
!
|
|

3
1
[ | EPU A
BIAS
RESISTOR 8 6 S 1 c3
GND MUTE IN
RECEIVING PINtS }AGC SENDING
GAIN OFF GAIN
W g
58641 L)
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LS588

TEST CIRCUITS

Figure 1.
LA 392 n
—a-0 —
RZ
€z R4
1 pF 6K
v,
L L5588
9 10 RS
6K N
5
FO $-9012
Figure 2. Figure 3.

TEST
CIRCUIT CIRCUIT

Figure 4.

CIRCUIT

3/9

L7 25 THINSON

103



LS588

ELECTRICAL CHARACTERISTICS (Refer to test circuits, Tamb = - 25 to + 50°C, f = 200 to 3400Hz,
IL = 15 to 100mA, R7 = 17.3kQ, Rg = 17.1kQ, S1 in A, S2 in A, unless otherwise specified)

| symbol | Parameter | Test Conditions | Min. | Typ. | Max. | unit [ Fig. |
A.G.C. On o
VL Line Voltage Tamb = 25°C Vv 1
e IL = 156mA 41 45 4.9
IL=25mA 5.2 5.6
IL = 50mA 7 7.8
IL = 120mA 14
CMR | Common Mode Rejection f=1kHz 50 dB 2
Gs Sending Gain IL =50mA, f = 1kHz dB 3
Tamb = 25°C, VM = 2mV
R7 = 17.3kQ 39.0 41.0
Rz = 22.0kQ 43.8 46.2
AGs Sending Gain Variation Iref = 50mA, Tamb = 25°C -05 +05 | dB 3
versus Current
Sending Gain Variation versus | lret = 50mA, Tamb = 25°C dB 3
Current (S1 in B) IL=25mA 4.0 6
IL = 100mA -2.0 0
Sending Gain Variation versus | fref = 1kHz -0.5 0.5 dB 3
Frequency
THDs | Sending Distortion f=1kHz % 3
IL = 15 to 25mA, Vgo = 450mV 2
IL =25 to 100mA, Vso = 1.6V 5
Ns Sending Noise Vm = OmV —-74 dBm 3
Zmi Microphone Impedance Vmi = 3mV 1 15 kQ 3
Gr Receiving Gain IL = 50mA, f = 1kHz dB 4
Tamb = 25°C, VR = 570mV
Rs = 17.1kQ 2.3 4.7
Rs = 14.7kQ -0.1 1.9
AGR Receiving Gain Variation lret = 50 MA, Tamp = 25 °C -05 +0.5 dB 4
versus Current
Receiving Gain Variation Iref = 50 MA, Tamb = 25 °C dB 4
versus Current (S1 in B) IL=25mA 4.0 6
IL= 100mA -2.0 0
Receiving Gain Variation fret = 1 kHz -05 0.5 dB 4
versus Frequency
THDR | Receiving Distortion Vgl = 570 mV 2
VR =775 mV 5 Y% 4
Nr Receiving Noise Vri =0 mV 150 uv 4
Zro Receiving Output Impedance VRo = 50mV 50 Q 4
Sidetone f=1kHz 15 dB 3
ZmL Line Matching Impedance Vri = 0.3V, f = 1kHz 650 850 Q 4
Max Receiving Output Vg = 2V 3.9 4.4 Vpep 4
(click suppression)
Vsm Microphone Supply Rioad = 2.2 kQ 1.9 2.2 \ 1
MUTE OPERATION
Mute Threshold Voltage (pin 6) | Speech Condition 0.8 \ -
Mute Condition 1.5 \ -
Muting Operation Current 50 pA -
(pin 6) (S2in B)
Line Dynamic in Mute IL=3.5mA 600 mV -
Condition (S2inB) THD =2% | IL=4 mA 850 mV -
Line Voltage in Mute Condition | IL = 3.5 mA 3.6 \ -
(S2in B IL=4mA 4.2 \ -
4/9
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LS588

CIRCUIT DESCRIPTION

1. DC Characteristic

In accordance with CCITT recommendations, any
device connected to a telephone line must exhibit a
proper DC characteristic VL, IL.

The DC characteristics of the LS588 is determined
by the shunt regulator (block 2) together with two se-
riesresistors Ry and R3 (see the block diagram). The
equivalent circuit is shown in fig. 5.

A fixed amount, lo, of the total available current, I,
is drained to allow the circuit to operate correctly.
The value of lo can be programmed externally by
changing the value of the bias resistor connected to
pin 12.

The recommended minimum value of lo is 7.5mA
with R pin 12 = 26kQ.

The voltage Vo = 3.8 V of the shunt regulator is in-
dependent of the line current.

The shunt regulator (block 2) is controlled by a tem-
perature compensated voltage reference (block 1).
Fig. 6 shows a more detailed circuit configuration of
the shunt regulator.

The difference IL-lo flows through the. shunt regulator
since Ip is negligible.

la is an internal constant current generator ; hence
Vo=Ve+la-Ra=3.8V.

The VL, IL characteristic of the device is therefore
similar to a pure resistance in series with a battery.
It is important to note that the DC voltage at pin 16
is proportional to the line current Vie = Vis +
VB = (IL - lo) R3 + V.

Figure 5 : Equivalent DC Load to the Line.

14 R1 13
_____ i\
1 v
v °l L
° LINE
R3
15
S$-4936

2. Two To Four Wires Conversion

The LS588 performs the two wire (line) to four wire
(microphone, earphone) conversion by means of a
Wheatstone bridge configuration thus obtaining the
proper decoupling between sending and receiving
signals (see fig. 7).

ZL R4

For a perfect balancing of the bridge 75~ Ro'

The AC signal from the microphone is sent to one

&7, SEETHANRON

diagonal of the bridge (pin 8 and 14). A small per-
centage of the signal power is lost on Zg (since
ZB >>Z1) ; the main part is sent to the line via Ry.
In receiving mode, the AC signal coming from the
line is sensed across the second diagonal of the
bridge (pin 7 and 13). After amplification it is applied
to the receiving capsule.

The impedance Zw is simulated by the shunt regu-
lator which also acts as a transconductance ampli-
fier for the transmission signal.

The impedance Zwm is defined as AVaas

Al14-8)
From fig. 6, considering C1 as a short circuit to the
AC signal, any variation in V14 generates a variation
as follows :

Rb
Vis =Va=Vi4 RatRo
the corresponding current change is :
_AVis
Al = R

therefore

AVig Ra

M = N —R3[1 + Rb]

The total impedance across the line connections
(pin 13 and 8) is given by

ZmL =Ry + Zm// (R2 + ZB)
By choosing Zm R1 and Zg Zm

ZML=Zm =R3 |1 +—RE
Rb
The amplitude of the signal received across pins 13
and 7 can be changed using different values of R4
. 2L Ri
(of course the relationship 75" Re must always be
valid).

The received signal is related to the value of R1 ac-
cording to the approximated relationship :

R1
Ri+2Zm
Note that if the value of R1 is changed the transmis-

sion signal current is not changed, since the micro-
phone amplifier is a transconductance amplifier.

VR=VRi 2

3. Input and Output Amplifiers

The microphone amplifier (4) has a differential input
stage with high impedance (min 11 K) so allowing a
good matching to the microphone by means of an
external resistor without affecting the sending gain.
The receiving output stage (8) is intended to drive
both piezoceramic and dynamic capsules. It has low

5/9
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LS588

output impedance, a maximum voltage swing
greater than 2 Vp and a peak current of 2 mA.

With very low impedance transducers, DC decou-
pling by an external capacitor must be provided to
prevent a large DC current flow across the
transducer itself due to the receiving output stage
offset.

4. Gain Control

Itis possible to setthe LS588 gain characteristics by
means of one pin (pin 1).

When the pin 1 is grounded, the gains of the sending
and receiving amplifiers do not depend on the line
current (AGC off). When the pin 1 is connected to
pin 15 the LS588 automatically changes the gain to
compensate for line attenuation (AGC on).

4.1. AGC OFF

In this conditions, as already mentioned, both the
sending and the receiving gain are fixed. Their val-
ues are determined, independently for the two
paths, by the two external resistors Rz (for Tx, be-
tween pin 4 and ground) and Rs (for Rx, between pin
5 and ground), in a wide range (see fig. 8 and 9).

4.2. AGC ON

Starting from any couple of gain values, fixed by the
appropriate values of Rz and Rs, the LS588 can
automatically change the sending and receiving
gains depending on the line current.

The line current is sensed across R3 (see fig. 7) and
transferred to pin 16 by the regulator.

Vie=Ve+Vis=Ve+(IL-lo) "Rs

Following comparison with an internal reference
(block 1) the voltage at pin 1 is used to modify
(block 3) the gain of the amplifiers (5) and (7) on both
the sending and receiving paths.

The starting point of the automatic level control is ob-
tained at IL = 25mA when the drain current
lo=7.5mA.

The external resistors R7 and Rg fix the maximum

6/9
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value for the gains.

Minimum gain is reached for a line current of about
100mA when the same drain current lo of 7.5mA is
used.

5. DC Shunt Regulator

The LS588 has built into the chip a DC shunt regu-
lator intended to supply (pin 11) the coupling FET
when an electret microphone is used. It delivers
1 mAp current with a voltage of 2 Volts (typ) regard-
less of the line current.

6. Mute Condition and Mutifrequency
Interfacing

- Alogical control (mute) at pin 6 allows opera-
tion in parallel with a proper DTMF generator
connectable to the line.

- When pin 6is set high (more than 1.8 Volt) the
mute logic circuit (block 9) switches off both
sending and receiving stages (mute switch)
and reduces (1) the bias current, to sabe
about 10 mA, available for the paralleled
DTMF generator.

In this condition the LS588 still shows to the line the
specified AC impedance (650 to 850 Q) not provided
by the DTMF generator which acts as a current gen-
erator.

7. Anticlipping Application
It is possible to avoid distortion of the sending signal

limiting the sending gain with an external control at
pin 4 (gain programming).

The maximum level to the line will be :

V. 0.6V _ Rac1 + Racz
=2 7 Race

The following table can be helpful to the designer
when choosing different values for the external com-
ponents, it refers to the typical application circuit of
fig. 10.




LS588

Figure 6 : Circuit Configuration of the Shunt Regulator.
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Figure 7 : Two to four Wires Conversion.

EARPHONE

&7, SEETHINRON

7/9

107



LS588

Figure 8 : Sending Gain vs. R7 Value (AGC OFF). Figure 9 : Receiving Gain vs. Rs Value (AGC OFF).
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Figure 10 : Typical Application Circuit (piezoceramic transducers).
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Figure 11 : Anticlipping Application.
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Figure 12 : Application Circuit with Electret Microphone.
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LS656

TELEPHONE SPEECH CIRCUIT WITH MULTIFREQUENCY
TONE GENERATOR INTERFACE

» PRESENTS THE PROPER DC PATH FOR THE
LINE CURRENT, PARTICULAR CARE BEING
PAID TO HAVE LOW VOLTAGE DROP

» HANDLES THE VOICE SIGNAL, PERFORM-
ING THE 2/4 WIRES INTERFACE AND
CHANGING THE GAIN ON BOTH SENDING
AND RECEIVING AMPLIFIERS TO COMPEN-
SATE FOR LINE ATTENUATION BY SENSING
EITHER THE LINE CURRENT OR THE LINE
VOLTAGE. IN ADDITION, THE LS656 CAN
ALSO WORK IN FIXED GAIN MODE

» ACTS AS LINEAR INTERFACE FOR MF, SUP-
PLYING A STABILIZED VOLTAGE TO THE
DIGITAL CHIP AND DELIVERING TO THE LINE
THE MF TONES GENERATED BY THE M761

DESCRIPTION

The LS656 is a monolithic integrated circuit in 16-
lead plastic package to replace the hybrid circuit in
telephone set. It works with the same type of
transducers for both transmitter and receiver (typi-
cally dynamic capsules). Many of its electrical char-

BLOCK DIAGRAM (DIP16)

DIP16

SO20L

ORDERING NUMBERS : LS656AB (DIP16)
LS656AD1 (SO20)

acteristics can be controlled by means of external
components to meet different specifications.

In addition to the speech operation, the LS656 acts
asaninterface forthe MF tone signal (particularly for
M761 C/MQOS frequency synthesizer).

I

bias
resistor

MF
Mo e

S-093011 adm

June 1993
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LS656

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
VL Line Voltage (3 ms pulse duration) 22 \"
I Forward Line Current 150 mA
I Reverse Line Current — 150 mA
Phot Total Power Dissipation at Tamp = 70 °C 1 w
Top Operating Temperature - 451070 °C
Tetg, Ty Storage and Junction Temperature — 65 to 150 °C
THERMAL DATA
Symbol Parameter Value Unit
R thjamb | Thermal Resistance Junction-ambient Max 80 °C/W
PIN CONNECTIONS (top view)
DIP-16 SO-20L
A4
MIC. INPUT [ 1 16 :] MIC INPUT
+LINE I 15{] Yoo mic meuT 0 1 20 [ nIC NPT
MUTING I 1] Memnpur + LINEQ 2 19 g uoo
MUTING O] 3 18 [0 MF INPUT
BIAS ADJ. [L 13] RECEIVER OUTPUT BIAS ADI O 4 17 |3 RECEIVER QUTPUT
SHUNT REG.BYPASS [] S 16 j RECEIVER QUTPUT
SHUNIREG. I 12]] Recewer ourput D.C.REG. O 6 15 [J INPUT+(REC AMP)
LINE CURRENT SENSING [J 7 14 [J INPUT-(REC ANMP)
DC.REGULATOR [6 1[] 1NPUTe(REC AMP) GAIN CONTROL (] 8 13 0 - LINE
N.C. O 9 12 J N.C.
Shsme | 1of] npuT-ReC amP) N.C. [ 18 11 P N.L.
Gan controL [[8 9 f] -uine eaLSE56-81
$-4919
TEST CIRCUITS
G
L A 300 [ 3300
— ¢
:l‘lpF
L
n 10
== Zwv “
33 =1 LS656R
15
gloo 1 16 12
_ o
S M
8 000 [ = 2000
LTpF
22pF E5 2pFes ¥
T L L e
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Figure 1.

Figure 2.

IL=12 to80mA

Vro
Gr= ——
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VMo
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V=01V CMR Side tone = /RO Gs= U0
Vmi Vmi
Figure 3. Figure 4.
VMF
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LS656

ELECTRICAL CHARACTERISTICS (refer to the test circuits, Vg = 1 to 2V, IL = 12 to 80mA, S1,
S2 and S3 in (a), Tamb = — 25 to + 50°C, f = 200 to 3400Hz, unless otherwise specified)

| Symbol L Parameter | Test Conditions | Min. | Typ. | Max. | Unit | Fig. |
SPEECH OPERATION
Vi Line Voltage Tamb = 25°C \'% -
IL=12mA 3.4 4.0
IL = 30mA 5.1
IL = 60mA 7.0
CMR | Common Mode Rejection f=1kHz 50 dB 1
Gs Sending Gain Tamb = 25°C, f = 1kHz, dB 2
Vmi = 2mV
IL = 26mA 48 51
IL = 50mA 44 47
Sending Gain Flatness Vm = 2mV, fret = 1kHz -1 +1 dB 2
(versus frequency)
Sending Gain Flatness Vmi = 3 mV, et = 50mMA, -1 +1 dB 2
(versus current) S3in (b)
Sending Distortion f = 1kHz, IL = 16mA 2
Vso = 775mV 3 %
Vso = 900mV 10 %
Sending Noise Vmi =0V; Vg = 1V; St in (b) -71 dBmp | 2
Microphone Input Impedance (pin 1-16) | Vm = 2mV 40 kQ -
Sending Gain in MF Operation Vm = 2mV, S2in (b) -30 dB
GRr Receiving gain Vg = 0.3V, f = 1kHz, dB 3
Tamb = 25°C
IL = 25mA -6 -3
IL = 50mA -1 -8
Receiving Gain Flatness (vs. freq.) Vgi = 0.3V, fret = 1kHz -1 +1 dB
Receiving Gain Flatness (vs. current) VR = 0.3V, lret = 50mA, -1 +1 dB
S3in (b)
Receiving Distortion f = 1kHz, IL = 15mA % 3
Vro = 400mV 3
VRro = 450mV 10
Receiving Noise VR =0V; Vg =1V;S1in (b) 150 nv 3
Receiving Ouptut Impedance VRo = 50mV 30 Q -
(pins 12-13)
Sidetone f = 1kHz, Tamb = 25°C, 36 dB 2
S1in (b)
Zm Line Matching Impedance Vai = 0.3V, f = 1kHz 500 | 600 | 700 Q 3
ls Input Current for Gain Control (pin 8) -10 | pA -
412
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LS656

FLECTRICAL CHARACTERISTICS (continued)

Symbol ‘ Parameter Test Conditions ‘ Min. l Typ. ‘ Max. ‘ Unit ’ Fig.
MULTIFREQUENCY SYNTHESIZER INTERFACE

Vop MF Supply Voltage Stand by and | S2 in (b) 24 | 25 | 27 \ -
Operation

Ibp MF Supply Current Stand by S2in (b) 0.5 mA -

Operation 2 mA -

MF Amplifier Gain fMFin = 1kHz, VMF n = 80mV 15 17 dB 4

Vi DC Input Voltage Level (pin 14) VMF in = 80mV XV([))[%3 \Y -

Ri Input Impedance (pin 14) VMF in = 80mV 60 kQ -

d Distortion VMF in = 150mVp, IL > 17mA 4 % 4

Starting Delay Time 5 ms -

Muting Threshold Voltage (pin3) Speech Operation 1 i -

MF Operation 16 \" -

Muting Stand by Curment (pin 3) ) —10 | pA -

Muting Operating Current (pin 3) | S2in (b) +10 | pA '—

CIRCUIT DESCRIPTION

1. DC Characteristic

The fig. 5 shows the DC equivalent circuit of the
LS656.

A fixed amount I, of the total available current I is
drained for the proper operation of the circuit. The
value of lo can be programmed externally by chang-
ing the value of the bias resistor connected to pin 4
(see block diagram).

The minimum value of Iy is 7.5 mA.

The voltage Vo = 37 V of the shunt regulator is in-
dependent of the line current.

The shunt regulator (2) is controlled by a tempera-
ture compensated voltage reference (1) (see the

Figure 5 : Equivalent DC Load to the Line.

block diagram).

Fig. 6 shows a more detailed circuit configuration of
the shunt regulator.

The difference IL-lo flows through the shunt regulator
being Ib negligible. la is an internal constant current
generator ; hence Vo=Ve +la. Ra=3.7 V.

The VL, IL characteristic of the device is therefore
similar to a pure resistance in series to a battery.

It is important to note that the DC voltage at pin 5is
proportional to the line current (Vs = V7 + VB = (IL -
lo) R3 + VB).

The DC characteristic of the LS656 is shown in
fig. 7.

PIN 6 Ry PIN2 .l
L) o_._._-._

Vo Io VL LINE
— —— . - - - -

PIN7 Ry PINS .

Ly $55;THomson
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Figure 6 : Circuit Configuration of the Shunt Regulator.
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Figure 7 : DC Characteristic.
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2. Two to Four Wires Conversion

The LS656 performs the two wires (line) to four wires
(microphone, earphone) conversion by means of a
Wheatstone bridge configuration so obtaining the
proper decoupling between sending and receiving
signals (see fig. 8).

2. Ry

Zs8 Ro

The AC signal from the microphone is sent to one
diagonal of the bridge (pin 6 and 9). A small percent-
age of the signal power is lost on Zg (being Zs
>>Z\) ;the main partis sent to the line via R1. In re-
ceiving mode, the AC signal coming from the line is

For a perfect balancing of the bridge

6/12
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sensed across the second diagonal of the bridge
(pin 11 and 10). After amplification it is applied to the
receiving capsule.

The impedance Zum is simulated by the shunt regu-
lator that is also intended to work as a transconduc-
tance amplifier for the transmission signal.

The impedance Zuw is defined as AVs-9

Alg-9
From fig. 6 considering C1 as a short circuit for AC
signal, any variation AVe generates a variation :

Rb

AV7=AVA = AVs - Ra+t Ro
a




LS656

The corresponding current is

AV7
. Al = Rs
Therefore
VG Ra
IM=—F— Al =R3|1+

The total impedance across the I|ne connections
(pin 11 and 9) is given by

ZmL = R1 + Zw/(R2 + ZB)

By choosing Zm > R1 and Zg > Zm

ML =Zm=R3 1+R—Z

The received signal amplitude across pin 11 and 10
can be changed using different value of R1 (of
course the relatlonshlp Z1/Zs = R1/R2 must be al-
ways valid).

The received signal is related to R1 value according
to the approximated relationship :

VR=2VRi Ri + ZM

Note that by changing the value of R1, the transmis-
sion signal current is not changed, being the micro-
phone amplifier a transconductance amplifier.

3. Automatic Gain Control

The LS656 automatically adjusts the gain of the
sending and receiving amplifiers to compensate for
line attenuation.

This function is performed by the circuit of fig. 9.

The differential stage is progressively unbalanced
by changing Vg in the range 1 to 2 V (VRrera is an
internal reference voltage, temperature compen-
sated).

It changes the current lg, and this current is used as
a control quantity for the variable gain stages (am-
plifier (4) and (5) in the block diagram). The voltage
V@ can be taken :

a) from the LS656 itself (both in variable and in fixed
mode) and.

b) from a resistive divider, direcily at the end of the
line.

a) Inthefirst case, connecting Va (pin 8) to the regu-
lator bypass (pin 5) it is possible to obtain a gain
characteristic depending on the current.

In fact (see fig. 6)

V5=V +V7=VB=(IL-lo) R3
The starting point of the automatic level control is ob-
tained at IL = 25 mA when the drain current
lo =7.5mA. ’

Minimum gain is reached for a line current of about
50 mA for the same drain current lo = 7.5 mA. When

ISTR i

loisincreased by means of the external resistor con-
nected to pin 4, the two above mentioned values of
the line current for the starting point and for the mini-
mum gain increase accordingly.

Itis also possible to change the starting point without
changing lo by connecting pin 8 to the centre of are-
sistive divider placed between pin 5 and ground (the
total resistance seen by pin 5 must be at least 100
KQ). In this case, the AGC range increases too; for
example using a division 1 : 1 (50 K/50 K) the AGC
starting point shifts to about I =40 mA, and the mini-
mum gain is obtained at I = 95 mA. In addition to
this operation mode, the Vg voltage can be main-
tained constant thus fixing the gain value (Rx, Tx)in-
dependently of the line conditions.

For this purpose the Vpp voltage, available for sup-
plying the MF generator, can be used.

b) When gains have to be related to the voltage at
the line terminals of the telephone set, it is neces-
sary to obtain Vg from a resistive divider directly con-
nected to the end of the line.

This type of operation meets the requirements of the
French standard. (See the application circuit of
fig. 13). '

4. Transducer Interfacing

The microphone amplifier (3) has a differential input
stage with high impedance (= 40kQ) so allowing a
good matching to the microphone by means of ex-
ternal resistor without affecting the sending gain.
The receiving output stage (6) is particularly in-
tended to drive dynamic capsules. (Low output im-
pedance (100Q max) ; high current capability 3
mAp).

When a piezoceramic capsule is used, it is useful to
increase the receiving gain by increasing R1 value
(see the relationship for VR).

Whit very low impedance transducer, DC decou-
pling by an external capacitor must be provided to
prevent a large DC current flow across the
transducer itself due to the receiving output stage
offset.

5. Multifrequency Interfacing

The LS656 acts as a linear interface for the Multifre-
quency synthesizer M761 according to a logical sig-
nal (mute function) present on pin 3.

When no key of the keyboard is pressed the mute
state is low and the LS656 feeds the M761 through
pin 15 with low voltage and low current (standby op-
eration of the M761). The oscillator of the M761 is
not operating.

When one key is pressed, the M761 sends a "high
state" mute condition to the LS656. A voltage com-

712
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parator (8) of LS656 drives internal electronic
switches ; the voltage and the current delivered by
the voltage supply (9) are increased to allow the op-
eration of the oscillator.

This extra current is diverted by the receiving and
sending section of the LS656 and during this opera-
tion the receiving output stage is partially inhibited
and the input stages of sending and receiving am-
plifiers are switched OFF.

Figure 8 : Two to Four Wires Conversion.

A controlled amount of the signalling is allowed to
reach the earphone to give a feedback to the sub-
scriber ; the MF ampilifier (10) delivers the dial tones
to the sending paths.

The mute function can be used also when a tempo-
rary inhibition of the output signal is requested. The
application circuit shown in fig. 10 fulfils the
EUROPE Il standard (-6, -8 dBm). If the EUROPE |
levels are required (-9, -11 dBm) an external divider

EARPHONE

_____ e — — =
!
Var|
- iz LINE
Zye | Lo
]
1
___________ —_—— — - —
S- 436701
Figure 9.
Vo VRerF 6
1 e
S-4696
8/12
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APPLICATION INFORMATION
Figure 10 : Application Circuit with Multifrequency (Europe |l STD).
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Figure 11 : Application Circuit with Multifrequency (Europe | STD).
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Figure 12 : Sending and Receiving Gain vs. Line Current (application circuit of fig. 10).
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Figure 13 : Application Circuit without Multifrequency.
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Figure 14 : Application Circuit with Gain Controlled by Line Voltage (french standard).
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Figure 15 : Application Circuit with Fixed Gain Operation.
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Figure 16 : External Mute Function.

a) with multifrequency

v [——
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b) without multifrequency

In addition to the above mentioned applications, different values for the external components can be used
in order to satisfy different requirements.
The following table (refer to the application circuit of fig. 10) can help the designers.

Component | Value Purpose Note

R1 30Q | Bridge Resistors R1 controls the receiving gain. When high current values are

R2 3300 allowed, R1 must be able to dissipate up to 1
The Ratio R2/R1 fixes the amount of signal delivered to the line. R1
helps in fixing the DC characteristics (see R3 note).

R3 30Q | Line Current The relationships involving R3 are : z

ing Fixing DC 2zl
Sensing Fixing Zu, = (20 R31Zs) + R, G = K- 202 gng
VL = (IL—lo) (R3 + H1)+V0,Vo-37v
Without any problem it is possible to have a ZmL ranging from 600
up to 900Q. As far as the power dissipation is concerned, see R1
note.

R4 13kQ | Bias Resistor The suggested value assures the minimum operating current. It is
possible to increase the supply current by decreasing R4 (they are
inversely proportional), in order to achieve the shifting of the AGC
starting point. (see fig. 16). After R4 changement, so

R5 2.2kQ | Balance Network It's possible to change R5 and R6 values in order to improve the

R6 6.8kQ matching to different lines ; in any case : Z—B = H_’ Zg = R5 + R6//Xca

R7-R7’ 100Q | Receiver R7 and R7’, must be equal ; the suggested value is good for
Impedance Matching | matching to dynamic capsule ; there is no problem in increasing and
decreasing (down to 0Q) this value. A DC decoupling must be
inserted when low resistance levels are used to stop
R8 200Q | Microphone
Impedance Matchin
C1 10uF | Regulator AC A value greater than 10 UF gives a system start time too high for
byPass low current line during MF operation ; a lower value gives an
alteration of the AC line impedance at low frequency.
c2 47nF | Matching to a C2 changes with the characteristics of the transmission line.
Capacitive Line
C3 82nF | Receiving Gain C3 depends on balancing and line impedance versus frequency.
Flatness

C4 15nF | Balance Network See note for R5, R6.

C5 0.33uF | DC Filtering The C5 range is from 0.1 uF to 0.47 uF. The lowest value is ripple
limited, the higher value is starting up time limited.

C6-C7 1000pF | RF byPass
C8 100pF | Receiving Output See note for R7, R7.
DC Decoupling
Cco 1 uF | Receiving Input DC
Decoupling
12/12
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ELECTRONIC TWO - TONE RINGER

s LOW CURRENT CONSUMPTION, IN ORDER
TOALLOW THE PARALLEL OPERATION OF 4
DEVICES

= INTEGRATED RECTIFIER BRIDGE WITH
ZENER DIODES TO PROTECT AGAINST
OVERVOLTAGES

» LITTLE EXTERNAL CIRCUITRY

= TONE AND SWITCHING FREQUENCIES AD-
JUSTABLE BY EXTERNAL COMPONENTS

= INTEGRATED VOLTAGE AND CURRENT
HYSTERESIS

DESCRIPTION

LS1240 and LS1240A are monolithic integrated cir-
cuits designed to replace the mechanical bellin tele-
phone sets in connection with an electro-acoustical
converter. Both devices can drive directly a piezo-
ceramic converter (buzzer).

The output current capability of LS1240A is higher
than LS1240. For driving a dynamic loudspeaker
LS1240 needs a transformer, while LS1240A,
needs a decoupling capacitor.

No current limitation is provided on the output stage
of LS1240A, so a minimum load DC of 50 Q is ad-
viced.

The two tone frequencies generated are switched
by aninternal oscillatorin a fast sequence and made
audible across an output amplifier in the loud-
speaker, both tone frequencies and the switching
frequency can be externally adjusted.

PIN CONNECTION (top view)

Minidip

S08

ORDERING NUMBERS

Minidip S08
LS1240 -
LS1240A LS1240AD1

The supply voltage is obtained from the AC ring sig-
nal and the circuit is designed so that noise on the
line or variations of the ringing signal cannot affect
correct operation of the device.

LINE

GROUND

SWEEP RATE
CONTROL CAPACITOR

OUTPUT FREQUENCY
CONTROL RESISTOR

LINE

RECTIFIER
CAPACITOR

NC

BUZZER

S-6202/1

June 1993
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BLOCK DIAGRAM

TELEPHONE RECTIFIER
LINE  CAPACITOR N.C. BUZZER
8 7 3 5
n i
THRESHOLD
; OUTPUT
RECTIFIER CIRCUIT
HYSTERESTS STAGE
BRIDGE
o |
SUITCHING TONE
FREQUENCY FREQUENCY
GENERATOR GENERATOR
1 2 3] 4]
O O 8 O
TELEPHONE GND  SUEEP RATE OUTPUT FREQUENCY
LINE CONTROL CAPACITOR CONTROL RESISTOR
HE8LS1248-81AR
Figure 1 : Test Circuit.
TEF 22k a
8 5
‘ne LINE []RL Yout
1();--|F- 2 3 4
o—] L e
100 14K QL
nF
) S-620313
4
2.72 - 10 f1 750
Ril=———.-(1-0.041n f2 =0.725 f1 f =
1 (Hy ¢ 1943 SWEEP = 1 (nF)
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ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
Vas Calling Voltage (f = 50 Hz) Continuous 120 Vims
Vas Calling Voltage (f = 50 Hz) 5s ON/10s OFF 200 Vims
DC Supply Current 30 mA
Top Operating Temperature -20to+70 °C
Tstg Storage and Junction Temperature —65to + 150 °C

THERMAL DATA

Symbol Parameter Value Unit
Rt amb | Thermal Resistance Junction-ambient Max 100 °C/W

ELECTRICAL CHARACTERISTICS
(Tamb = 25 °C; Vs = applied between pins 7-2 unless otherwise specified)

Symbol Parameter Test Conditions Min. | Typ. |Max. | Unit
Vs Supply Voltage 26 \
I Current Consumption without Load (pins 8-1) Vg1=93t025V 1.5 1.8 | mA
Von Activation Voltage LS1240 12.2 132 | V
LS1240A 12 185 | V
Vorr | Sustaining Voltage LS1240 8 9 | Vv
LS1240A 7.8 9.3 \
Ro Differential Resistance in OFF Condition (pins 8-1) 6.4 kQ
Vour | Output Voltage Swing Vs—-5 Vv
lout Short Circuit Current (pins 5-2) LS1240 Vs =20V RL=0Q 35 mA
LS1240A RL = 250Q 70 mA
AC OPERATION
Output Frequencies Vs = 26V, R = 14kQ kHz
fy foutt Vg=0V 1.74 2.14
f2 foutz Vs = 6V 1.22 1.6
fouTt 1.33 1.43
foutz
Programming Resistor Range 8 56 kQ
fsweep | Sweep Frequency Ry = 14kQ, Cy =100nF| 525 | 75 | 9.75 | Hz

3/4
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Figure 2 : Typical Application for LS1240 and LS1240A

'PIF 2.2K0
8 5
_|BUZZER
LINE £ 7 O zigpp> K0
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Figure 3 : Typical Application for LS1240A only.
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LS1241

ELECTRONIC TWO - TONE RINGER

= LOW CURRENT CONSUMPTION, IN ORDER
TO ALLOW THE PARALLEL OPERATION OF A
DEVICE

= INTEGRATED RECTIFIER BRIDGE WITH
ZENER DIODES TO PROTECT AGAINST
OVER VOLTAGES

= LITTLE EXTERNAL CIRCUITRY

= TONE AND SWITCHING FREQUENCIES AD-
JUSTABLE BY EXTERNAL COMPONENTS

= INTEGRATED VOLTAGE AND CURRENT
HYSTERESIS

DESCRIPTION

LS1241 is a monolithic integrated circuit designed to
replace the mechanical bell in telephone sets, in
connection with an electro acoustical converter. The
device can drive either directly a piezo ceramic con-
verter (buzzer) or a small loudspeaker. In this case
a transformer is needed. The two tone frequencies
generated are switched by an output amplifier in the
loudspeaker ; both tone frequencies and the switch-
ing frequency can be externally adjusted.

PIN CONNECTION (top view)

Minidip

ORDERING NUMBER : LS1241

The supply voltage is obtained from the AC ring sig-
nal and the circuit is designed to that noise on the
line or variations of the ringing signal cannot affect
correct operation of the device.

LINE

GROUND

SWEEP RATE
CONTROL CAPACITOR

QUTPUT FREQUENCY
CONTROL RESISTOR

LINE

RECTIFIER
CAPACITOR

N C

BUZZER

5-6202/1

June 1993
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BLOCK DIAGRAM

TELEPHONE RECTIFIER

LINE  CAPACITOR N.C. BUZZER
'e" 'e" "
8 7 H s|
N
THRESHOLD
, oUTPUT
RECTIFIER CIRCOIT
HYSTERES1S STAGE
BRIDGE
m |

]

SUITCHING TONE
FREQUENCY FREQUENCY
GENERATOR GENERATOR
10 2, I ¢ )
S \od A \J
TELEPHONE GND SUEEP RATE OUTPUT FREQUENCY
LINE CONTROL CAPACITOR CONTROL RESISTOR
1n88L51248-81R
Figure 1 : Test Circuit.
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LS1241

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Value Unit
Vag* Calling Voltage (f = 50Hz) Continuous 120 VRms
Vag* Calling Voltage (f = 50Hz) 1.8s ON/3.6s OFF 200 VRMs
DC Supply Current 30 mA
Toper Operating Temperature -20to + 70 °c
Tstg Storage and Junction Temperature -65to + 150 °c

* See test circut of figure 1.
THERMAL DATA
Symbol Parameter Value Unit
Rihj-amb | Thermal Resistance Junction-ambient Max 100 °C/W
ELECTRICAL CHARACTERISTICS
(Tamb = 25°C; Vs = applied between pins 7-2 unless otherwise specified)
Symbol Parameter Test Conditions Min. Typ. | Max. Unit
Vs Supply Voltage 26 \
I gl%r)rent Consumption without Load (pins | Ve.1 = 9 to 25V 1.5 1.8 mA
Von Activation Voltage 12.2 13.2 \)
Vorr Sustaining Voltage 8 9 \Y%
Ro Differential Resistance in OFF Condition 6.4 kQ
(pins 8-1)
Vour | Output Voltage Swing Vs—5 Vv
lout Short Circuit Current (pins 5-2) Vs = 20V 35 mA
AC OPERATION '
Output Frequencies Vs =26V, Rq = 14kQ kHz
f1 foutt V3 =0V 1.21 1.5
f2 foutz V3 =6V 0.93 1.25
fourt 1.2 13
fout2
Programming Resistor Range 5 50 kQ
Fsweep | Sweep Frequency Ry = 14kQ, C1 = 100nF 5.25 7.5 9.75 Hz
3/3
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M3541

SINGLE NUMBER PULSE TONE SWITCHABLE DIALER

s SELECTABLE LOOP DISCONNECT OR DTMF
DIALLING MODES

x ALLOWS USER TO SWITCH FROM LD TO
DTMF DIALLING DURING A CALL

= LNR FACILITY ALLOWS UP TO 31 DIGITS TO
BE RETAINED FOR REDIALLING

» SELECTABLE MAKE/BREAK RATIOS 2:1 AND
3:2

= SELECTABLE INTERDIGIT PAUSE 500ms OR
800ms

= USES INEXPENSIVE 560KHz RESONATOR

= TIMED BREAK RECALL (timed flash)

= OPERATES WITH INEXPENSIVE SINGLE
CONTACT KEYPAD

» CAPABLE OF BATTERY-LESS OPERATION.
LOW POWER CMOS PROCESS ALLOWS DI-
RECT OPERATION FROM TELEPHONE
LINES

DESCRIPTION

The M3541 is a keypad switchable LD/DTMF dialer
devices designed for use in low cost, dual dialing
mode telephone instruments. It is suitable for send-
ing telephone numbers without limit and an on-chip
memory allows numbers of up 31 digits to be re-
tained for redialling later. The low power CMOS de-
sign allows the number in the memory to be main-
tained indefinitely (until overwritten) by a minimal
current leaked from the telephone line. A particular
feature of this device is the facility for the user to
switch dialling mode from LD to DTMF via the key-
pad during the course of a call. This is intended for
uses such as home banking, access to long dis-
tance trunk service, credit card verificatios and other
applications which require data to be sent at low
speed once a connection has been established.

July 1993

PRELIMINARY DATA

DIP20 $020
ORDERING NUMBERS :
M3541B/1 M3541D
PIN CONNECTION (Top view)
P [ 1 ~ 20 [] C4
SELECT [ 2 19 [ R4
MASK [ 3 18 [0 R3
0SC oUT ] 4 17 O R2
osc INO]5S 16 [J R1
FILTIN[C] 6 15 [J C3
FILTOUT (] 7 14 [J C2
HsW [ 8 13 [0 c1
uss ] 9 12 [J MUTE
uoD (] 18 11 [J MF ouT
18913541-81

1/9

131



M3541

ABSOLUTE MAXIMUM RATINGS

Symbol Parameter Min. Typ. Max. Unit
Supply Voltage Vpp - Vss -0.3 6.5 \Y
Voltage on any Pin Except HSW Vss — 0.3 Vop + 0.3 Y
Voltage on any Pin HSW (current limited to < 100pA) Vss — 0.3 )
Current at any Pin Except FILTOUT and FILTIN -1 +1 mA
Current at Pin FILTIN 0 0.1 mA
Current at Pin FILTOUT -5 0 mA
Operating Temperature -10 + 55 °C
Storage Temperature - 55 + 125 °C

* Stresses above those listed under 'Absolute Maximum Ratings’ may cause permanent damage to the device. This Is a stress rating only
and functional operation of the device at these or any other condition above those indicated in the operational sections of this specifica-
tion is not implied Exposure to absolute maximum ratings for extended periods may affect device reliability.

D. C. ELECTRICAL CHARACTERISTICS (Vpp = 2.5V, Tamb = 25°C unless otherwise specified)

Symbol Parameter Min. Typ. Max. Unit
Vop Supply Voltage - Off-hook 2.4 5.7 Vv
lop Supply Current - On-hook at 3.0V 1 HA

Supply Current - Off-hook (idle) 1 A
Supply Current - MF tone sending 1.0 mA
Supply Current - LD impulsing 200 pA
VHsw Hookswitch Input - On-hook 0.2 Voo
Hookswitch Input - Off-hook 0.8 Vbp
VoH MASK, MUTE and IMP Outputs, Load — 1mA 2.2 \
VoL MASK, MUTE and IMP Outputs, Load + 1mA 0.3 \%
MF OUT D.C. Level During Tone Sending 0.9 Vop
MF OUT Output Resistance 3 kQ
GDP Darlington Pair Current Gain at
Ie = 100pA, Voe =2V 600
Ron "Key not Pressed" Resistance 2 kQ
Rorr "Key not Pressed" Resistance 500 kQ

A. C. ELECTRICAL CHARACTERISTICS (Vpop = 2.5V, Tamb = 25°C unless otherwise specified)

Symbol Parameter Min. Typ. Max. Unit
VToNE Tone Amplitude Low Group 57 64 mVReMms
Tone Amplitude High Group } no Load 81 91 mVRuMs
GAR Ratio of High to Low Group Amplitude 1.5 2 25 dB
Total Harmonic Distortion
0 - 4kHz 2 %
0 - 10kHz 25 %
0 - 50kHz 5 %
0 - 200kHz 6.5 10 %
trBR Time Break Recall (FLASH) 100 ms
2/9
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M3541

PIN FUNCTIONS

Pin Name Function
ROW 1
ROW 2
ROW 3
Fé%vlilf Connections for 16 Buttons, Single Contact Keyboard
COL
COL 3
COL 4
Voo Positive Supply
Vss Negative Supply
SELECT LD/MF Selection, IDP and B/M Ratio Programming
OSCIN - OSCOUT | Oscillator Connection
HSW Hookswitch. A logic "1’ voltage at this pin is used to indidcate 'off-hook'.
MASK Qutput to disable speech circuit during pulse dialling and recall (see note 1).
IMP 'Loop Disconnect’ Dialling Output
MF OUT Unfiltered, Dual Tone Output
FILTOUT - FILTIN | Unity Gain Amplifier Input and Output for 2-pole Filter
MUTE Output Active During Keying and Tone Transmission (see note 2)

Notes : 1. The MASKoutput may be used to disconnect the whole speech circuit in order to maintain the break condition whilst on-hook, during

a TBR (Timed Flash) operation or for LD dialling.

2. The MUTE output is provided to disable the microphone while maintaining the loop condition during DTMF transmission.

KEYPAD OPERATION

The device will accept keypad inputs only in the 'off-
hook’ condition when the key is pressed for more
than 14ms. Any key pressed during the ‘on-hook’
condition will be ignored and the oscillator inhibited.
This ensures that the current drain "on-hook'’ is low
and used only for memory retention.

KEYPAD FORMAT

C1 C2 C3 Cc4

R1] 1] 2] 3 |T8BR
R2|[ 4| S| 6 |LNR
R3[7]|8]83

Ra| x | B | #

nesnis41-62

LNR = Redial digits in "LNR"store
TBR = Timed Break Recall (timed flash)

o7 FSHNERN

LD/DTMF MODE SELECTION

The initial dialling mode after the telephoné goes off-
hook is determined as follows :

DTMF - Connect SELECT pin to Vbp

LD -, Option Connect SELECT
IDP__| B/M Ratio pinto :
800ms 2:1 Vss
500ms 2:1 COL 1
500ms 3:2 COL 2
800ms 3:2 COL 3

LD dialling is at 10 i.p.s. for all options

KEYPAD LD/DTMF MODE CHANGE

If the initial dialling mode is LD, pressing either the
* or # key will cause all subsequently entered digits
to be dialled in DTMF. The first press of either * or
# will not cause a digit to be dialled, but once in MF
mode, pressing * or # will cause the appropriate tone
pair to be transmitted.

If the TBR (Timed Flash) key is pressed, or an Earth
Loop Recall operation is signalled to the chip, further
dialling is set to the initial mode.

3/9
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LAST NUMBER REDIAL

The function of the Last Number Redial store is to
automatically retain the last number dialled so that
it can be redialled later simply by pressing the LNR
key. Either LD or MF numbers will be retained in the
store. When numbers containing an LD part fol-
lowed by an MF part are dialled, only the LD part will
be retained in order that security codes, etc., dialled
in MF are not automatically stored.

To redial a number, go off-hook and press LNR
once. Alternatively, digits may be keyed manually
before LNR is pressed. If the digits keyed corres-
pond with the first digits in the LNR store, the remain-
ing digits will be automatically redialled when LNR
is pressed (this feature allows manual keying of an
access code followed by a pause before dialling out
the rest of the number). If, however, a digit is keyed
which differs from the corresponding digit in the
stored number, then redialling is inhibited.

HOOKSWITCH OPERATION

The hookswitch input is used to inform the M3541
of whether the telephone is on- or off-hook. When
the telephone is on-hook the M3541 will adopt a
static low power mode in which dialling functions are
inhibited and only a minimal current is consumed to
maintain the store contents.

4/9
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The M3541 recognizes the on-hook condition when
the hookswitch input (HSW) goes from logic '1’ (the
off-hook condition) to logic '0" for greater than
300ms. Short line voltage interruptions of less than
200ms, such as those created by the exchange dur-
ing connection, will not be recognized by the M3541
as an on-hook indication.

The MASK output will go to logic '0’ instantly when-
ever, and for as long as, the hookswitch input is at
logic '0" in order to disconnect the speech circuit.
This conserves current so that the store contents are
not lost.

POWER-ON RESET

A Power-on Reset is internally generated when
power is applied to the chip and causes the number
store to be cleared.

LOOP DISCONNECT MODE

In this mode the MASK output is used to disable the
speech circuit during dialling. The MASK output is
logic '0’ during impulsing and interdigit pauses.
The IMP output signals a break to line when at logic
‘0" (VSS). Make periods and 1.D.P. times are sig-
nalled by logic "1’ on the output. During the non-di-
alling period the impulsing output is at logic'0’. Tim-
ing of the output is shown below.
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Figure 1 : Timing Diagram

HOOK

SUITCH I

key press [ | [ ] (] 1 j
I
|
I
1
}

wo Dl B T

L

e 4 TTER" ‘8" ON-HOOK
<>
P TIMEOUT
MASK | 1 1
188mS
= I o
5 4 ‘g
MUTE (LOw) (PARTIAL)
MFOUT [LOW)

M89M3541-64

Flgure 2 : Timing Data

X t1 ' Vot - Lt '

[} 1 [T

— " e 5, I

] 1 [ [} I
)

nyyrno415-64

t1 = Pre-digt pause (=ts)

t2 = Break period (60ms or 67ms)

ts = Make period (40ms or 33ms)

4 = Post-digit make (= t3)

15 = Inter-digit pause (500 or 800ms)
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DTMF MODE

The MUTE output goes to logic "1’ when a key is activated and remains active for the duration of the tone
transmission.
The tone rate will be 100ms on, 100ms off minimum.

TONE FREQUENCIES

Keypad R1 R2 R3 R4 C1 C2 C3
Nominal Frequency (Hz) 697 770 852 941 1209 1336 1477
Deviation from Nominal (%) -0.07 -0.10 +0.19 -0.15 -0.17 -0.20 -0.22

There will be an additional error due to the deviation of the oscillator frequency from 560KHz.

Figure 3 : Timing Diagram.

HOOK

SUITCH [
KEY PRESS [ | | 1]

ROV 11 R (L [

T

g LV "TBR' ,9,:
MASK | l l
188ms i
IMP(LOW) \
ON-HOOK
TIMEOUT
MUTE | R | . l
'S’ 4 f '8' (SHORTENED)
nrouT e — R ——— |
| ! | ! I
I ! 1 ! |
1”1958 1!\'1989 1[’{]959 11831M3541-85
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TONE OUTPUT plitudes as required. The tone amplitude is propor-
Facility has been made for tone filtering as shown tionalto the chip supply voltage, Vpp, and can be ad-
below. This also allows the user to adjust tone am- justed by changing the ratio of R3 and R4.

Figure 4.
l
MF fuoo | -
GENERATOR |
ON CHIP !
[
|
———————— { MF OUT } ——d -
3
EXTERNAL
CIRCUIT
R3
OUTPUT
M8BM5413-86 R4
TYPICAL VALUES
Ru< 56k0 'S &——0 USS
Rz = 56kQ
Ra + Re = 10kQ
C1=1.3nF
Ca = 470pF

The filter components shown have been chosen to give a second order Butterworth response with a cut-off frequency of
about 3.5kHz. The pass-band insertion loss is nominally 0.5dB.

DTMF APPLICATION CIRCUITS vides a stabilised voltage, then figure 6 shows how
The DTMF circuitin figure 5 uses a constant current it may be used to power the M3541. Diode D1 pre-
supply and a 2.5V reference diode to produce the vents the speech circuit from taking current whilst
stabilised supply voltage which determines the MF the telephone is on-hook, and D2 compensates for
tone level of the M3541. If the speech circuit pro- the voltage dropped across D1 when off-hook.

7/9
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Figure 5.
HOOK SWITCH
- .
LINE |-BF 03 )
L 568 y
[]2.2n [] 478K i ) i -
. \ —
0 \F" 3
UDD SELECT FTTLINES )
HSU  MUTE TR MUTE 3
1
L 1[2[a[ 18R }H FILT ouT JMF INPUT )
47u S8 K25V | oo el 4.20F = ! SPEECH :.:CI
7[e]2 MF QuT ! circurt |
1L . 2x56K , !
FILT I8 [~ !
[ —— 478pF ) LS256 i
[] ew M3541 == 478D ! )
— Ma \ 1
Vs > 1mak S92} LINE-_ 1
i ol
158
lBZnFT OF
MESN3IS41-86A
Figure 6.
HOOK SWITCH
] O
LINE (-9 03 o,
N 4.7K
[J 2.2m [] 478K
D1
UDD SELECT 'UDD LINE+
HSW  MUTE ) TX MUTE )
A[2[3] e | FILT ouT ) MF INPUT
== 1 )
USRS W | TS ] 1,200 ! spEEcui:C'
HEE MF OuT :j- ! CIRCUIT |
x|(8|n 2x56K 1 :
FILT IN ) ,
I_— M3541 == 478pF 1 L8256 ¢
[] 478K —{ uss  MAsK o :
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B82pF 158
J T T pF MBIMNI541-87h
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SWITCHABLE LD/MF APPLICATION CIRCUITS

The circuit in figure 7 uses a constant current supply
to take current from the telephone line which isused
to power the M3541. The 2.5V reference diode pro-
duces a stabilised supply voltage which determines
the MF tone level of the M3541.

In figure 8, a stabilising voltage from the speech is
used to supply the M3541 during MF dialling to give
accurate tone levels.

The M3541 is powered via the 150K resistor during
TBR operations and LD dialling breaks, and via Q1
during dialling makes. This configuration minimises
the component count at the expense of allowing a
leakage current of about 450pA during dialling
breaks. The 47uF reservoir capacitor maintains and
smooths the supply to the chip.

Figure 7.
— HOOK SWITCH
P -~
LINE -j W' 02
L 568 y % 5.6V
XL [] 478K - jE 188K ; 4.7
'EN:
0%
MF \ LD
Do SRR RPN
UDD SELECT FTTLINES )
HSW  MUTE JTX MUTE
<L .5 a[2]a] e }— ! )
470 =2 R2.50 | et | MF ouT :NF {;;ZLSCH:
7 — ~ 1
8]° FASK apy ' circulT ::O
¥|8|0 04~’ } A
J 1 )
[] I [ =——— m3541 i LS256 E:l]
428K ap )
U I: A} 1
5 1P i} 03 b |
0SCIN | I IDSCDUT
82pF 158
F
¢ T T B nasn3Is41-88Aa
Figure 8.
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_— =
LINE [BF uﬂ?‘
-] 4.7k
2.2M 478K
Jzm o ) &
L cdo————
MF \ LD D1
t ¢ 1
UDD SELECT 'UDD LINE )
HSY  MUTE ) TX MUTE )
1
i 1123 18R : 1
a7u == ®5.10 +15 6 lorl | MF OuT :nr-' ;r:;:‘:m:
~ )
Z|8|s FASK Aafy ' circulT I:CI
¥|8 |8 DA"’ : 1
I ) ;;1]
I [——— m3541 E LS256 |
[] 478K uss mp dbtes i LINE- i
0SCIN oscout| | | TTTT1TTTC
. |: l I D2
82pF 158
¢ T T oF NEIHIS4 1 -89
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MKS53731

SINGLE NUMBER PULSE TONE SWITCHABLE DIALER

» SINGLE CHIP DTMF AND PULSE DIALER

» SOFTSWITCH CHANGES SIGNALING MODE
FROM PULSE TO TONE

» RECALL OF LAST NUMBER DIALED (up to 28
digits long)

= FLASH KEY INPUT INITIATES TIMED HOOK
FLASH

= TIMED PABX PAUSE

= 8 TONES PER SECOND DIALING IN TONE
MODE AND 10 PPS IN PULSE MODE

= DTMF ACTIVE UNTIL KEY RELEASE

= MINIMUM DTMF DURATION/SEPARATION
GUARANTEED (74/54ms)

= PACIFIER TONE PROVIDES AUDIBLE INDI-
CATION OF VALID KEY INPUT FOR NON-
DTMF KEY ENTRIES

» POWERED FROM TELEPHONE LINE, LOW
OPERATING VOLTAGE FOR LONG LOOP AP-
PLICATIONS

Figure 1 : Pin Connections (top view).

w1 ~ 18| Fotseouteor
MODE [] 2 17 3 Hks
cis 16 |1 RT
c2 ] a 15 1 Re
css pipig14 O RS
v- [ 6 13 [ R4
osci [ 7 12 [J MUTE oUTPUT
oscz2 [] 8 11 [J PACIFIER TONE
cao 10 |1 DTMF OUTPUT
D93TLOO1
ve C 1 ~ [T) PULSE OUTPUT
MODE (] 2 19 [ID Hks
[ ] 18 1D AT
c2 (1] 4 17 D R2
cs (O s soz20 ¢ D R3
v- (O] & 15 1D R4
osct (O 7 14 [IDJ MUTE OUTPUT
osc2 (T} s 13 [ID PACIFIER TONE
ca Mo 12 [IDJ DTMF OUTPUT
N.Cc. CI] 10 11 [TJ N.C
D93TLO02
July 1993

S020

ORDERING NUMBERS : MK53731N00 (DIP18)
MK53731D (SO20)

DESCRIPTION

The MK53731 is a Silicon Gate CMOS IC that pro-
vides necessary signals for either DTMF or loop dis-
connect (pulse) dialling. The MK53731 buffers up to
28 digits into memory that can be later redialed with
asingle key input. This memory capacity is sufficient
for local, long distance, overseas, and even compu-
turized long-haul networks Users can store all 12
signaling keys and access several unique functions
with single key entries. These functions include :
Last Number Dialled (LND), Softswitch, Flash and
Pause. Figure 2 shows the keypad configuration.
A LND key input automatically redials the last num-
ber dialled.

Two features simplify PABX dialling. The PAUSE
key stores a timed pause in the number sequence.
Redial is then delayed until a outside line can be ac-
cessed or some other activity occurs before normal
signalling resumes. The FLASH key simulates a
560ms hook flash to transfer calls or to activate other
special features provided by the PABX or a central
office.

Figure 2 : Keypad Configuration.

FLASH

1 2 3
U - sorFT
11200
’ 8 9 |PausE
- S
SOFT| B # | LND
SUITCH

n88rKks53731-681
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FUNCTIONAL PIN DESCRIPTION
(DIP18 only)

V+

Pin 1. V+ is the positive supply for the circuit and
must meet the maximum and minimum voltage re-
quirements. (see Electrical Specifications).

MODE

Input. Pin 2. MODE determines the dialer’s default
operating mode. When the device is powered up or
the hookswitch input is switched from on-hook, (V+),
to off-hook, (V-), the default determines the signal-
ing mode. A V+ connection defaults to tone mode
operation and a V- connection defaults to pulse
mode operation.

When dialling in the pulse mode, a softswitch feature
will allow a change to the tone mode whenever the
* key, or softswitch, is depressed. Subsequent * key
inputs will cause the DTMF code for an * to be dialed.
The softswitch will only switch from pulse to tone. Af-
ter returning to on-hook and back to off-hook, the
part will be in pulse mode. Redial by the LND key will
repeat the softswitch.

C1, C2, C3, C4, R4, R3, R2, R1

Keyboard inputs. The MK53731 interfaces with
either the standard 2-of-8 with negative common or
the single-contact (Form A) keyboard.

A valid keypad entry is either a single Row con-
nected to a single Column or V- simultaneously
presented to both a single Row or Column. In its
quiescent or standby state, during normal off-hook
operation, either the Rows or the Columns are ata
logic level 1 (V+). Pulling one input low enables the
on-chip oscillator. Keyboard scanning then begins.
Scanning consists of Rows and Columns alter-
nately switching high through on-chip pullups. After
both a Row and Column key have been detected,
the debounce counter is enabled and any noise
(bouncing contacts, etc.) is ignored for a debounce
period (Tkp) of 32 ms. At this time, the keyboard is
sampled and if both Row and Column information
are valid, the information is buffered into the LND
location. If switched on-hook (pin 17 to pin 1), the
keyboard inputs are pull high through on-chip pull-
up resistors.

In the tone mode, if 2 or more keys in the same row
or if 2 or more keys in the same column are de-
pressed a single tone will be output. The tone will
corres-pond to the row or column for which the 2
keys were pushed. This feature is for test purposes,
and single tones will not be redialed.

Also in the tone mode, the output tone is continuous
in manual dialing as long as the key is pushed. The
output tone duration follows the table 1.

28 £yj SGS-THOMSON

Table 1. Output Tone Duration.

Key - Push Time, T* Tone Output *

T <32ms No Output, Ignored by

MK53731.

32ms < T < 75ms + Tpk | 75ms Duration Output

T275ms + Tkp Output Duration = T — Tkp

*

Note : Tko is the keypad debounce time which is typically 32 ms.

When redialing in the tone mode, each DTMF output
is 75 ms duration, and the tone separation (intersig-
nal delay) is 50 ms.

V-

Pin 6 is the negative supply input to the device. This
is the voltage reference for all specifications.

0OSC1, 0SC2

Pin 7 (input), pin 8 (output). OSC1 and OSC2 are
connections to an on-chip inverter used as the tim-
ing reference for the circuit. It has sufficient loop gain
to oscillate when used with a low-cost television
color-burst crystal. The nominal crystal frequency is
3.579545 MHz and any deviation from this standard
is directly reflected in the Tone output frequencies.
The crystal oscillator provides the time reference for
all circuit functions. A ceramic resonator with toler-
ance of +0.25 % may also be used.

DTMF OUTPUT

Output. Pin 10. An NPN transistor emitter with a col-
lector tied to V+ drives the DTMF OUTPUT pin. The
transistor base is connected to an on-chip opera-
tional amplifier that mixes the Row and Column
tones. Figure 7 shows the timing at this pin.

The DTMF OUTPUT is the summation of a single
Row frequency and a single Column frequency. A
typical single tone sine wave is shown in Figure 4.
This waveform is synthesized using a resistor tree
with sinusoidally weighted taps.

The MK53731 is designed to operate from an unregu-
lated supply ; the TONE LEVEL is supply independent,
and the single row tone output level will be typically :

Tot =—12dBm + 1 dB
The DC component of the DTMF output while active

is described by the following equation :
Vbct = 0.3 x V+ + 0.5V

MICROELECTRONICS
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MK53731

Figure 4 : Typical Single Tone. PACIFIER TONE

Output. Pin 11. A 500Hz square wave is activated
upon acceptance of a valid key input, afterthe 32 ms
debounce time. The square wave terminates aftera
maximum of 30 ms orwhen the valid key is no longer
present. In pulse mode, all valid key entries activate
the pacifier tone. In tone mode, any non-DTMF
(FLASH, PAUSE, LND, SOFTSWITCH) entry acti-
vates the pacifier tone. The pacifier tone provides
audible feedback, confirming that the key has been.
properly entered and accepted.

MUTE OUTPUT

Output. Pin 12. This pin is the MUTE OUTPUT for
both tone and pulse modes. Timing is dependent
upon mode.

The MUTE OUTPUT consists of an open drain N-
channel device. During standby, the output is high
impedance and generally has an external pullup re-
sistor to the positive supply.

In the tone mode, MUTE OUTPUT is used to re-
move the transmitter and the receiver from the net-
work during DTMF signaling. During dialing, MUTE
OUTPUT is active continuously until dialing is com-
pleted. MUTE OUTPUT goes active when any key
is pushed.

In the pulse mode, MUTE OUTPUT is used to re-
move the receiver and the network from the line. Dif-
ferent circuitry is required for tone and pulse muting
external to the IC and applications using both modes
would not necessarily share circuitry. MUTE OUT-
PUT timing is shown in Figure 8 for pulse mode sig-
naling and Figure 7 for tone mode signaling. MUTE
OUTPUT is active during each digit, and not active
during the interdigit time. In both tone and pulse
modes, MUTE OUTPUT goes active 40 ms before
PULSE OUTPUT for a FLASH.

HKS

Input. Pin 17. Pin 17 is the hookswitch input to the
MKS53731. This is a high-impedance input and must
be switched high for on-hook operation or low for off-
hook operation. A transition on this input causes the
on-chip logic to initialize, terminating any operation
in progress at the time. The signaling mode defaults
to the mode selected at pin 2. Figure 8 illustrates the
timing for this pin.

PULSE OUTPUT

Output. Pin 18. This is an output consisting of an
open drain N-channel device. In either pulse or tone
mode, the FLASH key will cause a 560 ms output
pulse at pin 18.

48 ‘ SGS-THOMSOR
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DEVICE OPERATION (Tone Mode)

When the MK53731 is not actively dialing, it con-
sumes very little current. While on-hook, all keypad
input pins are internally pulled high. Row and Col-
umn inputs assume opposite states off-hook. The
circuit verifies that a valid key has been entered by
alternately scanning the Row and Column inputs. If
the input is still valid following 32 ms of debounce,
the digitis stored into memory, and dialing begins af-
ter a pre-signal delay of approximately 40 ms

Table 2 : DTMF Output Frequency.

(measured from initial key closure). Output tone du-
ration is shown in Table 2.

The MK5371 allows manual dialing of an indefinite
number of digits, but if more than 28 digits are dialed,
the 53731 will "wrap around". Thatis, the extra digits
beyond 28 will be stored at the beginning of the LND
buffer, and the first 28 digits will no longer be avail-
able for redial.

HKS
INPUT

OTMF
ouTPUT

PULSE
ouTtpPuT

MUTE
OuTPUT

Key Input Standard Frequency Actual Frequency % Deviation
ROW 1 697 699.1 +0.31
2 770 766.2 -0.49
3 852 847.4 -0.54
4 941 948.0 +0.74
COL 1 1209 1215.9 +0.57
2 1336 1331.7 -0.32
3 1477 1471.9 -0.35
Figure 7 : Tone Mode Timing.
DIAL SEQUENCE D B E]
ENTER ENTER ENTER ENTER
] (=] B
e LT LT T LI
e |"" J- KEYBOARD SCAN mn. T

I Yure 1

—~

e

Note : For this example, key entries are < 75 ms, but > 32 ms.

5/8

Lv7 SGS-THOMSON
Y/ ticRosLEeTRONICS

145



MK53731

Figure 8 : Pulse Mode Timing.

DIAL SEQUENCE B E] ™M

ENTER ENTER ENTER ENTER

2 [ KB R 7T B K

KEYBOARD I I I I | I | [
INPUT

3

i
KEYBOARO :ﬂj’m

KEYBOARD SCAN 250 H,

PULSE —  ~ ~ " T
ouTPUT

Normal dialing is straightforward, all keyboard en-
tries will be stored in the buffer and signaled in suc-
cession.

LAST NUMBER DIALED (LND)

LND

Last number dialing is accomplished by entering the
LND key.

PAUSE

D PAUSE D ...ETC

A pause may be entered into the dialed sequence
at any point by keying in the special function key,
PAUSE. Pause inserts a 1.1-second delay into the
dialing sequence. The total delay, including pre-digi-
tal and post-digital pauses is shown in Table 3.

6/8 ﬁ SGS-THOMSON

r
5 j‘l’Lﬂ |7 7—>| fo—"tuo
o T I [~
. s
It’(‘:\?“ OFF HOOK I ON HOOK
|
TonE T ‘ n m S
NORMAL DIALING (off-hook) HOOK FLASH
D D D ...ETC D FLASH D ...ETC

Hook flash may be entered into the dialed sequence
at any point by keying in the function key, FLASH.
Flash consists of a timed Break of 560 ms. The
FLASH function is stored in memory, but it will not
be redialed as such. When a FLASH key is pressed,
no further key inputs will be accepted until the hook-
flash function (560 ms break) has been dialed. The
key input following a FLASH will be stored as the in-
itial digit of a new number (overwriting the number
dialed prior to the FLASH) unless it is another
FLASH. Consecutive FLASH entries after a number
is dialed will be stored sequentially in the LND mem-
ory and a subsequent LND entry will cause the redial
of that number with a delay, but not hookflash
breaks, at the end of the redialing sequence. When
redialing in tone mode, MUTE OUTPUT will remain
active during the flash delay period.

SOFTSWITCH

When the dialing in the pulse mode, a softswitch fea-
ture will allow a change to the tone mode whenever

MICROELECTRONICS
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the * key, or SOFTSWITCH, is depressed. Sub- pulse to tone. After returning to on-hook and back
sequent * key inputs will cause the DTMF code for to off-hook, the part will be in pulse mode. Redial by
an * to be dialed. The softswitch will only switch from the LND key will repeat the softswitch.

Table 3 : Special Function Delays.

Each delay shown below represents the time required from after the special function key is depressed until
a new digit can be dialed.

The time is considered "FIRST" key is all previous inputs have been completed dialed. The time is considered
"AUTO" if in redial, or if previous dialing is still in progress.

Function First/Auto Delay (seconds)
Pulse Tone
SOFTSWITCH FIRST 1.15
AUTO 1.85
PAUSE FIRST 1.84
AUTO 250

ABSOLUTE MAXIMUM RATINGS

Parameter Value Unit
DC Supply Voltage 6.5 \
Operating Temperature =20 to +60 °C
Storage Temperature -55 to +125 °C
Maximum Power Dissipation @ 25°C 500 mwW
Maximum Voltage on any Pin (V+) +0.3, (V-) -0.3 \

* Al specfications are for 2.5 Volt operation and full operating temperature range unless otherwise stated
ELECTRICAL CHARACTERISTICS (Tamb = 25°C unless otherwise specified)
DC Characteristcs

N° | Symbol Parameter Min. | Typ. | Max. | Unit | Notes
V+ DC Operating Voltage 2.5 6.0 \
TONE
VMR Memory Retention Voltage 1.5 \ 1,6
Is Stand-by Current 0.4 1.0 UA 1
MR Memory Retention Current 0.15 | 0.75 pA 5,6
Vmute | Mute Output Operating Voltage 1.8 Vv 7
It Operating Current (Tone) 300 600 pA 2
lp Operating Current (Pulse) 150 250 HA 2
ImL Mute Output @ (2.5V) 1 mA 3
Sink Current @ (4V) 3 mA
IpL Pulse Output Sink Current 1 2 mA
Irc Pacifier Tone Sink/Source 250 500 A 4
Kru Keypad Pullup Resistance 100 KQ
Krp Keypad Pulldown Resistance 500 Q
Vie Keypad input Level - low 0 0.3V+ Vv
ViH Keypad Input Level - high 0.7V+ V+ \Y
Vpuise | Operating Voltage (pulse mode) 1.8 6.0 \%
Notes : Allinputs unloaded Quiescent Mode (Oscillator off)

1

2. Alloutputs unloaded. Single key input.

3. Vour = 0.4 Volts

4. Sink Current for Vour = - 0.5 Volts. Source Current for Vour = 2.0 Volts.

5. Memory Retention Voltage 1s the point where memory I1s guaranteed but circuit operation is not

6. Proper memory retention is guaranteed if either the minimum Iur1s provided or the minimum Vua The designdoes not have to provide
both the minimum current or voltage simultaneously.

7. Minimum voltage where activation of mute output with key entry is ensured

- 7/8
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AC Characteristics — TONE MODE

N° | Symbol Parameter Min. | Typ. | Max. | Unit | Notes
Tk Tone Output No Key Down 80 dBm 1
Toi Tone Output (voltage independent) 13 12 11 dBm | 1,2
173 194 218 [mVms| 3
Pl Pre-emphasis, High Band 1.4 2 2.6 dB
DG, Tone Output DC Bias (V+ = —2.5V) 1.25 \
(V+ = 3.5V) 1.5 \
Re Tone Output load 10 KQ 4
TRis Tone Output Rise Time 1 ms 5
DIS Output DTMF Distortion 5 8 % 3
TR Tone Signalling Rate 5 1/sec
1 Tpsp Pre-signal Delay 40 ms 6
2 Tisp Inter-signal Delay (repertory) 54 ms
Tour Tone Output Duration (repertory) 74 ms

Notes : 1. O dBm equals 1 mW power into 600 Q or 775 mVolts Important Note The MK53731 is designed to drive a 10 kQ load. The 600 Q

load is only for reference.

. Supply voltage = 2.5 Volts

[ A\

. Single tone (low group) as measured at pin 10 Ta =25 °C.
. Supply voltage = 2 5V; Re = 10 kQ. To, increases typically of 10mVrms with Vsupply = 6.0V.

operation are Rs < 100 Q, Lm = 96 mH, Cr 0.02 pF, Cn = 5pF, f = 3.579545 MHz and C. = 18 pF.

(2]

. Time from initial key input until beginning of signaling

AC Characteristics — KEYPAD INPUTS, PACIFIER TONE
(numbers in left hand column refer to the limiting diagrams)

. Time from beginning of tone output waveform to 90 % of final magnitude of etther frequency Crystal parameters suggested for proper

N° | Symbol Parameter Min. | Typ. | Max. | Unit | Notes
3 Tko Keypad Debounce Time 32 ms 1
Fks Keypad Scan Frequency 250 Hz 1
Fpr Frequency Pacifier Tone 500 Hz 1
4 Ter Pacifier Tone Duration 30 ms 1
THFP | Hookflash Timing 560 ms 1
Note : 1. Crystal oscillator accuracy directly affects these times.
AC Characteristics — PULSE MODE OPERATION
N° | Symbol Parameter Min. | Typ. | Max. | Unit | Notes
Pr Pulse Rate 10 PPS 1
5 Ppp Pedigital Pause 48 ms 2
6 Ipp Intrdigital Pause 740 ms 2
7 Tmo Mute Overlap Time 2 ms 2
8 T8 Break Time 60 ms 2
9 ™ Make Time 40 ms 2

Notes : 1. 10 PPS is the nominal rate.
2. Figure 8 illustrates this relationship

88
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MK53732

TONE PULSE DIALER
WITH LAST NUMBER AND SAVE FUNCTION

= SINGLE CHIP DTMF AND PULSE DIALER

s SOFTSWITCH CHANGES SIGNALING MODE
FROM PULSE TO TONE

= RECALL OF LAST NUMBER DIALED (up to 28
digits long)

= SAVE ANOTHER NUMBER FUNCTION (28 dig-
its long)

» FLASH KEY INPUT INITIATES TIMED HOOK
FLASH (mask selectable)

= TIMED PABX PAUSE

= 5 TONES PER SECOND DIALING IN TONE
MODE AND 10 PPS IN PULSE MODE

» DTMF ACTIVE UNTIL KEY RELEASE

» MINIMUM DTMF DURATION/SEPARATION

= PACIFIER TONE PROVIDES AUDIBLE INDI-
CATION OF VALID KEY INPUT FOR NON-
DTMF KEY ENTRIES

= POWERED FROM TELEPHONE LINE, LOW
OPERATING VOLTAGE FOR LONG LOOP OP-
ERATIONS

» MAKE/BRAK RATIO MASK SELECTABLE
(40/60 or 33/67)

= PULSE RATE 10pps

DESCRIPTION

The device is a Silicon Gate CMOS IC that provides
necessary signals for either DTMF or loop discon-
nect (pulse) dialling. The dialer buffers up to 28 digits
into memory that can be later redialed with a single
key input. Additionally another 28 digits memory is
available for the save function.

Users can store all 12 signaling keys and access
several unique functions with single key entries.
These functions include : Last Number Dialled
(LND), Softswitch, Flash, Pause and Save. Figure
2 shows the keypad configuration.

A LND key input automatically redials the last num-
ber dialed.

The SAVE key serves two functions: if pressed after
digits are dialled, the digits preceding will be saved
into the SAVE memory. If the SAVE key is pressed
just after the telephone goes off-hook, with no digits
pressed prior, then the numberin the SAVE memory
is dialled.

Any digits entered after the SAVE key will be stored
into the LND buffer.

June 1993

ADVANCE DATA

DIP18 S020
ORDERING NUMBERS :
MK53732A MK53732AD
MK53732B MK53732BD
MK53732E MK53732ED
MK53732F MK53732FD

Figure 1 : Pins Connections (top view).

w1 ~ 1[0 FosEoUTROT
MoDE [ 2 17 [3 Hks '
cigs 16 1 RT
cas 15 7 R2
cs s DIP18 O A3
v-[ s 13 [0 R4
osci [ 7 12 [1 MUTE OUTPUT
osc2 [ 8 11 [J PACIFIER TONE'
caoe 10 [J DTMF OUTPUT
D33TL003 '
wedt ~ 2 |D Fucseouteur
MODE (T} 2 19 [TJ HKS
cis 18 [ AT
c2 (1] 4 17 D R2
cs s 16 [ R3
v.cde S020 4 1) Ra
osct C 7 14 [T MUTE ouTPUT
oscz (I} 8 13 [ITJ PACIFIER TONE
i o 12 [IJ DTMF OUTPUT
NC T4 10 1 [IJ NC

D93TLOOY

Figure 2 : Keypad Configuration.
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Two features simplify PABX dialling. The PAUSE
key stores a timed pause in the number sequence.
Redial is then delayed until a outside line can be ac-
cessed or some other activity occurs before normal
signalling resumes. The FLASH key simulates a
timed break hook flash to transfer calls or to activate
other special features provided by the PABX or cen-
tral office.

FUNCTIONAL PIN DESCRIPTION (DIP18
only)

V+

Pin 1. V+ is the positive supply for the circuit and
must meet the maximum and minimum voltage re-
quirements. (see Electrical Specifications).

MODE

Input. Pin 2. MODE determines the dialer’s default
operating mode. When the device is powered up or
the hookswitch input is switched from on-hook, (V+),
to off-hook, (V-), the default determines the signal-
ing mode. A V+ connection defaults to tone mode
operation and a V- connection defaults to pulse
mode operation.

Whendialling in the pulse mode, a softswitch feature
will allow a change to the tone mode whenever the
"+" key, or softswitch, is depressed. Subsequent "+"
key inputs will cause the DTMF code for an "+" to be
dialed. The softswitch will only switch from pulse to
tone. After returning to on-hook and back to off-
hook, the part will be in pulse mode. Redial by the
LND key or the SAVE key will repeat the softswitch.

C1, C2, C3, C4, R4, R3, R2, R1

Keyboard inputs. The Dialer interfaces with either
the standard 2-of-8 with negative common or the
single-contact (Form A) keyboard.

A valid keypad entry is either a single Row con-
nected to a single Column or V—simultaneously pre-
sented to both a single Row or Column. In its quies-
cent or standby state, during normal off-hook opera-
tion, either the Rows or the Columns are at a logic
level 1 (V+). Pulling one input low enables the on-
chip oscillator. Keyboard scanning then begins.
Scanning consists of Rows and Columns alternately
switching high through on-chip pullups. After both a
Row and Column key have been detected, the de-
bounce counter is enabled and any noise (bouncing
contacts, etc.) is ignored for a debounce period
(Tkp) of 32 ms. At thistime, the keyboard is sampled
and if both Row and Column information are valid,
the information is buffered into the LND location. If
switched on-hook (pin 17 to pin 1), the keyboard in-
puts become high impedance input pin.

In the tone mode, if 2 or more keys in the same row
or if 2 or more keys in the same column are de-

219 57 SGS-THOMSON

Table 1. Output Tone Duration.

Key - Push Time, T Tone Output

T <32ms No output, ignored

32ms < T < 100ms + Tkd | 100ms Duration

T >100ms + Tkd Output Duration = T - Tkd

pressed a single tone will be output. The tone will
correspond to the row or column for which the 2keys
were pushed. This feature is for test purposes, and
single tones will not be redialed.

Also in the tone mode, the output tone is continuous
in manual dialing as long as the key is pushed. The
output tone duration follows the table 1.

When redialing in the tone mode, each DTMF output
is 100 ms duration, and the tone separation (inter-
signal delay) is 100 ms.

V—

Pin 6 is the negative supply input to the device. This
is the voltage reference for all specifications.

OSC1, 0SC2

Pin 7 (input), pin 8 (output). OSC1 and OSC2 are
connections to an on-chip inverter used as the tim-
ing reference for the circuit. It has sufficientloop gain
to oscillate when used with a low-cost television
color-burst crystal. The nominal crystal frequency is
3.579545 MHz and any deviation from this standard
is directly reflected in the Tone output frequencies.
The crystal oscillator provides the time reference for
all circuit functions. A ceramic resonator with toler-
ance of +0.25 % may also be used.

DTMF OUTPUT

Output. Pin 10. A NPN transistor emitter with a col-
lector tied to V+ drives the DTMF OUTPUT pin. The
transistor base is connected to an on-chip opera-
tional amplifier that mixes the Row and Column
tones. Figure 7 shows the timing at this pin.

The DTMF OUTPUT is the summation of a single
Row frequency and a single Column frequency. A
typical single tone sine wave is shown in Figure 4.
This waveform is synthesized using a resistor tree
with sinusoidally weighted taps.

The Dialer is designed to operate from an unregulated
supply ; the TONE LEVEL is supply independent, and
the single row tone output level will be typically :

Tot = 150 mVrms + 1 dB

The DC component of the DTMF output while active
is described by the following equation :

Vpci=0.27 x V¥ +0.44 V

MICROELECTRANICS
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MK53732

Figure 4 : Typical Single Tone. PACIFIER TONE
) i . N oo Output. Pin 11. A 500 Hz square wave is activated
: : :

upon acceptance of a valid key input, after the 32 ms
debounce time. The square wave terminates aftera
maximum of 30 ms orwhenthe valid key is no longer
present. In pulse mode, all valid key entries activate
the pacifier tone. Intone mode, any non-DTMF entry
(FLASH, PAUSE, SAVE, LND)activates the pacifier
tone. The pacifier tone provides audible feedback,
confirming that the key has been properly entered
and accepted.

MUTE OUTPUT

Output. Pin 12. This pin is the MUTE OUTPUT for
both tone and pulse modes. Timing is dependent
upon mode.

The MUTE OUTPUT consists of an open drain N-
channel device. During standby, the output is high
impedance and generally has an external pullup re-
sistor to the positive supply.

In the tone mode, MUTE OUTPUT is used to re-
move the transmitter and the receiver of the speech
from the line during DTMF signaling. During dialing,
MUTE OUTPUT is active continuously until dialing
is completed. MUTE OUTPUT goes active when
any key is pushed.

In the pulse mode, MUTE OUTPUT is used to re-
move the receiver and the speech network from the
line. MUTE OUTPUT timing is shown in Figure 8 for
pulse mode signaling and Figure 7 for tone mode
signaling. MUTE OUTPUT is active during each
digit, and not_active during the interdigit time. In
pulse mode, MUTE OUTPUT goes active 70ms
(MK53732A/B) and 14ms (MK53732E/F) before
PULSE OUTPUT for a FLASH.

: " TR |
4
X 0 TR
! L

Figure 6 : Typical Spectral Response.

REF. 308 mv' * ' MAKER' 7000 Hz - -
10- dBDIV T RANGE: "308mV "9t my . . HKS

Input. Pin 17. Pin 17 is the hookswitch input to the
dialer. This is a high-impedance input and must be
switched high for on-hook operation or low for off-
hook operation. A transition on this input causes the
chip logic to initialize, terminating any operation in
progress at the time. The signaling mode defaults to
the mode selected at pin 2. Figure 8 illustrates the
timing for this pin.

PULSE OUTPUT
Output. Pin 18. This is an output consisting of an
open drain N-channel device. In either pulse or tone
mode, the FLASH key will cause a timed break out-
put pulse at pin 18 (see specification).

START .0 Hz . Lo
LRWB'30 Hz'. = 'VBW.30.Hz-

4/9 r
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DEVICE OPERATION (Tone Mode)

When the dialer is not actively dialing, it consumes
very little current. While on-hook, all keypad input
pins are high impedance. Row and Column inputs
assume opposite states off-hook. The circuit verifies
that a valid key has been entered by alternately
scanning the Row and Column inputs. If the input is
still valid following 32 ms of debounce, the digit is
stored into memory, and dialing begins after a pre-
signal delay of approximately 40 ms (measured

Table 2 : DTMF Output Frequency.

from initial key closure). Output tone duration is
shown in Table 1.

The device allows manual dialing of an indefinite
number of digits, but if more than 28 digits are dialed,
the device will "wrap around". Thatis, the extra digits
beyond 28 will be stored at the beginning of the LND
buffer, and the first 28 digits will no longer be avail-
able for redial.

Key Input Standard Frequency Actual Frequency % Deviation
ROW 1 697 699.1 +0.31
2 770 766.2 -0.49
3 852 847.4 -0.54
4 941 948.0 +0.74
COL 1 1209 1215.9 +0.57
2 1336 1331.7 -0.32
3 1477 1471.9 -0.35
Figure 7 : Tone Mode Timing.
ot seauence [1] [¢] B
ENTER ENTER ENTER ENTER
CJ ] B
e LT L IL T LI
KETRORRD ""' . 1 KEYBOARD SCAN mne 1}
HKS
INPUT
B e A
o | T 1 ottt
’ ' ’ | 4
ourear 1 1 [~
la— TR —O{
Note : For this example, key entries are < 100 ms, but = 32 ms.
LN7 SGS-THOMSON 59
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~ Figure 8 : Pulse Mode Timing.

DIAL SEQUENCE E E] m

ENTER ENTER ENTER ENTER

PACIFIER
TONE

B 0] [l [
KEYBOARD m
INPUT
A
KE;?:?!‘G“D jlml _nmlL KEVBOARD SCAN 250 #y m IWD HIGH IMPEDANCE
n:m.z h—— 6 ——’I r oL D'G"J l PAUSE 25 SEC ] mm
opt:jrl}s:r --------------- U i
tl LH b7 71— [—tuo
MUTE — T T~ -——=-7 -7 - - -—-~----
ouTPUT
\J——’H — _—
n':::r OFF HOOK l ON HOOK
|
il

NORMAL DIALING (off-hook)

...ETC

Normal dialing is straightforward, all keyboard en-
tries will be stored in the buffer and signaled in suc-
cession.

LAST NUMBER DIALED (LND)

LND

Last number dialing is accomplished by entering the
LND key.

SAVE

D1 D2 D3 SAVE

If after off-hook, SAVE is pressed after that D1, D2
and D3 have been dialed, Then D1, D2 and D3 will
be entered into the SAVE buffer.

ON-
HOOK

OFF-
HOOK

SAVE

If SAVE is pressed immediately after off-hook, num-
bers stored in the SAVE buffer will be dialed out.

6/9
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Any digits entered after the SAVE key will be entered
into the LND buffer as a new number for LND.

PAUSE

D PAUSE D ...ETC

A pause may be entered into the dialed sequence
at any point by keying in the special function key,
PAUSE. Pause inserts a 1.1-second delay into the
dialing sequence. The total delay, including pre-digit
and post-digit pauses is shown in Table 3.

HOOK FLASH

D FLASH D ...ETC

Hook flash may be entered into the dialed sequence
at any point by keying in the function key, FLASH.
Flash consists of a timed Break (see specification).
The FLASH function is stored in memory, but it will
not be redialed as such. When a FLASH key is
pressed, no further key inputs will be accepted until
the hookflash function (timed break) has been di-
aled. The key input following a FLASH will be stored
as the initial digit of a new number (overwriting the
number dialed prior to the FLASH) unless it is an-
other FLASH. Consecutive FLASH entries after a

MICROELECTRONICS
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number is dialed will be stored sequentially in the
LND memory and a subsequent LND entry will
cause the redial of that number with a delay at the
end of the redialing sequence, but not hookflash
breaks. When redialing in tone mode, MUTE OUT-
PUT will remain active during the flash delay period.

FLASH key pressed immeditely after off-hook or
LND key will not clear the LND buffer unless digits
are entered following the FLASH key.

ON- OFF-
HOOK HOOK

FLASH

LND not cleared

LND FLASH

LND not cleared

Table 3 : Special Function Delays.

LND FLASH D1 D2

LND buffer will contain D1, D2

SOFTSWITCH

When dialing inthe pulse mode, a Softswitch feature
will allow a change to the tone mode whenever the
"x" key, or SOFTSWITCH, is depressed. Sub-
sequent "+" key inputs will cause the DTMF code for
an "+" to be dialed. The softswitch will only switch
from pulse to tone. After returning to on-hook and
back to off-hook, the part will be in pulse mode.
Redial by the LND key will repeat the softswitch.

Each delay shown below represents the time required between the depression of the special function key

and the time at which a new digit can be dialed.

The time is considered "FIRST" key is all previous inputs have been completely dialed. The time is considered
"AUTO" if in redial, or if previous dialing is still in progress.

Function First/Auto Delay (seconds)
Pulse (10pps) Tone

SOFTSWITCH FIRST 0.2

AUTO 1.0
PAUSE FIRST 1.9 1.2

AUTO 2.7 1.3

ABSOLUTE MAXIMUM RATINGS
Parameter Value Unit
DC Supply Voltage 6.5 \
Operating Temperature -30 to +60 °C
Storage Temperature -55 to +125 °C
Maximum Power Dissipation @ 25°C 500 mwW
Maximum Voltage on any Pin (V+) +0.3, (V-) -0.3 Vv
LNy SGS-THOMSON U
Y/ FicrezLEcTRONICS
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ELECTRICAL CHARACTERISTICS (All specifications are for V., = 2.5V and Tamb = 25°C; unless otherwise

stated).
DC Characteristcs
N° | Symbol Parameter Min. | Typ. | Max. | Unit | Notes
V+ DC Operating Voltage (Tone) 25 6 \
DC Operating Voltage (Pulse) 1.8 6 \
VMR Memory Retention Voltage 1.5 \ 1,6
Is Stand-by Current 0.4 1 pA 1
IMR Memory Retention Current 0.1 0.75 pA 5,6
Vmure [ Mute Output Operating Voltage 1.8 \ 7
Ir Operating Current (Tone) 300 600 pA 2
Ip Operating Current (Pulse) 150 250 pA 2
ImL Mute Output @ (2.5V) 11 mA 3
Sink Current @ (4V) 3 mA
IpL Pulse Output Sink Current 1 2 mA 3
lpc Pacifier Tone Sink/Source 250 500 pA 4
Kru Keypad Pullup Resistance 100 KQ
Krp Keypad Pulldown Resistance 500 Q
Vi Keypad input Level - low 0 0.3V+ \
ViH Keypad Input Level - high 0.7V+ V+ \Y
Notes : 1 Allinputs unloaded. Quiescent Mode (Oscillator off).
2. All outputs unloaded. Single key input.
3. Vour = 0.4 Volts.
4. Sink Current for Vour = + 0.5 Volts. Source Current for Vour = 2.0 Volts
5. Memory Retention Voltage Is the point where memory 1s guaranteed but circuit operation is not
6. Proper memory retentionis guaranteed if either the minimum Iur is provided or the minimum Vur The designdoes not have to provide

both the minimum current or voltage simultaneously.

. Minimum voltage where activation of mute output with key entry is ensured.

AC Characteristics (numbers in left column refer to timing diagrams)

N° | Symbol Parameter Min. | Typ. [ Max. | Unit | Notes
Tk Tone Output No Key Down -80 | dBm 1
Tol Tone Output (voltage independent) 130 150 170 |[mVms| 23
Pei Pre-emphasis, High Band 14 2 2.6 dB
DC, Tone Output DC Bias (V+ = 2.5V) 1.1 \
(V+ = 3.5V) 1.35 \
Re Tone Output load 10 KQ 4
Tris Tone Output Rise Time 1 ms 5
DIS Output DTMF Distortion 5 8 % 3
TR Tone Signalling Rate 5 1/sec
1 Trsp Pre-signal Delay 40 ms 6
2 Tisp Inter-signal Delay (repertory) 100 ms
Tour Tone Output Duration (repertory) 100 ms
Notes : 1. OdBm equals 1 mW power into 600 Q or 775 mVolts Important Note. The device is designed to drive a 10 kQ load The 600 Q load
is only for reference
2 Single tone (low group) measured at pin 10.
3 Supply voltage = 2.5t0 6 Volts Re = 10 kQ
4 Supply voltage = 2.5 Volts.
5 Time from beginning of tone output waveform to 90 % of final magnitude of either frequency.
6 Time from initial key input until beginning of signaling.
8/9
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AC Characteristics (keypad inputs, pacifier tone)

N° | Symbol Parameter Min. | Typ. | Max. [ Unit | Notes
3 Tko Keypad Debounce Time 32 ms 1
Fks Keypad Scan Frequency 250 Hz 1
Fer Frequency Pacifier Tone 500 Hz 1
4 TeT Pacifier Tone Duration 30 ms 1
Note : 1. Crystal oscillator accuracy directly affects these tmes
AC Characteristics (Pulse Mode Operation - specific of each version)
N° I Symbol Parameter | Min. l Typ. I Max. | Unit l Notes
VERSION A
Pr Pulse Rate 10 PPS 1
5 Pop Predigit Pause 50 ms 2
6 Iop Interdigit Pause 820 ms 2
7 Tmo Mute Overload Time 4 ms 2
8,9 Bum Break/Make Ratio 60:40 2
THep Hookflash Timing (Tone/FPulse) 600 ms 2
VERSION B
Pr Pulse Rate 10 PPS 1
5 Ppp Predigit Pause 43 ms 2
6 lop Interdigit Pause 820 ms 2
7 Tmo Mute Overload Time 4 ms 2
8,9 Bm Break/Make Ratio 67:33 2
THrp Hookflash Timing (Tone/Pulse) 600 ms 2
VERSION E .
Pr Pulse Rate 10 PPS 1
5 Pop Predigit Pause 43 ms 2
6 Iop Interdigit Pause 820 ms 2
7 Tmo Mute Overload Time 4 ms 2
8,9 Bum Break/Make Ratio 67:33 2
THrP Hookflash Timing (Tone/Pulse) 104 ms 2
VERSION F
Pr Pulse Rate 10 PPS 1
5 Ppp Predigit Pause 50 ms 2
6 Iop Interdigit Pause 820 ms 2
7 Tmo Mute Overload Time 4 ms 2
8,9 Bum Break/Make Ratio 60:40 2
Thrp Hookflash Timing (Tone/Pulse) 272 ms 2
Notes : 1. The Pulse Rate given is the nominal rate
2 Figure 7 and 8 illustrates this relationship.
Ly RSN =
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REPERTORY DIALER

= SINGLE CHIP DTMF AND PULSE DIALER

» SOFTSWITCH CHANGES SIGNALING MODE
FROM PULSE TO TONE

= NINE NUMBER REPERTORY PLUS RECALL
OF LAST NUMBER DIALED (18 digits each)

» FLASH KEY INPUT INITIATES TIMED HOOK
FLASH

= 8 TONE PER SECOND DIALING IN TONE

MODE AND 10 PPS IN PULSE MODE

DTMF ACTIVE UNTIL KEY RELEASE

= MINIMUM DTMF DURATION/SEPARATION
GUARANTEED (74/54 ms)

= PACIFIER TONE PROVIDES AUDIBLE INDI-
CATION OF VALID KEY INPUT FOR NON-
DTMF KEY ENTRIES

s POWERED FROM TELEPHONE LINE, LOW
OPERATING VOLTAGE FOR LONG LOOP AP-
PLICATIONS

DESCRIPTION

The MK53761 is a Silicon Gate CMOS IC that pro-
vides necessary signals for either DTMF or loop dis-
connect (pulse) dialing. The MK53761 buffers up to
18 digits into memory that can be later redialed with
a single key input. Up to nine repertory numbers
may be stored. Users can store all 12 signaling keys
and access several unique functions with single key
entries. These functions include : Last Number Di-
aled (LND), Softswitch, and Flash. Figure 2 shows
the keypad configuration.

A LND key input automatically redials the last num-
ber dialed. The PROG key provides an easy way to
program a number into any memory location (1-9)
whether on-hook on off-hook. The MEM key allows
easy redialing of the number stored in memory lo-
cations (1-9).

The FLASH key simulates a 560 ms hook flash to
transfer calls or to activate other special features
provided by the PABX or a central office.

July 1993

DIP18

ORDERING NUMBERS :

S020

MK53761NO00 MK53761D
Figure 1 : Pin Connections.
w1 ~ 18| FossouTeoT
MODE [ 2 17 {1 HKS
c1 s 16 |1 R1
c2 [ 4 15 [1 R2
cs s 14 [0 R3
v- [ 6 13 |7 R4
osct [ 7 12 [J MUTE ouTPUT
oscafle v P IO
c4 o 10 [J DTMF OUTPUT
DI3TLO17
DIP18
v+ I 1 N~ 20 [TJ PULSE OUTPUT
MODE (I 2 19 [IJ HKS
ci (s 18 [ A1
[zl mn 17 [ R2
c3 (I s 16 [1J R3
v- M s 15 10 R4
osct (O 7 14 [1J MUTE OUTPUT
oscz Q) s 19 [ Chip DiShBLE.
c4 O o 12 [IJ DTMFOUTPUT
NC T 10 11 3 N.C.
D93TLO18
S020
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Figure 2 : Keypad Configuration.
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FUNCTIONAL PIN DESCRIPTION (DIP18 only)

V+

Pin 1. V+ is the positive supply for the circuit and
must meet the maximum and minimum voltage re-
quirements. (see electrical specifications).

MODE

Input. Pin 2. MODE determines the dialer’s default
operating mode. When the device is powered up or
the hookswitch input is switched from on-hook, (V+),
to off-hook, (V-), the default determines the signal-
ing mode. A V+ connection defaults to tone mode
operation and a V- connection defaults to pulse
mode operation.

When dialing in the pulse mode, a softswitch feature
will allow a change to the tone mode whenever the
* key, or softswitch, is depressed. Subsequent * key
inputs will cause the DTMF code for an * to be dialed.
The softswitch will only switch from pulse to tone. Af-
ter returning to on-hook and back to off-hook, the
part will be in pulse mode. Redial by the LND key will
repeat the softswitch.

C1, C2, C3, C4, R4, R3, R2, R1

Keyboard inputs. The MK53761 interfaces with
either the standard 2-of-8 with negative common or
the singlecontact (Form A) keyboard.

A valid keypad entry is either a single Row con-
nected to a single Column or V—simultaneously pre-

sented to both a single Row and Column. In its qui- .

escent or standby state, during normal off-hook op-
eration, either the Rows or the Columns are at a
logic level 1 (V+). Pulling one input low enables the
on-chip oscillator. Keyboard scanning then begins.
Scanning consists of Rows and Columns alternately
switching high through on-chip pullups. After both a
Row and Column key have been detected, the de-
bounce counter is enabled and any noise (bouncing
contacts, etc.) is ignored for a debounce period
(TKDp) of 32ms. At this time, the keyboard is sampled
and if both Row and Column information are valid,
the information is buffered into the LND location. If
switched on-hook (pin 17 to pin 1), the keyboard in-
puts all pull high through on-chip pullup resistors.
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In the tone mode, if 2 or more keys in the same row
or if 2 or more keys in the same column are de-
pressed a single tone will be output. The tone will
corres-pond to the row or column for which the 2
keys were pushed. This feature is for test purposes,
and single tones will not be redialed.

Also in the tone mode, the output tone is continuous
is manual dialing as long as the key is pushed. The
output tone duration follows the table 1.

Table 1 : Output Tone Duration.

Key-Push Time, T* Tone Output*
T <32ms No Output Ignored by
MK53761

32ms < T < 75ms + Tkp | 75ms Duration Output
T >75ms + Tkp Qutput Duration = T — Tkp
TKD is the key pad debounce time which 1s typically 32 ms

-

When redialing in the tone mode, each DTMF output
is 75ms duration, and the tone separation (intersig-
nal delay) is 50ms.

V-

Input. Pin 6 is the negative supply input to the de-
vice. This is the voltage reference for all specifica-
tions.

0OSC1, OSC2

Pin 7 (input), pin 8 (output). OSC1 and OSC2 are
connections to an on-chip inverter used as the tim-
ing reference for the circuit. It has sufficient loop gain
to oscillate when used with a low-cost television
color-burst crystal. The nominal crystal frequency is
3.579545 MHz and any deviation from this standard
is directly reflected in the Tone output frequencies.
The crystal oscillator provides the time reference for
all circuit functions. A ceramic resonator with toler-
ance of £ 0.25 % may also be used.

DTMF OUTPUT
Output. Pin 10. An NPN transistor emitter with a col-
lector tied to V+ drives the DTMF OUTPUT pin. The
transistor base is connected to an on-chip opera-
tional amplifier that mixes the Row and Column
tones. Figure 7 shows the timing at this pin.
The DTMF OUTPUT is the summation of a single
Row frequency and a single Column frequency. A
typical single tone sine wave is shown in Figure 4.
This waveform is synthesized using a resistor tree
with sinusoidally weighted taps.
The MK53761 is designed to operate from an un-
regulated supply ; the TONE LEVEL is supply inde-
pendent, and the single row tone output level will be
typically :
Toi=-12dBm + 1 dB

The DC component of the DTMF output while active
is described by the following equation :

VDC4 = 0.3 V+ + 0.5 Volts
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Figure 3 : MK53761 Functional Block Diagram.
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Figure 6 : Typical Spectral Response.

REF. 398 mV ~ "MAKER 700.0 Hz
10 dBDIV

RANGE "398mV 191. mv

START .0 Hz |
RWB 30 Hz

STOP 5 000.0 Hz

VBW 30 Hz ST 17.4 SEC

PACIFIER TONE OUTPUT/CHIP DISABLE

INPUT
Output. Pin 11. The pacifier tone provides audible

Table 2 : DTMF Output Frequency.

feed-back, confirming that the key has been prop-
erly entered and accepted. A 500 Hz square wave
is activated upon acceptance of a valid key input, af-
ter the 32 ms debounce time. The square wave ter-
minates after a maximum of 30 ms or when the valid
key is no longer present. In pulse mode, all key en-
tries activate the pacifier tone. In tone mode, any
non-DTMF key (LND, FLASH, MEM, PROG) entry
activates the pacifier tone. When programming the
chip, all valid key entries activate the pacifier tone in
either pulse or tone mode.

The CHIP DISABLE is an input. When pin 11 is
switched low through a resistor (10 K to 100 K), the
MK53761 is enabled. When pin 11 is switched to V+
through the resistor, all keypad inputs are pulled
high, and the MK53761 will ignore all keypad inputs.
When the chip is disabled, it will not dial, and it can-
not be programmed. The chip can only be disabled
when the circuit is inactive (not dialing) and Pin 12
is switched high.

Key Input Standard Frequency Actual Frequency % Deviation
ROW 1 697 699.1 +0.31
2 770 766.2 —-0.49
3 852 847.4 - 0.54
4 941 948.0 +0.74
coL 1 1209 1215.9 +0.57
2 1336 1331.7 -0.32
3 1477 1471.9 -0.35
MUTE OUTPUT naling and Figure 7 for tone mode signaling. MUTE

Output. Pin 12. This pin is the MUTE OUTPUT for
both tone and pulse modes. Timing is dependent
upon mode.

The MUTE OUTPUT consists of an open drain N-
channel device. During standby, the output is high
impedance and generally has an external pullup re-
sistor to the positive supply.

In the tone mode, MUTE OUTPUT is used to re-
move the transmitter and the receiver from the net-
work during DTMF signaling. During dialing, MUTE
OUTPUT is active continuously until dialing is com-
pleted. MUTE OUTPUT goes active when any key
is pushed.

In the pulse mode, MUTE OUTPUT is used to re-
move the receiver and the network from the line. Dif-
ferent circuitry is required for tone and pulse muting
external to the IC and applications using both modes
would not necessarily share circuitry. MUTE OUT-
PUT timing is shown in Figure 8 for pulse mode sig-
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OUTPUT is active during each digit, and not active
during the interdigit time. In both tone and pulse
modes, MUTE OUTPUT goes active 40 ms before
PULSE OUTPUT for a FLASH. Figure 8 illustrates
the timing for this pin.

HKS

Input. Pin 17. Pin 17 is the hookswitch input to the
MK53761. This is a high-impedance input and must
be switched high for on-hook operation or low for off-
hook operation. A transition on this input causes the
on-chip logic to initialize, terminating any operation
in progress at the time. The signaling mode defaults
to the mode selected at pin 2.

PULSE OUTPUT
Output. Pin 18. This is an output consisting of an
open drain N-channel device. In either pulse or tone
mode, the FLASH key will cause a 560 ms output
pulse at pin 18.
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Figure 7 : Tone Mode Timing.
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DEVICE OPERATION

When the MK53761 is not actively dialing, it con-
sumes very little current. Row and Column inputs
assume opposite states off-hook. The circuit verifies
that a valid key has been entered by alternately
scanning the Row and Column inputs. If the inputis
still valid following 32 ms of debounce, the digit is
stored into memory, and dialing begins after a pre-
signal delay of approximately 40 ms (measured
from initial key closure). Output tone duration is
shown in Table 1.

The MK53761 allows manual dialing of an indefinite
number of digits, but if more than 18 digits are dialed
per number, the 53761 will "wrap around". That is,
the extra digits beyond 18 will be stored at the be-
ginning of the LND buffer, and the first 18 digits will
no longer be available for redial. During autodial
from LND or any memory location, key inputs are not
accepted, but they will suspend dialing until re-
leased.

NORMAL DIALING (off-hook)

D D D ...ETC

Normal dialing is straightforward, all keyboard en-
tries will be stored in the buffer and signaled in suc-
cession.

LAST NUMBER DIALED (LND)

LND

Last number dialing is accomplished by entering the
LND key.

HOOK FLASH

D FLASH D ...ETC

Hook flash may be entered into the dialed sequence
at any point by keying in the function key, FLASH.

6/8
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Flash consists of a timed Break of 560 ms. The
FLASH function is stored in memory, but it will not
be redialed as such. When a FLASH key is pressed,
no further key inputs will be accepted until the hook-
flash function (560 ms break) has been dialed. The
key input following a FLASH will be stored as the in-
itial digit of a new number (overwriting the number
dialed prior to the FLASH) unless it is another
FLASH. Consecutive FLASH entries after anumber
is dialed will be stored sequentially in the LND mem-
oryand asubsequent LND entry will cause the redial
of that number with a delay, but not hookflash
breaks, at the end of the redialing sequence. When
redialing in tone mode, MUTE OUTPUT will remain
active during the flash delay period.

SOFTSWITCH

When dialing in the pulse mode, a softswitch feature
will allow a change to the tone mode whenever the
* key is depressed. Subsequent * key inputs will
cause the DTMF code for an * to be dialed. The soft-
switch will only switch from pulse to tone. After re-
turning to on-hook and back to off-hook, the part will
be in pulse mode. Redial by the LND key will repeat
the softswitch.

PROGRAMMING AND REPERTORY DIALING
Programming is independent of HKS (pin 17) and
MODE (pin 2).

To program, enter the following :

PROG, Digit 1, Digit 2, ..., MEM, Location (1-9).
When programming, dialing in inhibited.

To dail a number from repertory memory (HKS must
be low) enter the following :

MEM, Location (1-9).

To save the last number dialed : PROG, MEM, Lo-
cation (1-9).
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Table 3 : Special Function Delays.

Each delay shown below represents the time required from after the special function key is depressed until
a new digit can be dialed.

The time is considered "FIRST" key is all previous inputs have been completed dialed. The time is considered
"AUTO" if in redial, or previous dialing is still in progress.

Function First/Auto Pulse Tone
SOFTSWITCH FIRST 0.40
AUTO 1.10

ABSOLUTE MAXIMUM RATINGS*

Parameter Value Unit
DC Supply Voltage 6.5 \
Operating Temperature — 20 to +60 °C
Storage Temperature - 5510 + 125 °C
Maximum Power Dissipation (25 °C) 500 mW
Maximum Voltage on any Pin (V) +.3;(V)-.3 \

* All specifications are for 2.5 Volt operation and full operating temperature range unless otherwise stated.

ELECTRICAL CHARACTERISTICS (Tamb = 25°C unless otherwise specified)
DC CHARACTERISTICS

Symbol Parameter Min. Typ. Max. Unit | Notes
V+ DC Operating Voltage 25 6.0 \
TONE (tone mode)
VMR Memory Retention Voltage 1.5 \Y 1.6
Is Standby Current 0.4 1.0 A 1
IMR Memory Retention Current 0.15 0.75 1LY 5.6
VmuTe Mute Output Operating Voltage 1.8 Vv 7
Ir Operating Current (tone) 300 600 HA 2
Ip Operating Current (pulse) 150 250 pA 2
Operating Current On-hook Program Mode
Key Operated 200 HA
No-key Operated 1 HA
ML Mute Output (2.5 Volts) 1.0 mA 3
Sink Current (4.0 Volts) 3.0 mA
IpL Pulse Output Sink Current 1.0 2.0 mA 3
Ipc Pacifier Tone Sink/Source 250 500 pA 4
Kru Keypad Pullup Resistance 100 kQ
KRrD Keypad Pulldown Resistance 500 Q
Vi Keypad Input Level-low 0 0.3V \
+
ViH Keypad Input Level-high 0.7V V+ \A
+
VpuLse Operating Voltage (pulse mode) 1.8 6.0 Vv
Notes : 1. Allinputs unloaded. Quiescent mode (oscillator off).

ouhwN

~N

. All outputs unloaded, single key input

. Vour =04 Volts.

. Sink current for Vour = 0 5 Volts, Source Current for Vour =2.0 Volts.

. Memory Retention Voltage is the point where memory Is guaranteed but circuit operation is not.

. Proper memory retention is guaranteed f either the minimum Iuris provided or the minimum Vug. The design does nothaveto provide

both the minimum current or voltage simultaneously.
Minimum voltage where activation of mute output with key entry is ensured

7/8
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ELECTRICAL CHARACTERISTICS (continued)
AC CHARACTERISTICS - TONE MODE

N° Symbol Parameter Min. Typ. | Max. Unit | Notes
TNk Tone Output no Key Down - 80 dBm 1
-13 -12 -11 dBm 1, 2
To Tone Output (independent) 173 194 218 | mVims 3
PE, Pre-emphasis, High Band 1.4 2.0 26 dB
DC, Tone Output DC Bias Vv
V+=25 1.25
V+=35 1.5
Re Tone Output Load 10 kQ 4
Tris Tone Output Rise Time 1.0 ms 5
DIS Output Distortion 5.0 8.0 % 3
TR Tone Signaling Rate 8.0 1/sec
1 Tpsp Pre-signal Delay 40 ms 6
2 Tiso Inter-signal Delay (repertory) 54 ms
Tour Tone Output Duration (repertory) 74 ms
Notes : 1 O dBm equals 1 mW power into 600 Q or 775 mVolts.Important note : the MK53761 is designed to drive a 10 kQ load. The 600 Q

apsrwOWN

(=2}

load is only for reference.

. Single tone (low group), as measured at pin 10, Ta = 25°C.
. Supply voltage =2.5V; Re= 10 kQ Tao Increases typically of 10mVrms with Vs = 6V.
. Supply voltage =2 5 volts.

Time from beginning of tone output waveform to 90 % of final magnitude of either frequency. Crystal parameters suggested for proper
operation are Rs< 100 Q, Lm = 96 mH, Cm = 0.02 pF, Ch = 5 pF, f =3.579545 MHz, and CL = 18 pF

. Time from inttial key input until beginnig of signaling.

AC CHARACTERISTICS — KEYPAD INPUTS, PACIFIER TONE
(numbers in left hand column refer to the timing diagrams.)

N° Symbol Parameter Min. Typ. Max. Unit | Notes
3 Tko Keypad Debounce Time 32 ms 1
Fks Keypad Scan Frequency 250 Hz 1
Fpr Frequency Pacifier Tone 500 Hz 1
4 TpT Pacifier Tone Duration 30 ms 1
Thrp Hookflash Timing 560 ms 1
Note . 1. Crystaloscillator accuracy directly affects these times

AC CHARACTERISTICS - PULSE MODE OPERATION

N° Symbol Parameter Min. Typ. | Max. Unit | Notes
Pr Pulse Rate 10 PPS 1
5 PDP Predigital Pause 48 ms 2
6 IDP Interdigital Pause 740 ms 2
7 TMo Mute Overlap Time 2 ms 2
8 Ts Break Time 60 ms 2
9 T™m Make Time 40 ms 2
Notes : 1. 10 PPS s the nominal rate.
2. Figure 8 illustrates this relationship.
8/8
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REPERTORY DIALER

» SINGLE CHIP DTMF AND PULSE DIALER

= STORES 10 18-DIGIT TELEPHONE NUM-

BERS, INCLUDING LAST NUMBER DIALED

SOFTSWITCH CHANGES SIGNALING MODE

FROM PULSE TO TONE

SINGLE BUTTON REDIAL OF ALL TEN MEMO-

RIES

FLASH KEY INPUT INITIATES TIMED HOOK

FLASH

» 8 TONES PER SECOND DIALING IN TONE

MODE AND 10 PPS IN PULSE MODE

DTMF ACTIVE UNTIL KEY RELEASE

« MINIMUM DTMF DURATION/SEPARATION ORDERING NUMBERS :
GUARANTEED (74/54 ms :

= PACIFIER TONEE PROVII%)ES AUDIBLE INDI- MK53762N00 MKS3762D
CATION OF A VALID KEY INPUT FOR NON-
DTMF KEY ENTRIES

« POWERED FROM TELEPHONE LINE, LOW
OPERATING VOLTAGE FOR LONG LOOP AP-

S020

PLICATIONS
DESCRIPTION Figure 1 : Pin Connection.
The MK53762 is a Silicon Gate CMOS IC that pro-
vides necessary signals for either DTMF or loop dis-
connect (pulse) dialing. The MK53762 buffers up to
18 digits into memory that can be later redialed with
a single key input. Up to nine repertory numbers
may be stored. Users can store all 12 signaling keys ve 100e N 20 FUCSEGUTRUT
and access several unique functions with single key
entries. These functions include : Last Number Di- mMooE 2 [ 19 HKS
aled (LND), Softswitch, Flash, and 9 memories. Fig- a 30 [J 18 R1
ure 2 shows the keypad configuration. 6 a(C 17 /2
A LND key input automatically redials the last num- G 5O F 16 5
ber dialed, and the MEM keys provide single key ac- o =
. L2 3 6 115 R3
cess to all memory locations for auto-dialing. o I
The FLASH key simulates a 560 ms hook flash to V- 7 " R
transfer calls or to activate other special features osc s [] H 13 MUTE OUTPUT
provided by the PABX or a central office. oscz 9 [ [ 12 PACIFIER TONE/
The PAUSE key allows the user to insert a delay in & 100 11 STME OUTROT
dialing for functions such as the pause in accessing
an outside line when redialing from a PABX.
The PROG key provides an easy way to program a
number into any memory location (MEM 1 - MEM 9)
whether on-hook or off-hook.
July 1993 1/8
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Figure 2 : Keypad Configuration.

1 2 3 FLASH | MEM9

4 5 6 PROG | MEM8

7 8 9 PAUSE | MEM7

SC;FI' 0 # LND | MEM6
SWITCH

MEM1 | MEM2 | MEM3 | MEM4 | MEM5

FUNCTIONAL PIN DESCRIPTION

V+

Pin 1. V+ is the positive supply for the circuit and
must meet the maximum and minimum voltage re-
quirements. (see Electrical Specifications).

MODE

Input. Pin 2. MODE determines the dialer’s default
operating mode. When the device is powered up or
the hookswitch input is switched from on-hook, (V+),
to off-hook, (V-), the default determines the signal-
ing mode. A V+ connection defaults to tone mode
operation and a V- connection defaults to pulse
mode operation.

When dialing in the pulse mode, a softswitch feature
will allow a change to the tone mode whenever the
* key, or softswitch, is depressed. Subsequent * key
inputs will cause the DTMF code foran *to be dialed.
The softswitch will only switch from pulse to tone. Af-
ter returning to on-hook and back to off-hook, the
part will be in pulse mode. Redial by the LND key will
repeat the softswitch.

C1, C2, C3, C4, C5, R5, R4, R3, R2, R1
Keyboard inputs. The MK53762 interfaces with
either the standard 2-of-10 with negative common or
the single-contact (Form A) keyboard.

A valid keypad entry is either a single Row con-
nected to a single Column or V—simultaneously pre-
sented to both a single Row and Column. In its qui-
escent or standby state, during normal off-hook op-
eration, either the Rows or the Columns are at a
logic level 1 (V+). Pulling one input low enables the
on-chip oscillator. Keyboard scanning then begins.
Scanning consists of Rows and Columns alternately
switching high through on-chip pullups. After both a
Row and Column key have been detected, the de-
bounce counter is enabled and any noise (bouncing
contacts, etc.) is ignored for a debounce period
(Tkp) of 32 ms. Atthistime, the keyboard is sampled
and if both Row and Column information are valid,
the information is buffered into the LND location. If
switched on-hook (pin 19 to pin 1), the keyboard in-
puts all pull high through on-chip pullup resistors.

2/8
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In the tone mode, if 2 or more keys in the same row
or column are depressed a single tone will be output.
The tone will correspond to the row or column for
which the 2 keys were pushed. Thisfeature is for test
purposes.

Single tones will not be redialed.

Also in the tone mode, the output tone is continuous
in manual dialing as long as the key is pushed. The
output tone duration follows the table below :
Table 1 : Output Tone Duration

Key-Push Time, T* Tone Output*
T <32ms No Output Ignored by
MK53761

32ms < T < 75ms + Tkp
T >75ms + Tkp

* TKD is the key pad debounce time which is typically
32ms

75ms Duration Output
Output Duration = T — Tkp

When redialing in the tone mode, each DTMF output
is 75ms duration, and the tone separation (intersig-
nal delay) is 50ms.

V-

Input. Pin 7 is the negative supply input to the de-
vice. This is the voltage reference for all specifica-
tions.

OSC1, OSC2

Pin 8 (input), pin 9 (output). OSC1 and OSC2 are
connections to an on-chip inverter used as the tim-
ing reference for the circuit. It has have sufficient
loop gain to oscillate when used with a low-cost tele-
vision color-burst crystal. The nominal crystal fre-
quency is 3.579545 MHz and any deviation from this
standard is directly reflected in the Tone output fre-
quencies. The crystal oscillator provides the time
reference for all circuit functions. A ceramic resona-
tor with tolerance of +0.25 % may also be used.

DTMF OUTPUT
Output. Pin 11. An NPN transistor emitter with a col-
lector tied to V+ drives the DTMF OUTPUT pin. The
transistor base is connected to an on-chip opera-
tional amplifier that mixes the Row and Column
tones. Figure 7 shows the timing at this pin.
The DTMF OUTPUT is the summation of a single
Row frequency and a single Column frequency. A
typical single tone sine wave is shown in Figure 4.
This waveform is synthesized using a resistor tree
with sinusoidally weighted taps.
The MK53762 is designed to operate from an un-
regulated supply ; the TONE LEVEL is supply inde-
pendent, and the single row tone output level will be
typically : :
Toi=-12dBm = 1 dB

The DC component of the DTMF output while active
is described by the following equation :

VDC,; = 0.3 V+ + 0.5 Volts




MK53762

Figure 3 : MK53762 Functional Block Diagram.
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PACIFIER TONE OUTPUT/CHIP DISABLE
INPUT

Pin 12. PAC tone is an output. The pacifier tone pro-
vides audible feedback, confirming that the key has
been properly entered and accepted. A 500 Hz
square wave is activated upon acceptance of a valid
key input, after the 32 ms debounce time. The
square wave terminates after a maximum of 30 ms
or when the valid key is no longer present. In pulse
mode, all key entries activate the pacifier tone. In
tone mode, any non-DTMF key (LND, FLASH,
MEM, PROG) entry activates the pacifier tone.
When programming the chip, all valid key entries ac-
tivate the pacifier tone in either pullse or tone mode.
The CHIP DISABLE is an input. When pin 12 is
switched low through a resistor (10 K to 100 K), the
MK53762 is enabled. When pin 12 is switched to V+
through the resistor, all keypad inputs are pulled
high, and the MK53762 will ignore all keypad inputs.
When the chip is disabled, it will not dial, and it can-

Figure 7 : Tone Mode Timing.

not be programmed. The chip will only be disabled
when the circuit is inactive (not dialing) and Pin 12
is switched high.

Figure 6 : Typical Spectral Response.
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Notes : 1. Forthis example, key entries are < 75 ms, but 232 ms.

2. MUTE goes active after any key is depressed.
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Figure 8 : Pulse Mode Timing.
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Table 2 : DTMF Output Frequency.

Key Input Standard Frequency Actual Frequency % Deviation
ROW 1 697 699.1 +0.31
2 770 766.2 —-0.49
3 852 847.4 —-0.54
4 941 948.0 +0.74
coL 1 1209 1215.9 +0.57
2 1336 1331.7 -0.32
3 1477 1471.9 -0.35
MUTE OUTPUT external to the IC and applications using both modes

Output. Pin 13. This pin is the MUTE OUTPUT for
both tone and pulse modes. Timing is dependent
upon mode.

The MUTE OUTPUT consists of an open drain N-
channel device. During standby, the output is high
impedance and generally has an external pullup re-
sistor to the positive supply.

In the tone mode, MUTE OUTPUT is used to re-
move the transmitter and the receiver from the net-
work during DTMF signaling. During dialing, MUTE
OUTPUT is active continuously until dialing is com-
pleted. MUTE OUTPUT goes active when any key
is pushed.

In the pulse mode, MUTE OUTPUT is used to re-
move the receiver and the network from the line. Dif-
ferent circuitry is required for tone and pulse muting

L7z 253 HOMSON

would not necessarily share circuitry. MUTE OUT-
PUT timing is shown in Figure 8 for pulse mode sig-
naling and Figure 7 for tone mode signaling. MUTE
OUTPUT is active during each digit, and not active
during the interdigit time. In both tone and pulse
modes, MUTE OUTPUT goes active 40 ms before
PULSE OUTPUT for a FLASH.

HKS

Input. Pin 19. Pin 19 is the hookswitch input to the
MK53762. This is a high-impedance input and must
be switched high for on-hook operation or low for off-
hook operation. A transition on this input causes the
on-chip logic to initialize, terminating any operation
in progress at the time. The signaling mode defaults
to the mode selected at pin 2. Figure 8illustrates the
timing for this pin.
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PULSE OUTPUT

Output. Pin 20. This is an output consisting of an
open drain N-channel device. In either pulse or tone
mode, the FLASH key will cause a 560 ms output
pulse at pin 20.

DEVICE OPERATION

When the MK53762 is not actively dialing, it con-
sumes very little current. Row and Column inputs
assume opposite states off-hook. The circuit verifies
that a valid key has been entered by alternately
scanning the Row and Column inputs. If the input is
still valid following 32 ms of debounce, the digit is
stored into memory, and dialing begins after a pre-
signal delay of approximately 40 ms (measured
from initial key closure). Output tone duration is
shown in Table 1.

The MK53762 allows manual dialing of an indefinite
number of digits, but if more than 18 digits are dialed
per number, the 53762 will "wrap around". That is,
the extra digits beyond 18 will be stored at the be-
ginning of the LND buffer, and the first 18 digits will
no longer be available for redial. During autodial
from LND or any MEM location, key inputs are not
accepted, but they will suspend dialing until re-
leased.

NORMAL DIALING (off-hook)

D D D ...ETC

Normal dialing is straightforward, all keyboard en-
tries will be stored in the buffer and signaled in suc-
cession.

LAST NUMBER DIALED (LND)

LND

Last number dialing is accomplished by entering the
LND key.

SOFTSWITCH

When dialing in the pulse mode, a softswitch feature
will allow a change to the tone mode whenever the
* key is depressed. Subsequent * inputs will cause
the DTMF code for an * to be dialed. The softswitch
will only switch from pulse to tone. After returning to
on-hook and back to off-hook, the part will be in
pulse mode. Redial by the LND key will repeat the
softswitch.

6/8
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HOOK FLASH

D FLASH D ..ETC

o7 SRR

Hook flash may be entered into the dialed sequence
at any point by keying in the function key, FLASH.
Flash consists of a timed Break of 560 ms. The
FLASH function is stored in memory, but it will not
be redialed as such. When a FLASH key is pressed,
no further key inputs will be accepted until the hook-
flash function (560 ms break) has been dialed. The
key input following a FLASH will be stored as the in-
itial digit of a new number (overwriting the number
dialed prior to the FLASH) unless it is another
FLASH. Consecutive FLASH entries after anumber
is dialed will be stored sequentially in the LND mem-
ory and asubsequentLND entry will cause the redial
of that number with a delay, but not hookflash
breaks, at the end of the redialing sequence. When
redialing in tone mode, MUTE OUTPUT will remain
active during the flash delay period.

PAUSE

D FLASH D ...ETC

A Pause may be entered into the dialed sequence
at any point by keying in the special function key,
PAUSE. Pause inserts a 1.1-second delay into the
dialing sequence. The total delay, including pre-digi-
tal and post-digital pauses is shown in Table 3.

PROGRAMMING AND REPERTORY
DIALING

PROGRAMMING AND REPERTORY DIALING
Programming is independent of HKS (pin 19) and
MODE (pin 2).

To program, enter the following :

PROG, Digit 1, Digit 2, ..., MEM (Location 1-9).
When programming, dialing is inhibited.

To dial a number from repertory memory (HKS must
be low) enter the single key :

MEM (Location 1-9)

To save the last number dialed : PROG, MEM (Lo-
cation 1-9).
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Table 3 : Special Function Delays.

Each delay shown below represents the time required from after the special function key is depressed until
a new digit can be dialed.

- Thetime is considered "FIRST" key is all previous inputs have been completed dialed. The time is considered
"AUTQ" if in redial, or previous dialing is still in progress.

Function First/Auto Pulse Tone
SOFTSWITCH FIRST 0.40 -
AUTO 1.10 -

PAUSE FIRST 1.84 1.15

AUTO 2.50 1.20

ABSOLUTE MAXIMUM RATINGS*

Parameter Value Unit
DC Supply Voltage 6.5 \Y%
Operating Temperature —20to + 60 °C
Storage Temperature —55t0 + 125 °C
Maximum Power Dissipation (25 °C) 500 mw
Maximum Voltage on any Pin VH+.3;(V)-3 \

* All specifications are for 2.5 Volt operation and full operating temperature range unless otherwise stated.

ELECTRICAL CHARACTERISTICS (Tamb = 25°C unless otherwise specified)
DC CHARACTERISTICS

Symbol Parameter Min. Typ. Max. Unit | Notes
V+ DC Operating Voltage 25 6.0 \
TONE (tone mode)
VMR Memory Retention Voltage 1.5 V., 1.6
Is Standby Current 0.4 1.0 pA 1
IMr Memory Retention Current 0.15 0.75 pA 5.6
VMUTE Mute Output Operating Voltage 1.8 Vv 7
It Operating Current (tone) 300 600 pA 2
lp Operating Current (pulse) 150 250 pHA 2
Operating Current On-hook Program Mode
Key Operated 200 A
No-key Operated 1 pA
ImL Mute Output (2.5 Volts) 1.0 mA 3
Sink Current (4.0 Volts) 3.0 mA
IpL Pulse Output Sink Current 1.0 2.0 mA 3
lpc Pacifier Tone Sink/Source 250 500 A 4
Kru Keypad Pullup Resistance 100 kQ
Krp Keypad Pulldown Resistance 500 Q
Vi Keypad Input Level-low 0 03V + \
Vi Keypad Input Level-high 0.7V + V+ Vv
VpuLse Operating Voltage (pulse mode) 1.8 6.0 \

Notes : 1. Allinputs unloaded. Quiescent mode (oscillator off).

. All outputs unloaded, single key input.

. Vour = 0.4 Volts.

. Sink current for Vour = 0.5 Volts, Source Current for Vour =2.0 Volts.

. Memory Retention Voltage is the point where memory Is guaranteed but circuit operation is not.

. Proper memory retention is guaranteedif either the minimum Iur s provided or the minimum Vug. The design does nothaveto provide
both the minmum current or voltage simultaneously.

7. Minimum voltage where activation of mute output with key entry is ensured.

oOuh N
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ELECTRICAL CHARACTERISTICS (continued)

AC CHARACTERISTICS — TONE MODE

N° Symbol Parameter Min. Typ. | Max. Unit | Notes
TNk Tone Output no Key Down - 80 dBm 1
-13 -12 -1 dBm 1, 2
Toi Tone Output (independent) 173 194 218 | mVims 3
PE, Pre-emphasis, High Band 1.4 2.0 2.6 dB
DC, Tone Output DC Bias
V+=25 1.25 \
V+=385 1.5 \]
Re Tone Output Load 10 kQ 4
Tris Tone Output Rise Time 1.0 ms 5
DIS Output Distortion 5.0 8.0 % 3
TR Tone Signaling Rate 8.0 1/sec
1 Tesp Pre-signal Delay 40 ms 6
2 Tisp Inter-signal Delay (repertory) 54 ms
Tour Tone Output Duration (repertory) 74 ms
Notes : 1. O dBm equals 1 mW power into 600 Q or 775 mVolts Important note : the MK53762 is designed to drive a 10 kQ load. The 600 Q

AC CHARACTERISTICS — KEYPAD INPUTS, PACIFIER TONE
(numbers in left hand column refer to the timing diagrams.)

a0

o

load is only for reference.

Single tone (low group), as measured at pin 10, Ta = 25°C.

Supply voltage = 2.5V; Re= 10 kQ. To increses typically of 10mVrms with Vs = 6V.

. Supply voltage = 2.5 volts

Time from beginning of tone output waveform to 90 % of final magnitude of either frequency Crystal parameters suggested for proper
operation are Rs< 100 Q, Lm = 96 mH, Cm = 0 02 pF, Ch = 5 pF, f = 3.579545 MHz, and CL = 18 pF.

. Time from inttial key input until beginnig of signaling.

N° Symbol Parameter Min. | Typ. | Max. | Unit | Notes
3 Tko Keypad Debounce Time 32 ms 1
Fks Keypad Scan Frequency 250 Hz 1
Fer Frequency Pacifier Tone 500 Hz 1
4 Ter Pacifier Tone Duration 30 ms 1
Thrp Hookflash Timing 560 ms 1
Note : 1 Crystaloscillator accuracy directly affects these times
AC CHARACTERISTICS — PULSE MODE OPERATION
Ne Symbol Parameter Min. Typ. Max. Unit | Notes
Pr Pulse Rate 10 PPS 1
5 PDP Predigital Pause 48 ms 2
6 IDP Interdigital Pause 740 ms 2
7 Tmo Mute Overlap Time 2 ms 2
8 Ts Break Time 60 ms 2
9 T™ Make Time 40 ms 2
Notes : 1. 10 PPS is the nominal rate
8/8
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ML8204
ML8205

TONE RINGER

« DESIGNED FOR TELEPHONE BELL RE-
PLACEMENT

= LOW CURRENT DRAIN

= SMALL SIZE "MINIDIP" PACKAGE

= ADJUSTABLE 2-FREQUENCY TONE

= ADJUSTABLE WARBLING RATE

» BUILT-IN HYSTERESIS PREVENTS FALSE
TRIGGERING AND ROTARY DIAL "CHIRPS"

» EXTERNAL TRIGGERING OR RINGER DIS-
ABLE (ML8204)

» ADJUSTABLE FOR REDUCED SUPPLY IN-
ITIATION CURRENT (ML8205)

= TELEPHONE SET TONE RINGERS

= EXTENSION TONE RINGER MODULES

» ALARMS OR OTHER ALERTING DEVICES

DESCRIPTION

The ML8204/ML8205 tone ringers are monolithic
devices, each incorporating two oscillators, an out-
put amplifier and a power supply control circuit. The
oscillator frequencies can be adjusted over a wide
range by selection of external components. One os-
cillator, normally operated at a low frequency (fL),
causes the second oscillator to alternate between its
nominal frequency (fH1), and a related higher fre-
quency (fH2). The resulting output is a distinctive
"warbling" tone. The output amplifier will drive either
a transformer coupled loudspeaker or a piezo-ce-
ramic transducer. The device can be powered from
a telephone line or a fixed d.c. supply. The power
supply control circuit has built-in hysteresis to pre-
vent false triggering and rotary dial "chirps". The
ML8204 can be triggered externally under logic con-
trol. The ML8205 has provision for adjustment of the
power supply initiation current.

March 1993

ORDERING NUMBERS : ML8204

Minidip

ML8205

PIN CONNECTIONS (top view)

— \J
vs [ ) 8 ] ouTPUT
TRIGGER IN [ 2 7 ] HIGH t
ML8204 TIME
[ 3 CONSTANT
Low ¢ 6
TIME
CONSTANT “ 5 ] oND
5- 8874
\J
Vs, [ 1 8 ] ouTPUT
Z 7 ] HIGH ¢
ML8205 CoNSTANT
B o
LOW!
CONSTANT [ “ s ] GND

$-8875
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BLOCK DIAGRAM

Vs O—
1
TRIGGER IN
{ML8204)
POWER SUPPLY o
CONTROL B
CIRCUIT
Rgp o (WITH HYSTERESIS) outPUT
(ML8205)
LOW FREQUENCY HIGH FREQUENCY | OUTPUT ¢
OSCILLATOR OSCILLATOR AMPLIFIER
GNO C>———J
J) J) J) 5-8876
) .
Low N HIGH 1
TIME CONSTANT TIME CONSTANT
ABSOLUTE MAXIMUM RATINGS*

Symbol Parameter Value Unit
Vs Supply Voltage - GND 30 \Y
Top Operating Temperature - 4510 + 65 °C
Tstg Storage Temperature (E package) — 6510 + 150 °C
Prot Total Power Dissipation (E package)” 400 mwW

* Stresses in excess of thos listed unter "Absolute Maximum Ratings” may cause permanent damage to the device. This1s a
stress rating only and functional operation of the device at these or any other conditions in excess of those Indicated in the
operational sections of this specification is not implied. Exposure to absolute maximum rating condition for extended periods
may affect device reliability.

THERMAL DATA

Symbol Parameter Value Unit
Rthy-amb Thermal Resistance Junction-ambient Max 6.3 mW/°C
2113
(_71 SGS-THOMSON
. MICROELECTRONICS
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ELECTRICAL CHARACTERISTICS

(all voltages referenced to GND unless otherwise noted, Tamb = 25°C)

Symbol Parameter Test Conditions Min. | Typ. | Max. | Unit
Vs Operating Supply Voltage 29 \
Vs, | Supply Initiation Voltage!") Trigger in Open Circuit (ML8204) 17 | 19 217 |V

Veus | Sustaining Voltage® 97 | 1 12 Y,
lsi Supply Initiation Current No Load Vs = Vg, RsL = 6.8kQ (ML8205) | 1.4 | 25 4.2 mA
lsus Sustaining Current No Load Vs = Vgys 07 | 1.2 mA
Vtr | Trigger Voltage(s) 10.5 \
ltr | Trigger Current® 40 1000® | pA

Vpis | Disable Voltage® 0.8 v
Iois Disable Current® - 50 nA
Vo Output Voltage No Load Vs = 21V 17 19 21 \
fo Oscillator Frequency Tolerance | Component Tolerance Excluded +7 %

Notes : 1. Vs is the value of supply voltage which must be exceeded to trigger oscillation
2 Vsus Is the value of supply voltage required to mantain oscillation
3 Vrrand Itr are the conditions applied to Trigger In to start oscillation for Vsus < Vs < Vs
4. Vois and Iois are the conditions applied to Trigger In to inhibit oscillation for Vsi< Vs.
5. Trigger Current must be limited to this value externally.

Figure 1a : Supply Current vs. Supply Voltage

(no lead). Load Current.
G-5969 6-5970
Is VL Is
(mA) (Vrms) (ma)
& Eovg=2iv A
10 =T~ *— 20
35 Ll T~ P
»VS=|8V e "
3 s Tt N ] ®
Vg =15V ~ e
1o, 25 P
st y. 6 ——— 2 N,
2 4 L/ N QEANEE
pot
4 A,
v N
'susm =] ‘ 4 8
/
! ' & Ve =151021V A
fl 2 ad _ N 4
05 / . .
pa [T
0 d I
2 6 noT % 14 2 26 30 3% VgV o " 2 0 1 (ma)
L
VYsus Y51
(37 SGS-THOMSON
] iCROELECTRONICS

Figure 1b : Load Voltage and Supply Current vs.
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FUNCTIONAL DESCRIPTION

The M8204/ML8205 Tone Ringers are primarily in-
tended for use as replacements for the mechanical
bell in telephone sets. Each incorporates two oscil-
lators, an output amplifier and a power supply con-
trol circuit. The devices can be powered directly from
the telephone line using the a.c. ringing vol-tage, or
they may be powered from a separate d.c. supply.
The output amplifier is capable of driving a wide
range of load impedances when powered from alow
impedance supply. The power supply control circuit
provides the hysteresis required to ensure positive
triggering of the device and to prevent tran-sient trig-
gering due to dial pulsing.

Asthe power supply voltage to the ML8204/ML8205
is increased up to the supply initiation voltage (Vsy),
the supply current also increases up to (ls:)). When
Vs is exceeded, oscillation begins and the static
power supply current decreases (see fig. 2a). The
low frequency oscillator (LFO) oscillates at a rate (fL)
controlled by an external resistor and capacitor. The
frequency can be determined using the relation fL =
1/(1.234RC) where R is the value of the resistor con-
nected between pins 3 and 4, and C is the value of
the capacitor connected between pin 3 and ground.

The output of the LFO is internally connected to the
switching threshold circuitry of the high frequency
(HFO). When the output of the LFO is high, HFO os-
cillates at its nominal rate (fH1), described by the re-
lation fH1 = 1/(1.515RC) where R is the value of the
resistor connected between pins 6 and 7, and C is
the value of the capacitor connected between pin 6
and ground. When the output of the LFO is low, the
HFO oscillates at a higher rate (fuz2) described by the
relation fHz2 = 1.25 fH1. Thus the LFO sets the war-
bling rate : the rate at which the HFO switches be-
tween the two tone frequencies fu1 and fHe. Oscilla-
tion continues until the supply voltage decreases be-
low the sustaining voltage (Vsus). At this point, the
power supply current undergoes a step increase
(from lsus), and then ramps down in accoardance
with the supply voltage.

In normal applications, Trigger in (pin 2) of the
ML8204 is left open circuit. This pin allows external
triggering of oscillation of the ML8204 at supply volt-
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agesinthe range Vsus<Vs < Vs. Todo so, a vol-tage
at least equal to the minimum trigger voltage (VTR)
must be applied to pin 2.

Triggering the device is accomplished by sourcing
a minimum current (ITr) into pin 2. This current must
be limited to preventdamage to the triggering circuit.
Tone ringer oscillation may also be inhibited at sup-
ply voltages in the range Vsj < Vs < Vg(max) by apply-
ing @ maximum disable voltage (Vbis) to pin 2. Dis-
abling is accomplished by sinking a minimum cur-
rent (Ipis) out of pin 2. (See Applications Section for
details on the operation and use of the Trigger in

pin).

The ML8205 requires the connection of a resistor,
RsL, to program the slope of its supply current ver-
sus supply voltage characteristic prior to triggering
(Vs < Vsi). Thisin turn determines the maximum sup-
ply initiation current (Isi drawn at the initiation vol-
tage (Vs)). Programming is accomplished by con-
necting a slope determining resistor, RsL, bet-ween
pin 2 and ground. The value of Isj varies inversely
with the value of RsL. This feature can be used to
control effective impedance presented to the tele-
phone line by the ringer circuit. (See Applications
section for detailed description on the operation and
use of the RsL pin).

The output amplifier of the ML8204/ML8205 is ca-
pable of driving a wide range of load impedances
when driven from a low source impedance power
supply. When the device is powered from a tele-
phone line, load impedance should be kept fairly
high (800 or greater) to prevent power supply regu-
lation problems. A transformer is thus required for
driving loudspeakers as is an output coupling ca-
pacitor. Piezo-ceramic transducers may be driven
directly. However, the tone frequencies fH1 and fu2
must normally be set higher (around 2 KHz) to en-
sure that the transducer delivers sufficient acoustic
power. (Suitable piezo-ceramic transducers typi-
cally have maximum efficiency around 2 KHz). It is
also necessary to connect a zener diode in parallel
with the transducer to limit voltage surges generated
by the transducer during mechanical shocks.
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Table 1.
N° Pin function Description
1 Vss Positive Power Supply
2 Trigger in ML8204 - Oscillator External Trigger/Inhibit pin
(must be connected through a current limiting resistor when used)
Rst ML8205 - Initiation Current (ls) Programmming Pin. (must be connected)
3 Low f Low Frequency Time Constant Adjustement Pins.
Time Used to Set Frequency Oscillator Switches f1 (by
Constant connection of appropriate resistor and capacitor. see fig. 3)
5 GND Negative Power Supply
6 High f High Frequency Time Constant Adjustement Pins
Time Used to Set Nominal Tone Output Frequency (fu1) (by
Constant connection of appropriate resistor and capacitor. see fig. 3)
8 Output Tone Output. (must be capacitively coupled for transformer coupled or resistive loads)

Figure 2 : ML8204/ML8205 Timing Diagram.

EVENTS

%1

3

15, (NOTE1)
Isus

oot ||||| I I B e W I -

TRIGGER IN
¢

NOTE2) ______

w2 " vz e

s-s811

1. ls vanies with Rs. on ML8205

2. Tngger in on ML8204 connected through current imiting reststor.
A) Oscillation triggered by Vs > Vs.

B) Oscillation maintained until Vs < Vsus.

C) Oscillation triggered by trigger in high for Vsus < Vs < Ve

D) Oscillation stopped by trigger in low for Vs 2 Vsus

E) Oscillation triggered by trigger in hugh, maintained until Vs < Vsus.
F) Oscillation inhibited by trigger in low for Vs > Vg
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APPLICATIONS

TYPICAL TELEPHONE OR EXTENSION TONE
RINGER CIRCUIT

The circuit shown in fig. 3 illustrates the use of the
ML8204/8205 devices in a typical telephone or ex-
tension tone ringer application. The a.c. ringing vol-
tage appears across the TIP and RING inputs of the
circuit and is attenuated by capacitor C1 and resistor
R1. C1 also provides isolation from d.c. voltages on
the line. After full wave rectification by the diode
bridge BR1, the waveform is filtered by capacitor C4
to provide a d.c. supply for the tone ringer chip. As
this voltage exceeds the initiation voltage, Vs, oscil-
lation starts. With the components shown, the out-
put frequency chops between 512 Hz (fu1) and
640 Hz (fH2) at a 10 Hz (fL) rate. The loudspeaker
load is coupled through a 1300 Q to 8 Q trans-
former. While the output impedance of the ML8204
is quite low, the load impedance must be kept fairly
high. This is to prevent d.c. power supply regulation
problems due to high source impedance of the tele-
phone line and coupling components C1 and Rj.
The output coupling capacitor Cs is required with

Figure 3 : Typical Tone Ringer Circuit.

transformer coupled loads. The value shown
(0.22 pF) presents a high enough impedance at the
nominal ringing frequency to allow connection of
fairly low impedance loads without upsetting the
supply regulation. If the load impedance is large
enough, then the value of this capacitor can be in-
creased to couple more power to the load without
upsetting the power supply to the ML8204. Potenti-
ometer P1, is used to adjust the audio amplitude and
resistor R4 is a current limiting resistor. Resistor Rs
is a quenching resistor used to limit back emf gen-
erated by the inductive load when ringing stops.
When driving a piezo-ceramic transducer type load,
the coupling capacitor Cs is not required. However,
a current limiting resistor is required as is a 29 V
zener diode in parallel with the transducer. This di-
ode limits the voltage transients than can generated
by mechanical shocking of a piezo-ceramic
transducer. The electrical characteristics shown in
Table 2 indicate typical performance of this circuit.
The incoming ringing voltage and frequency are de-
termined by the telephone system.

0 4TF
5%

.

o R1
8
= LR
1 7
BR1
o JEUSE S e =02 MuB204 R3
o— ! I~
! 3 191K0
i Aw 1%
! 29v
i R2 s :
' L
165K0
Rs( D = o
(ML8205) W oma

Table 2 : Typical Electrical Characteristics of Tone Ringer Circuit (fig. 3).

Parameter Min. | Typ. | Max. | Unit Parameter Min. | Typ. | Max. | Unit
Input Voltage 75 | 88 | 120 | VRms | Output Frequencies
fr 9 10 | 11 Hz
Input Frequency 16 | 20 | 60 Hz fr 461 | 512 | 563 | Hz
fH2 576 | 640 | 704 | Hz
Input Current (when ringing) | — 8 11 | mArwms | Output Voltage (Pin 8 0’ loop) | — 25 - | Vep
Output power (into 8 trans- - 40 - mW | Output Sound Pressure 80 | 85 90 | dBA
former coupled load)

6/13
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USE OF TRIGGER IN (pin 2 ML8204)

Pin 2 of the ML8204 may be used to a) externally
trigger oscillation for voltages in the range Vsus < Vs
* < Vg, or b) disable ringer operation. The equivalent
circuit at pin 2 is shown in Fig. 5. The ringer circuit
can only oscillate when Q1 is conducting. Normally
when supply voltage Vs exceeds the supply initiation
voltage (Vs)), base current flows into Q1, via D2 and
D1 causing Q1 to conduct. This continues until Vs is
taken below the minimum sustaining voltage (Vsus).

The ML8204 can be made to oscillate when pow-
ered from supply voltages in the range Vsus < Vs <
Vsi. Oscillation is ensured by forcing a current Itr (10

Figure 4 : Pin 2 Input Equivalent Circuit.

pA < ltr < 1 mA) into pin 2 to provide base current
to Q1. This requires the voltage applied to pin 2 to
exceed VTR where VTR is the sum of the zener volt-
age of D3, the forward voltage drop of D2 and the Ve
of Q1 (typically 11 V). The required current drive can
be provided by connecting a resistor Re between pin
1and Vs (Fig. 5a) ; where : 20 KQ <Rg< (Vs-11)/10
MQ. To operate the ML8204 from ad.c. 12V supply,
Re should be typically 50 K. This mode of operation
can also be used to reduce the effective value of the
Vs, by inserting a zener diode in series with Re (fig.
5b). This modifies the initiating voltage to Vs (eff) =
V1R + VE + 10 Re (Reisin M Q).

ML8204

Q1 02

300KN

1
0 03

TRIGGER IN
(PIN 2)

GNOD

S-8879

Figure 5a : Enabling Oscillation of the ML8204
for Supply Voltages less than Vs;.

Figure 5b : Reducing the Effective Value of Vs
for the ML8204

20K 0 SRS (Vec-M Vsi(etn=VIR*Vz"10Re
IR 10 Itr (Rg inMQ)
1 1
Rg 2 vz Re 2
MLB204 MLB204
5 5
v
VIR TR
GND GND
©ow (o)
$-8880
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Oscillation of the ML8204 may be inhibited for volt-
ages in the range Vsi < Vs < Vgmax) by sinking the
current from D1, starving Q1 of base current. This is
achieved by either a) grounding pin 2 (fig. 6a), or b)
applying a voltage VinH via a resistor Ry to pin 2
(fig. 6b) to ensure that :

Vois 0.8V, and Ipis = _Vois - Vine

1
Figure 6 : Inhibiting Oscillation of the ML8204.

> 40 pA.

When driven from a fixed d.c. supply, oscillation of
the ML8204 may be gated on or off by CMOS or TTL
logic as shown in Fig. 7a and Fig. 7b respectively.

PROGRAMMING THE ML8205 INITIATION CUR-
RENT

0 +Vg
1

MLB204

%C*

GNO
ow

(A)

+vg
0< Vg5 <08V

Tois=Vois~Viny >40uA
R1

MLB204

Vois

GNO
oV

8
5-8881

Figure 7a : Gating the ML8204 from CMOS.

Figure 7b : Gating the ML8204 from TTL.

+12 TOH5V

l‘\
116
4049UB

RING *L” S0+

NHIBIT"H"

INHIB 15K MLB204

5

: GNO

wov)

+12 TO+24V

RING "L"

18IT "H"
INHIBIT “H’ MLB204

| ono

oV

5-8882

8/13

182

A’7 SGS-THONISON

MICROELECTRONICS




ML8204/8205

Pin 2 of the ML8205 requires connection of an ex-
ternal resistor Rst (fig. 8), which is used to program
the slope of the supply current vs, supply voltage
characteristic, and hence the supply current up to
the initiation voltage (Vsi). This initiation voltage re-
mains constant independent of RsL. The supply in-
itiation current (ls)) varies inversely with Rsi, de-
creasing for increasing values of resistance. Thus,
increasing the value of RsL will decrease the amount
of a.c. ringing current required to trigger the device,
As such, longer subscriber loops are possible since
less voltage is dropped per unit length of loop wire
due to the lower current level. Rst can also be used
to compensate for smaller a.c. line coupling capaci-
tors (providing higher impedance) which can be

Figure 8 : Adjusting Isi by Varying RsL.

used alter the ringer equivalence number of a tone
ringer circuit.

The graph in fig. 9a illustrates the variation of supply
current with supply voltage of the ML8205. Three
curves are drawn to show the change in the slope
of the |-V characteristic with RsL. Curve B (RsL =
6.8 KQ) shows the I-V characteristic for the ML8204
tone ringer. Curve A is a plot with RsL = 5.0 KQ and
shows an increase in the current drawn up to the in-
itiation voltage Vsi. The |-V characteristic after initia-
tion remains unchanged. Curve C illustrates the
effect of increasing RsL to 13.0 KQ. Initiation current
decreases but again current after trigging is un-
changed. The variation of ls;, with RsL is illustrated in
fig. 9b.

MLB205
6.8KN

ML8205

ML8205
5 13K0 5

(A) INCREASING Ig

(8) g =1, (MLB204)

S-8883

(C) DECREASING Ig;

Figure 9a : |-V Slope Change Due to RsL.
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ML8204/8205

MITEL F.C.C. APPROVED TONE RINGER MOD-
ULE USING ML8205

The Mitel tone ringer module (CM3215) using the
Mitel ML8205 tone ringer chip in the circuit below
(fig. 10) has been approved by the F.C.C. (F.C.C.
reg. number BN285B673550TN). The circuit has
been given a ringer equivalence of 0.7 B. This ac-
complished by increasing the value of RstL to 13 KQ
which reduces the supply initiation current (ls)). This
reduction in lsi allows the use of higher line coupling
components (R1 = 8.2 KQ) while ensuring sufficient
voltage drop between pins 1 and 5 of the ML8205
for triggering. The 5.1 V zener diode D1 presents a
high impedance to low level signals on the tele-

Figure 10 : F.C.C. Approved Tone Ringer Circuit.

phone line while allowing tone ringer powering from
high level rigging voltages.

TRANSIENT OVERVOLTAGE TESTING OF THE
ML8204 TONE RINGER

The following tests were performed to investigate
the ability of the ML8204 to withstand transients on
its power supply rails. All tests were performed using
the circuit shown in fig. 11 with transient voltage
pulses of the form shown in fig. 12. After each ap-
plication of a transient pulse, functionality of the de-
vice was checked by switching S1, Sz, and S3 to the
configuration shown in fig. 11.
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1
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Figure 11 : ML8204 Test Circuit (power supply transient).
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ML8204/8205

The device was tested in two ways by applying
pulses : 1) directly into the ML8204 power supply
pins, and 2) to the complete ringer circuit TIP and
RING inputs. In the first case with S1 in position "b",
a series of pulses with magnitudes (V) from 30 V up-
wards applied from the TF152 until the ML8204
falled fo operate. This was repeated for 10 devices.
The unloaded value of V at which the devices
ceased to operate varied from 84 to 88 V (Vpk). Sub-
sequently a number of devices were tested by ap-
plying 70 V pulses to each device. Instability was
noted in some devices after 100 pulse applications.
All devices ceased to function after 172to 203 pulse
applications. A further set of devices were tested
with 64 V pulses. All devices withstood 300 pulse ap-
plications without any sign of degradation. In the
second test, with switches Sz and S3 in position "b"
and S1 in position "a", 800 and 1500 V pulses were
repeatedly applied to the TIP and RING inputs of the

Figure 12 : Typical Transient Tset Waveform.

circuit. No degradation of the devices’ operation was
observed.
SINGLE TONE
ML8204/ML8205
The ML8204/ML8205 can be made to oscillate at
one or the other of its output tone frequencies f1 or
fH2. To do so, the tone frequency determining com-
ponents are connected to pins 6 and 7 as normally
done. Pin 3 is used as a control input. When pin 3
is connected to Vs, the output (pin 6) will oscillate at
the fH1 frequency. Conversely, when pin 3 is at
ground, the output will oscillate at the fu2 frequency.
The output can thus be switched between fu1 and
fH2 externally by applying a control signal to pin 3.
The low frequency oscillator may also be used sepa-
rately by connecting the frequency determining
components between pins 3 and 4 as normally
done. The output is taken from pin 4. However, this
is a fairly high impedance output.

OPERATION OF THE

1y

r———d

10us —*

vI2

vsgoov t¢=>560us
V=1500V t;=>160us

S-8886

Figure 13 : Single Tone Operating of ML8204/ML8205.
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ML8204/8205

TYPICAL APPLICATION CIRCUITS FOR USE
WITH A PIEZO-ELECTRIC TRANSDUCER

Feedback from a piezo-electric transducer can
cause spurious oscillations on the output of a
ML8204/5 tone ringer. These oscillations corrupt the
normal two-tone output and change as the ringer
switches off.

The oscillations occur because the piezo electric
transducer resonates at its characteristic frequency.
If the resonant amplitude is sufficient to pull pin 8 one
bipolar threshold below pin 5 then the tone ringer
may give a short spurious pulse.

This effect can be eliminated by using a bypass ca-
pacitor across the transducer as shown in fig. 14.
The size of this capacitor is obviously dependent on
the piezo-electric transducer used, but a value of
0.1 pF is usually sufficient.

It is possible under specific conditions for a
ML8204/5 tone ringer with a piezo-electric load to
continue oscillating after the ringing voltage stops.

The ringer can be powered by the smoothing ca-
pacitor which is across pins 1 and 5 (see fig. 14).
This causes the device to switch off slowly and since
the output frequencies shift by about a musical
semitone before oscillation stops, the output can
have an unpleasant tail-off.

To eliminate this, a simple monitor can be used
which switches the output off when ringing stops. fig.
16 shows a circuit which works with an ML8204.
When ringing voltage is applied from the line, pin 2
is held between 2 and 10 V and the device functions
normally. When ringing stops, pin 2 is pulled to
ground and the ML8204 switches off.

There is no enable on the ML8205 corresponding to
pin 2 on the ML8204. Fig. 16 shows a circuit which
does not require the enable pin. The output is
switched through an NPN transistor instead. During
ringing the base of the transistor is forward biased
and the load is enabled. When ringing stops the
transistor switches off and deactivates the load.

Figure 14 : Typical Application Circuit for Use with a Piezo-electric Transducer..

o

ML8204/5

5-8888
C6=01pF
S = Piezo-electric transducer
Other components same as figure 3
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ML8204/8205

Figure 15 : ML 8204 Circuit to Eliminate Tail-off.
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Figure 16 : ML8204/5 Circuit to eliminate Tail-off.
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ST3854

ELECTRONIC HOOK SWITCH

= ANALOG LINE INTERFACE

ON HOOK DIALING AND CALL PROGRESS

MONITORING FACILITIES

PULSE DIALING INTERFACE

CURRENT LIMITATION ON BOARD

ANTI-TINKLE (FOR PARALLEL RINGER)

RINGER INTERFACE (INCLUDING RECTI-

FIER BRIDGE)

» FRENCH D.C. CHARACTERISTIC (SELECT-
ABLE) .

= "TAKE THE LINE" COMMAND FOR SPECIAL
PHONES

= LINE CURRENT INFORMATION FOR AGC
LINEARIZATION PURPOSE

= LESS THAN 10pA LEAKAGE AT 50V

DESCRIPTION

The Electronic Hook Switch IC is designed to per-
form the high voltage analog interface function on
corded telephones equipped with "on-hook dial-
ing" or "hands-free" features, on cordless phones

BLOCK DIAGRAM

PRODUCT PREVIEW

| MULTIPOWER BCD TECHNOLOGY |

S020

or on answering machines.
The device is specially intended for use in appli-
cations controlled by microcontroller.

The high voltage switches are N-channel/D-MOS
and P-channel/Drain Extension MOS transistors
integrated in a mixed technology, Bipolar C-MOS-
DMOS at 250V ratings, BCD250.

The ringer interface is provided on board. It is de-
signed in order to avoid any circulation of current
between speech and ringer sections during op-
eration, specially in applications with common
ground, like solutions based on microcontroller.

VLREG |

Lo
ﬁ of] | sT3854 |

SW3
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CURDET’ !! ACDEC
14 17

CURRENT SPEECH +

SW3
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Vi SW1
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FRENCH DC MASK TIMER
CONTROL SW1 DRIVER

| |~ 5 HKS
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CONTROL CONTROLLER
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(*) Only for French current regulation,
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ST3854

PIN CONNECTION (Top view)

IEHKS (T} 1 20 [1TJ TKL
IHKS I 2 19 [I3J MASK
oL (I s 18 [1J Voo
EHKS (T 4 17 {IJ ACDEC
HKS (I} 5 16 [I3J V+
v- I 6 15 [1TJ TIMER
GND (T4 7 14 [T CURDET
s (1 s 13 [3J Ve
L CI4 o 12 IO lsws
VIR I} 10 11 [I3J VLREG
DI3TLO07
PINS FUNCTIONS
N° Name Description
1 IEHKS LOGIC OUTPUT (EHKS BUTTON INPUT STATUS)
Output logic signal (open drain) following the status of PLSD key (no debounced output).
EHKS button pressed IEHKS =0
EHKS button released IEHKS = 1 (open)
2 IHKS LOGIC OUTPUT (HKS SWITCH INPUT STATUS)
Output logic signal (open drain) following the status of mechanical hook-switch (no debounced
output).
HKS Key closed IHKS =0
HKS key open IHKS = 1 (open)
3 oL PULSE DIALING INPUT
Open line input signal for pulse dialing or flashing option.
4 EHKS BUTTON INPUT (ELECTRONIC HOOK SWITCH)
Input from key board, internally latched to "take the line".
5 HKS HOOK SWITCH SENSOR
Hook switch sensor operated by handset hook.
6 V™ Line NEGATIVE SPEECH BRIDGE
Output connection with negative path of the ringer rectifier bridge.
7 GND SUBSTRATE
Common reference point (substrate).
8 S PARALLEL RINGER INHIBITION IN PULSE MODE
Output connection to the third line wire (additional ringer/parallel telephone set).
9 L2 LINE WIRE
Output connection with the L2 terminal.
10 Vir POSITIVE RINGER SUPPLY VOLTAGE
11 VLREG LINE CURRENT REGULATION EXTERNAL RESISTOR INPUT
Output connection to external resistor for line current regulation (French characteristic).
12 lswa AGC CURRENT LINEARITY INFORMATION
Current information flowing in SW3 switch (for AGC speech correction with French regulation
or for other monitor of line current).
13 Ve POSITIVE SPEECH SUPPLY
Positive power supply for speech circuits.
14 CURDET | LINE CURRENT DETECTOR
Output connection with external AC decoupling capacitor and internal current detector.
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ST3854

PINS FUNCTIONS (continued)

N° Name Description
15 TIMER FRENCH CHARACTERISTIC AND FILTER CAPACITOR
Connection for external capacitor to program current limitation during Off-Hook transition time.
16 V* Line POSITIVE SPEECH BRIDGE
Output connection with positive path of ringer rectifier bridge.
17 AC DEC | AC DECOUPLING IN CURRENT REGULATION MODE
Connection for external AC decoupling capacitor.
18 Vob INTERNAL POWER SUPPLY
DC Voltage for intemal logic supply.
19 MASK CURRENT SETTING RESET
—Power down reset activated by external command after line break longer than 300ms
(to reset Off-Hook current limitating in French market).
—Pulse dialing mask to set the current limiting (French market).
20 TKL TAKE THE LINE / EHS COMMAND

External logic command, 5V, to "take the line" (for cordless and answering machines).

3/3
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ST5080A

PIAFE

PROGRAMMABLE ISDN AUDIO FRONT-END

FEATURES:

Complete CODEC and FILTER system including:

» PCM ANALOG TO DIGITAL AND DIGITAL TO
ANALOG CONVERTERS

s POWERFUL ANALOG FRONT END CA-
PABLE TO INTERFACE DIRECTLY:
- Microphone Dynamic, Piezo or Electrete
- Earpiece down to 100Q or up to 150nF
- Loudspeaker down to 50Q or Buzzer up to

600nF.

» TRANSMIT BAND-PASS FILTER

= ACTIVE RC NOISE FILTER

» RECEIVE LOW-PASS FILTER WITH SIN X/X
CORRECTION

» MU-LAW OR A-LAW SELECTABLE COM-
PANDING CODER AND DECODER

» PRECISION VOLTAGE REFERENCE

Phones Features:

= DUAL SWITCHABLE MICROPHONE AMPLI-
FIER INPUTS. GAIN PROGRAMMABLE: 15
dB RANGE, 1 dB STEP.

» LOUDSPEAKER AMPLIFIER AUXILIARY
OUTPUT. ATTENUATION PROGRAMMABLE:
30 dB RANGE, 2 dB STEP.

s SEPARATE EARPIECE AMPLIFIER OUTPUT.
ATTENUATION PROGRAMMABLE: 15 dB
RANGE, 1 dB STEP

= AUXILIARY SWITCHABLE EXTERNAL RING
INPUT (EAIN).

» TRANSIENT SUPRESSION SIGNAL DURING
POWER ON.

= INTERNAL PROGRAMMABLE SIDETONE
CIRCUIT. ATTENUATION PROGRAMMABLE:
15dB RANGE, 1 dB STEP.

= INTERNAL RING OR TONE GENERATOR IN-
CLUDING DTMF TONES, SINEWAVE OR
SQUAREWAVE WAVEFORMS. ATTENUA-
TION PROGRAMMABLE: 27 dB RANGE, 3 dB
STEP.

= COMPATIBLE WITH HANDS-FREE CIRCUIT
TEA7540.

mn ON CHIP SWITCHABLE ANTI-ACOUSTIC
FEED-BACK CIRCUIT (ANTI-LARSEN).

July 1993

ADVANCE DATA

PLCC28

ORDERING NUMBERS: ST5080FN (PLCC28)
ST5080D (S028)

General Features:

= EXTENDED TEMPERATURE RANGE OPER-
ATION (*) — 40°C TO +85°C.

EXTENDED POWER SUPPLY RANGE 5V+10%.
60 mW OPERATING POWER (TYPICAL).

1.0 mW STANDBY POWER (TYPICAL).
CMOS DIGITAL INTERFACES.

SINGLE + 5V SUPPLY.

DIGITAL LOOPBACK TEST MODE.
PROGRAMMABLE DIGITAL AND CONTROL
INTERFACES:

—Digital PCM Interface associated with sep-
arate serial Control Interface MICRO-
WIRE™ compatible.

—GCl interface compatible.

(*) Functionality guaranteed in the range — 40°C to +85°C;
Timngand Electrical Specifications are guaranteed in the range
—-25°C to +85°C.

APPLICATIONS:

= ISDN TERMINALS.

» DIGITAL TELEPHONES

x CT2 AND GSM APPLICATIONS
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ST5080A

PIN CONNECTIONS (Top view)

5028 PLCC28
1
u ' +* z << ~N
HFI CT] 1 28 [IJ EAIN ggg;ggg
A
HFe CL) 2 27 1 GND O I JJJJ
UFR+ (I] 3 26 [1J MIC 2- 4 3 2 1 28 27 26
UFR- (T] 4 25 [ vcea vee []s 25 [] vcea
vcc (I s 24 [TJ N.C. ts- [ 24 | nica
LS- (1] 6 23 [TJ MIC 1-
Ls+ C 7 22 [T MIC 1+ s+ []7 23 [] ncae
GND (O] 8 21 [M) MIC 2+ o [] 8 22 [| nicas
MS (1] 9 20 [T cs-/A3 oo [] 9 21 [] w.c.
DX 10 19 CCLK/AB
o D ns [] 18 28 [| cs-/a3
N.C. (T 11 18 [ N.C.
cosaz (O] 12 17 D Lo ox [] 11 19 [ ccLk/ne
CIsAt (1] 13 16 [TJ MCLK r1_2”£”§“§”1_s”z”£|
DR (T] 14 15 FS N V-
o a a [=] [T - -
N925T5080-64 z o o e
o o
nN915156888-82AR
BLOCK DIAGRAM
ucn
Hica- 8->15dB
us 1dB STEP
2048 DE RC scc. || pCU"IT”HDC I TRANSHIT ox
MIC1- e e /® PREFILTER | |B.P.F. auTo 2£R0 | o|REGISTER
MIC2+ : x
MIC1+ EN Ms
UOLTAGE CONTROL cs-/A3
REFERENCE GENERATOR INTERFACE co/a2
ven “NTIL“RSE"! XGref/RGref/URef PCH & GCI c1/a1
T . | CCLK/AD
® | Lov Pass — RECEIVE
FILTER bAc REGISTER bR
EN
CLOCK
sL| MCLK
$ ~RIL TONE, RING & DTMF SGYENNCEHR;DTND;E&R Fs
~_EE GENER and FILTER
+9dB
LOUDSPEAKER AMP., INTERFACE
LS+ >—<— 8->-38dB T;_"f_;":a‘ taten |7 °
2.0dB STEP 248 S1EPS
SE
) ~RTE
UFr- 0—ol I— g——o\SI <}
+4.5dB 1dB STEP SITONE ANP.
UFr+ T—<’— EARPIECE AMP. -12.5->-27.5d8B
8.0->-15dB 1dB STEP =] <=7
EAIN n915T5686-91C GNDA GND  UccA  Ucc
UCM- INTERNAL COMMON MODE VOLTAGE
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ST5080A

GENERAL DESCRIPTION

ST5080A PIAFE is a combined PCM CODEC/FIL-
TER device optimized for ISDN Terminals and Digi-
tal Telephone applications. This device is A-law
and Mu-law selectable and offers a number of pro-
grammable functions accessed through a serial
control channel.

Depending on mode selected, channel control is
provided by means of a separate serial channel
control MICROWIRE compatible or multiplexed
with the PCM voice data channel in a GCI com-
patible format requiring only 4 digital interface
pins. When separate serial control interface is se-
lected, PCM interface is compatible with Combo |
and Combo Il families of devices such as
ETC5057/54, TS5070/71.

PIAFE is built using SGS-THOMSON's advanced
HCMOS process.

Transmit section of PIAFE consists of an amplifier
with switchable high impedance inputs followed
by a programmable gain amplifier, an active RC
antialiasing pre-filter to provide attenuation of high
frequency noise, an 8th order switched capacitor
band pass transmit filter and an A-law/Mu-law se-
lectable compandig encoder.

Receive section consist of an A-law/Mu-law se-
lectable expanding decoder which reconstructs
the analog sampled data signal, a 3400 Hz low
pass filter with sin X/X correction followed by two

PIN FUNCTIONS: PLCC28 / (S028)

separate programmable attenuation blocks and
two power amplifiers: One can be used to drive
an earpiece, and the other to drive a 50 Q loud-
speaker.

Programmable functions on PIAFE include a
Ring/Tone generator which provides one or two
tones and can be directed to earpiece or to loud-
speaker or alternatively a piezo transducer up to
600nF.

A separate programmable gain amplifier allows
gain control of the signal injected. Ring/Tone gen-
erator provides sinewave or squarewave signal
with precise frequencies which may be also di-
rected to the input of the Transmit amplifier for
DTMF tone generation.

An auxiliary analog input (EAIN) is also provided
to enable for example the output of an external
band limited Ring signal to the Loudspeaker.
Transmit signal may be fed back into the receive
ampifier with a programmable attenuation to pro-
vide a sidetone circuitry.

A switchable anti-accoustic feed-back system
cancels the larsen effect in speech monitoring ap-
plication.

Two additional pins are provided for insertion of
an external Handfree function in the Loudspeaker
receive path.

An output latch controlled by register programm-
ing permits external device control.

Pin Name

Description

1,2 HFI, HFO

Hands free I/Os:

(1,2)

These two pins can be used to insert an external Handfree
circuit such as the TEA 7540 in the receive path. HFO is an
output which provides the signal issued from output of the
receive low pass filter while HFI is a high impendance input
which is connected directly to one of the inputs of the
Loudspeaker amplifier.

3,4
(3,4)

VFre, VFr-

Receive analog earpiece amplifier complementary outputs,
capable of driving load impedances between 100 and 400 Q or
a piezo up to 150nF. These outputs can drive directly earpiece
transductor. The signal at this output can drive be the summ of:
- Receive Speech signal from Dg,

- Internal Tone Generator,

- Sidetone signal.

(8)

Vce

Positive power supply input for the digital section.
+5V + 10%.

6,7
6,7)

LS-LS+

Receive analog loudspeaker amplifier complementary outputs,
intended for driving a Loudspeaker: 80 mW on 50%2 load
impedance can be provided at low distorsion meeting
specifications.

Alternatively this stage can drive a piezo transducer up to
600nF. The signal at these outputs can be the sum of:

- Receive Speech signal from Dg,

- Internal Tone generator,

- External input signal from EAIN input.
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ST5080A

PIN FUNCTIONS (continued)

Pin Name Description
10 MS Mode Select: This input selects COMBO I/ll interface mode
9) with separate MICROWIRE Control interface when tied high
and GCI mode when tied low.
11 Dx Transmit Data ouput: Data is shifted out on this pin during the
(10) assigned transmit time slots. Elsewhere Dx output is in the high

impendance state. In COMBO I/ll mode, voice data byte is
shifted out from TRISTATE output Dx at the MCLK frequency
on the rising edge of MCLK. In GC| mode, voice data byte and
control bytes are shifted out from OPEN-DRAIN output Dx at
half the MCLK. An external pull up resistor is needed.

12 N.C. No Connected.
(11)

15 Dr Receive data input: Data is shifted in during the assigned
(14) Received time slots. In the COMBO V/Il mode, voice data byte

is shifted in at the MCLK frequency on the falling edges of
MCLK. In the GCI mode, PCM data byte and contol byte are
shifted in at half the MCLK frequency on the receive rising
edges of MCLK. There is one period delay between transmit
rising edge and receive rising edge of MCLK.

16 FS Frame Sync input: This signal is a 8kHz clock which defines
(15) the start of the transmit and receive frames. Either of three
formats may be used for this signal: non delayed timing mode,
delayed timing and GCI compatible timing mode.

17 MCLK Master Clock Input: This signal is used by the switched
(16) capacitor filters and the encoder/decoder sequencing logic.
Values must be 512 kHz, 1.536 MHz, 2.048 MHz or 2.56 MHz
selected by means of Control Register CRO. MCLK is used
also to shift-in and out data. In GCl mode, 2.56 MHz and 512
kHz are not allowed.

18 LO Open drain output:

(17) a logic 1 written into DO (CR1) appears at LO pin as a logic 0
a logic 0 written into DO puts LO pin 1n high impedance.

21 N.C. No Connected.

(18,24)

22 MIC2+ Alternative positive high impedance input to transmit pre-

(21) amplifier.

23 MIC1+ Positive high impedance input to transmit pre-amplifier for

(22) microphone symetrical connection.

24 MIC1- Negative high impedance input to transmit pre-amplifier for

(23) microphone symetrical connection.

25 Vcea Positive power supply input for the analog section.

(25) +5V + 10%. Vcc and Vcca must be directly connected
together.

26 MIC2- Alternative negative high impedance input to transmit pre-

(26) amplifier.

27 GNDA Analog Ground: All analog signals are referenced to this pin.

(27) GND and GNDA must be connected together close to the
device.

28 EAIN External Auxiliary input: This input can be used to provide

(28) alternate signals to the Loudspeaker in place of Internal Ring

generator. Input signal should be voice band limited.

5/30
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ST5080A

Following pin definitions are used only when COMBO I/ll mode with separate MICROWIRE com-
patible serial control port is selected. (MS input set equal one)

PIN FUNCTIONS (continued)

Pin Name Description

13 co Control data Output: Serial control/status information is shifted

(12) out from the PIAFE on this pin when CS- is low on the falling
odges of CCLK.

14 Cl Control data Input: Serial Control information is shifted into the

(13) PIAFE on this pin when CS- is low on the rising edges of CCLK.

19 CCLK Control Clock input: This clock shifts serial control information

(19) into Cl and out from CO when the CS- input is low, depending
on the current instruction. CCLK may be asynchronous with the
other system clocks.

20 CS- Chip Select input: When this pin is low, control information is

(20) written into and out from the PIAFE via Cl and CO pins.

Following pin definitions are used only when the GCI mode is selected. (MS input set equal zero)

PIN FUNCTIONS (continued)

Pin Name Description
19,14,13,20 A0,A1,A2,A3 These pins select the address of PIAFE on GCl interface and
(19,13,12,20) must be hardwired to either Vcc or GND. A0,A1,A2,A3 refer to
C4,C5,C6,C7 bits of the first address byte respectively.

6/30
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FUNCTIONAL DESCRIPTION

Power on initialization:

When power is first applied, power on reset ci-
cuitry initializes PIAFE and puts it into the power
down state. Gain Control Registers for the various
programmable gain amplifiers and programmable
switches are initialized as indicated in the Control
Register description section. All CODEC functions
are disabled. Digital Interface is configured in GCI
mode or in COMBO I/ll mode depending on Mode
Select pin connection.

The desired selection for all programmable func-
tions may be intialized prior to a power up com-
mand using Monitor channel in GCI mode or
MICROWIRE port in COMBO I/Il mode.

Power up/down control:

Following power-on initialization, power up and
power down control may be accomplished by writ-
ing any of the control instructions listed in Table 1
into PIAFE with "P" bit set to 0 for power up or 1
for power down.

Normally, it is recommended that all programm-
able functions be initially programmed while the
device is powered down. Power state control can
then be included with the last programming in-
struction or in a separate single byte instruction.
Any of the programmable registers may also be
modified while ST5080A is powered up or down
by setting "P" bit as indicated. When power up or
down control is entered as a single byte instruc-
tion, bit 1 must be setto a 0.

When a power up command is given, all de-acti-
vated circuits are activated, but output Dx will re-
main in the high impedance state on B time slots
until the second Fs pulse after power up, even if a
B channel is selected.

Power down state:

Following a period of activity, power down state
may be reentered by writing a power down in-
struction.

Control Registers remain in their current state and
can be changed either by MICROWIRE control in-
terface or GCI control channel depending on
mode selected.

In addition to the power down instruction, detec-
tion of loss MCLK (no transition detected) auto-
matically enters the device in "reset" power down
state with Dx output in the high impedance state
and L0 in high impedance state.

Transmit section:

Transmit analog interface is designed in two
stages to enable gains up to 35 dB to be realized.
Stage 1 is a low noise differential amplifier provid-
ing 20 dB gain. A microphone may be capaci-
tevely connected to MIC1+, MIC1- inputs, while

the MIC2+ MIC2- inputs may be used to capaci-
tively connect a second microphone (for digital
handsfree operation) or an auxiliary audio circuit
such as TEA 7540 Hands-free circuit. MIC1 or
MIC2 source is selected with bit 7 of register
CR4.

Following the first stage is a programmable gain
amplifier which provides from 0 to 15 dB of addi-
tional gain in 1 dB step. The total transmit gain
should be adjusted so that, at reference point A,
see Block Diagram description, the internal 0
dBmO voltage is 0.739 V (overload level is 1.06
Vrms). Second stage amplifier can be pro-
grammed with bits 4 to 7 of CR5. To temporarily
mute the transmit input, bit TE (6 of CR4) may be
set low. In this case, the analog transmit signal is
grounded and the sidetone path is also disabled.
An active RC prefilter then precedes the 8th order
band pass switched capacitor filter. A/D converter
has a compressing characteristic according to
CCITT A or mu255 coding laws, which must be
selected by setting bits MA, IA in register CRO. A
precision on chip voltage reference ensures ac-
curate and highly stable transmission levels.

Any offset voltage arising in the gain-set amplifier,
the filters or the comparator is cancelled by an in-
ternal autozero circuit.

Each encode cycle begins immediatly at the be-
ginning of the selected Transmit time slot. The
total signal delay referenced to the start of the
time slot is approximatively 195 ps (due to the
transmit filter) plus 123 ps (due to encoding
delay), which totals 320 us. Voice data is shifted
out on Dx during the selected time slot on the
transmit rising adges of MCLK.

Receive section:

Voice Data is shifted into the decoder’s Receive
voice data Register via the Dr pin during the se-
lected time slot on the 8 receive edges of MCLK.
The decoder consists of an expanding DAC with
either A or MU255 law decoding characteristic
which is selected by the same control instruction
used to select the Encode law during intitializa-
tion. Following the Decoder is a 3400 Hz 6th
order low pass switched capacitor filter with inte-
gral Sin X/X correction for the 8 kHz sample and
hold.

0 dBmO voltage at this (B) reference point (see
Block Diagram description) is 0.49 Vrms. A trans-
cient suppressing circuitry ensure interference
noise suppression at power up.

The analog speech signal output can be routed
either to earpiece (VFRr+, VFR- outputs) or to loud-
speaker (LS+, LS- outputs) by setting bits SL and
SE (1 and 0 of CR4).

Total signal delay is approximatively 190 ps (filter
plus decoding delay) plus 62.5 us (1/2 frame)
which gives approximatively 252 us.

Lyg S5s-THOMSON 7/30
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Differential outputs VFRr+,VFR- are intended to di-
rectly drive an earpiece. Preceding the outputs is
a programmable attenuation amplifier, which must
be set by writing to bits 4 to 7 in register CR6. At-
tenuations in the range 0 to -15 dB relative to the
maximum level in 1 dB step can be programmed.
The input of this programmable amplifier is the
summ of several signals which can be selected
by writing to register CR4.:

- Receive speech signal which has been
decoded and filtered,

- Internally generated tone signal, (Tone ampli-
tude is programmed with bits 4 to 7 of register
CR7),

- Sidetone signal, the amplitude of which is pro-
grammed with bits 0 to 3 of register CR5

VrR+ and VFR- outputs are capable of driving output
power level up to 14mW into differentially con-
nected load impedance between 100 and 400 Q.

Differential outputs LS+,LS- are intended to di-
rectly drive a Loudspeaker. Preceding the outputs
is a programmable attenuation amplifier, which
must be set by writing to bits 0 to 3 in register
CR6. Attenuations in the range 0 to -30 dB
relative to the maximum level in 2.0 dB step can
be programmed. The input of this programmable
amplifier can be the summ of signals which can
be selected by writing to register CR4:

- Receive speech signal which has been
decoded and filtered,

- Internally generated tone signal, (Tone ampli-
tude is programmed with bits 4 to 7 of register
CR7),

- EAIN input which may be an alternate Ring
signal or any voice frequency band limited
signal. (An external decoupling capacitor of
about 0.1puF is necessary).

Receive voice signal may be directed to output
HFO by means of bit HFE in Register CR4. After
processing, signal must be re-entered through
input HFI to Loudspeaker amplifier input. (An ex-
ternal decoupling capacitor of about 0.1uF is
necessary).

LS+ and LS- outputs are capable of driving output
power level up to 80 mW into 50 Q differentially
connected load impedance at low distortion meet-
ing PCM channel specifications. When the signal
source is a Ring squarewave signal, power levels
up to approximatively 200 mW can be delivered.

Anti-acoustic feed-back for loudspeaker to hand-
set microphone loop with squelch effect: on chip
switchable anti-larsen for loudspeaker to handset
microphone feedback is implemented. A 12dB
depth gain control on both transmit and receive
path is provided to keep constant the loop gain.
On the transmit path the 12dB gain control is pro-
vided starting from the CR5 transmit gain defini-
tion; at the same time, on the receive path the

8/80 Lyg SGS:THOMSON

12dB gain control is provided starting from CR6
receive gain definition.

Digital and Control Interface:

PIAFE provides a choice of either of two types of
Digital Interface for both control data and PCM.
For compatibility with systems which use time slot
oriented PCM busses with a separate Control In-
terface, as used on COMBO /Il families of de-
vices, PIAFE functions are described in next sec-
tion.

Alternatively, for systems in which PCM and con-
trol data are multiplexed together using GCl inter-
face scheme, PIAFE functions are described in
the section following the next one.

PIAFE will automatically switch to one of these
two types of interface by sensing the MS pin.

Due to Line Transceiver clock recovery circuitry, a
low jitter may be provided on Fs and MCLK
clocks. Fs and MCLK must be always in phase.
For ST5421S Transceiver, as an example, maxi-
mun value of jitter amplitude is a step of 65 ns at
each GCI frame (125ps). So, the maximum jitter
amplitude is 130 ns pk-pk.

COMBO I/ll mode.

Digital Interface (Fig. 1)

Fs Frame Sync input determines the beginning of
frame. It may have any duration from a single
cycle of MCLK to a squarewave. Two different re-
lationships may be established between the
Frame Sync input and the first time slot of frame
by setting bit 3 in register CR0. Non delayed data
mode is similar to long frame timing on ETC5057/
TS5070 series of devices (COMBO | and
COMBO I respectively): first time slot begins
nominally coincident with the rising edge of Fs.
Alternative is to use delayed data mode, which is
similar to short frame sync timing on COMBO | or
COMBO I, in which Fs input must be high at least
a half cycle of MCLK earlier the frame beginning.
A time slot assignment circuit on chip may be
used with both timing modes, allowing connection
to one of the two B1 and B2 voice data channels.

Two data formats are available: in Format 1, time
slot B1 corresponds to the 8 MCLK cycles follow-
ing immediately the rising edge of FS, while time
slot B2 corresponds to the 8 MCLK cycles follow-
ing immediately time slot B1.

In Format 2, time slot B1 is identical to Format 1.
Time slot B2 appears two bit slots after time slot
B1. This two bits space is left available for inser-
tion of the D channel data.

Data format is selected by bit FF (2) in register
CRO. Time slot B1 or B2 is selected by bit TO (0)
in Control Register CR1.

Bit EN (2) in control register CR1 enables or dis-
ables the voice data transfer on Dx and Dr as
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Figure 1: Digital Interface Format
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appropriate. During the assigned time slot, Dx
output shifts data out from the voice data register
on the rising edges of MCLK. Serial voice data is
shifted into Dg input during the same time slot on
the falling edges of MCLK.

Dx is in the high impedance Tristate condition
when in the non selected time slots.

Control Interface:

Control information or data is written into or read-
back from PIAFE via the serial control port con-
sisting of control clock CCLK, serial data input CI
and output CO, and Chip Select input, CS-. All

control instructions require 2 bytes as listed in
Table 1, with the exception of a single byte
power-up/down command.

To shift control data into ST5080A, CCLK must
be pulsed high 8 times while CS- is low. Data on
Cl input is shifted into the serial input register on
the rising edge of each CCLK pulse. After all data
is shifted in, the content of the input shift register
is decoded, and may indicate that a 2nd byte of
control data will follow. This second byte may
either be defined by a second byte-wide CS-
pulse or may follow the first contiguously, i.e. it is
not mandatory for CS- to return high in between

Ly7 SGs:THOMSON 9/30

MICROELECTRONICS

201



ST5080A

the first and second control bytes. At the end of
the 2nd control byte, data is loaded into the ap-
propriate programmable register. CS- must return
high at the end of the 2nd byte.

To read-back status information from PIAFE, the
first byte of the appropriate instruction is strobed
in during the first CS- pulse, as defined in Table
1. CS- must be set low for a further 8 CCLK
cycles, during which data is shifted out of the CO
pin on the falling edges of CCLK.

When CS- is high, CO pin is in the high imped-
ance Tri-state, enabling CO pins of several de-
vices to be multiplexed together.

Thus, to summarise, 2 byte READ and WRITE in-
structions may use either two 8-bit wide CS-
pulses or a single 16 bit wide CS- pulse.

Control channel access to PCM interface:

It is possible to access the B channel previously
selected in Register CR1.

A byte written into Control Register CR3 will be
automatically transmitted from Dx output in the
following frame in place of the transmit PCM data.
A byte written into Control Register CR2 will be
automatically sent through the receive path to the
Receive amplifiers.

In order to implement a continuous data flow from
the Control MICROWIRE interface to a B chan-
nel, it is necessary to send the control byte on
each PCM frame.

A current byte received on Dr input can be read
in the register CR2. In order to implement a con-
tinuous data flow from a B channel to MICRO-
WIRE interface, it is necessary to read register
CR2 at each PCM frame.

GCI COMPATIBLE MODE

GCl interface is an European standardized inter-
face to connect ISDN dedicated components in
the different configurations of equipment as Ter-
minals, Network Terminations, PBX, etc...

In a Terminal equipment, this interface called
SCIT for Special Circuit Interface for Terminals
allows for example connection between:

- 8T5421 (SID-GCI) and ST5451 (HDLC/GCI
controller) used for 16 kbit/s D channel packet
frames processing and SID control,

- Peripheral devices connected to a 64 kbit/s B
channel and ST5451 used for GCI peripheral
control.

ST5080A may be assigned to one of the B chan-
nels present on the GCI interface and is moni-
tored via a control channel which is multiplexed
with the 64 kbit/s Voice Data channels.

Figure 2 shows the frame structure at the GCI in-
terface. Two 256 kbit/s channel are supported.
a)GCl channel 0: It is structured in four sub-
channels:

10/%0 L7 S5s-THOMSON

—B1 channel 8 bits per frame
—B2 channel 8 bits per frame
—M channel 8 bits per frame ignored by PIAFE
—SC channel 8 bits per frame ignored by
PIAFE
Only B1 or B2 channel can be selected in
PIAFE for PCM data transfer.

b)GCI channel 1: It is structured also in four
subchannels:
—B1* channel 8 bits per frame
—B2* channel 8 bits per frame
—M* channel 8 bits per frame
—SC* which is structured as follows:
6 bits ignored by PIAFE
A* bit associated with M* channel
E* bit associated with M* channel.
B1* or B2* channel can be selected in PIAFE
for PCM data transfer.
M* channel and two associated bits E* and A*
are used for PIAFE control.

Thus, to summarize, B1, B2, B1* or B2* channel
can be selected to transmit PCM data and M*
channel is used to read/write status/command pe-
ripheral device registers. Protocol for byte ex-
change on the M* channel uses E* and A* bits.

Physical Interface
The interface is physically constitued with 4 wires:

Input Data wire: Dr
Output Data wire: Dx
Bit Clock: MCLK

Frame Synchronization: Fs

Data is synchronized by MCLK and Fs clock in-
puts.

Fs insures reinitialization of time slot counter at
each frame beginning. The rising edge or FS is
the reference time for the first GCI channel bit.
Data is transmitted in both directions at half the
MCLK input frequency. Data is transmitted on the
the rising edge of MCLK and is sampled one
period after the transmit rising edge, also on a ris-
ing edge.

Note: Transmit data may be sampled by far-end
device ie SID ST5421 on the falling edge 1.5
period after the transmit risihg edge.

Unused channel are high impedance. Data out-
puts are OPEN-DRAIN and need an external pull
up resistor.

COMBO activation/deactivation

ST5080A is automatically set in power down
mode when GClI clocks are idle. GCI section is re-
activated when GCI clocks are detected. PIAFE is
completly reactivated after receiving of a power
up command.
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Exchange protocol on M* channel

Protocol allows a bidirectional transfer of bytes
between ST5080A and GCI controller with ac-
knowledgment at each received byte. For PIAFE,
standard protocol is simplified to provide read or
write register cycles almost identical to MICRO-
WIRE serial interface.

Write cycle
Control Unit sends through the GCI controller fol-
lowing bytes:

- First byte is the chip select byte. The first four
bits indicate  the device address:
(A3,A2,A1,A0). The four last bits are ignored.
ST5080A compare the validated byte re-
ceived internally with the address defined by
pins A3, A2, A1, AO. If comparison is true,
byte is acknowledged, if not, ST5080A does
not acknowledge the byte.

NOTE: An internal "message in progress" flag re-
mains active till the end of the complete message
transmission to avoid irrelevant acknowledgement
of any further byte.

- Second byte is structured as defined in
Table 1.

- Third byte is the Data byte to write into the
Register as indicated in Table 1.

It is possible but optional to write to several differ-
ent registers in a single message. In this case the
Chip Select byte is sent only once at the begin-
ning of the message, the device automatically
toggles between address byte and data byte.

Read cycle

Control Unit sends two bytes. First byte is the
chip select byte as defined above. Second byte is
structured as defined in Table 1.

If PIAFE identifies a read-back cycle, bit 2 of byte
1in Table 1 equal 1, it has to respond to the Con-
trol Unit by sending a single byte message which
is the content of the addressed register.

It is possible but optional to request several differ-
ent read-back register cycles in a single message
but it is recommended to wait the answer before
requesting a new read back to avoid loss of data.
ST5080A responds by sending a single data byte
message at each request.

Received byte validation:
A received byte is validated if it is detected two
consecutive times identical.

Exchange Protocol:

Exchange protocol is identical for both directions.
Sender uses E* bit to indicate that it is sending a
M* byte while receiver uses A* bit to acknowledge
received byte.

When no message is transferred, E* bit and A* bit
are forced to inactive state.

A transmission is initialized by sender putting E*
bit from inactive state to active state and by send-
ing first byte on M* channel in the same frame.
Transmission of a message is allowed only if A*
bit from the receiver has been set inactive for at
least two frames.

When receiver is ready, it validates the received
byte internally when received in two consecutive
frames identical. Then the receiver sets first A* bit
from inactive to active state (pre-acknow-
legement), and maintains A* bit active at least in
the following frame (acknowledgement). If valida-
tion is not possible, (two last bytes received are
not identical), receiver aborts the message setting
A” bit active for only a single frame.

For the first byte received, Abort sequence is not
allowed. PIAFE does not respond either if two last
bytes are not identical or if the byte received does
not meet the Chip Select byte defined by A0-A3
pins bias.

A second byte may be transmitted by the sender
putting E* bit from active to inactive state and
sending the second byte on the M* channel in the
same frame. E* bit is set inactive for only one
frame. If it remains inactive more than one frame,
it is an end of message (i.e. not second byte
available).

The second byte may be transmitted only after re-
ceiving the pre-acknowledgment of the previous
byte transmitted (see Fig. 3). The same protocol
is used if a third byte is transmitted. Each byte
has to be transmitted at least in two consecutive
frames.

The receiver validates current received byte as
done on first byte and then set A* bit in the next
two frames first from active to inactive state (pre-
acknowledgement), and after from inactive to ac-
tive state (acknowledgement). If the receiver can-
not validate the received current byte (two bytes
received are not identical), it pre-acknowledges
normally, but let A* bit in the inactive state in the
next frame which indicates an abort request.

If a message sent by ST5080A is aborted, it will
stop the message and wait for a new read cycle
instruction from the controller.

A message received by ST5080A is acknow-
ledged or aborted without flow Control.

Figures 3 gives timing of a write cycle. Most signi-
ficant bit (MSB) of a Monitor byte is sent first on
M* channel.

E* and A* bits are active low and inactive state on
DOUT is high impedance.
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Figure 3: E and A bits Timing
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PROGRAMMABLE FUNCTIONS

For both formats of Digital Interface, programm-
able functions are configured by writing to a num-
ber of registers using a 2-byte write cycle (not in-
" cluding chip select byte in GCI).

Table 1: Programmable Register Intructions

Most of these registers can also be read-back for
verification. Byte one is always register address,
while byte two is Data.

Table 1 lists the register set and their respective
adresses.

Function Address byte Data byte
4

Single byte Power up/down none
Write CRO see CRO TABLE 2
Read-back CRO see CRO
Write CR1 see CR1 TABLE 3
Read-back CR1 see CR1
Write Data to receive path see CR2 TABLE 4
Read data from Dr see CR2

Write Data to Dx

see CR3 TABLE 5

©w|v|Vv|D|D|O|O|(D|D|(V|TV|TV|D|DV|TV|OV|T|OV|OV|T|D|N

a|lala|lma]lr|lo|lo|lojo|lo|jo|lo|jlo|o|o|o o oo |o | X |o»

olojojlo|jo|=|=|=|=]|=|=|m|=|OjO0|lO0|JO|O|O|O|X |0
ol|l=|=lolo|= |~ |lo|lo|= |~ |Oo|JlO|=|O0|O|=|=|O|O |X |®w
o|l=|o|=|lo|l=|Ool=|O|=|Oo|=|OjlOo|=|O|=|O|= |O |X|N
alalajalalalalalalalalalalalalmla |2l ]lo |~
NAX X XX |IX XXX XX XX XX |X|X[X[X]|X]|X]|O

X
0
0
0
0
1
1
1
Write CR4 0 see CR4 TABLE 6
Read-back CR4 0 see CR4
Write CR5 0 see CR5 TABLE 7
Read-back CR5 0 see CR5
Write CR6 1 see CR6 TABLE 8
Read-back CR6 1 see CR6
Write CR7 1 see CR7 TABLE 9
Read-back CR7 1 see CR7
Write CR8 0 see CR8 TABLE 10
Read-back CR8 0 see CR8
Write CR9 0 see CR9 TABLE 11
Read-back CR9 -0 see CR9
Write Test Register CR10 1 reserved
NOTE 1. bit 7 of the address byte and data byte i1s always the first bit clocked into or out from Cl and CO pins when MICROWIRE senal

port 1s enabled, or into and out from Da and Dx pins when GCI mode selected.

X = reserved: wnte 0

NOTE 2. "P" bit 1s Power up/down Control bit P = 1 Means Power Down
Bit 1 indicates, If set, the presence of a second byte.
NOTE 3. Bit 2 1s wnte/read select bit.

"_ SGS-THOMSON
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Table 2: Control Register CRO Functions

MA | 1A

DN

FF

B7

DL

Function

~ 00

- O0O—=0

MCLK =512 kHz

MCLK = 1.536 MHz
MCLK = 2.048 MHz
MCLK = 2.560 MHz

(1

(1)

Select MU-255 law
A-law including even bit inversion
A-law: No bit inversion

Delayed data timing
Non delayed data timing

(1)
(1)

-

B1 and B2 consecutive
B1 and B2 separated

(1)
)

-

8 bits time-slot
7 bits time-slot

-

Normal operation
Digital Loop-back

(1):

Table 3: Control Register CR1 Functions

state at power on nitialization

significant in COMBO 1/l mode only

7

6

5 4

HFE

ALE

DO | MR

MX

EN

T1

T0

Function

-

HFO / HFI pins disabled
HFO / HFi pins enabled

Anti-larsen disabled
Anti-larsen enabled

-

LO latch 1s put in high impedance
LO latch setto 0

Drg connected to rec. path
CR2 connected to rec. path

(1)
(1)

-

Trans path connected to Dx
CR3 connected to Dx

(1)
1)

-

voice data transfer disable
voice data transfer enable

200

-0-=+0

B1 channel selected
B2 channel selected
B1* channel selected
B2* channel selected

(2)
2

(1)
(2):

14/30

state at power on nitialization
significant in COMBO 1/ 1l mode only

significant in GCI mode only

206

[7_ SGS-THOMSON

MICROELECTRONICS




ST5080A

Table 4: Control Register CR2 Functions

7 6 5 4 3 2 1 0

d7 | d6 | d5 | d4 | d3 | d2 | d1 | dO

Function

msb Isb

Data sent to Recelve path or Data received from Dg input

Table 5: Control Registers CR3 Functions

7 6 5 4 3 2 1 0

d7 [ d6 | d5 | d4 | d3 | d2 | d1 | dO

Function

msb Isb

Dx data transmitted

Table 6: Control Register CR4 Functions

7 6 S 4 3 2 1 0

VS | TE | SI | EE |RTL|RTE| SL | SE

Function

—_

MIC1 selected
MIC2 selected

-

Transmit input muted
Transmit input enabled

—_

Internal sidetone disabled
Internal sidetone enabled

-

EAIN disconnected
EAIN selected to Loudspeaker

aa00
—_Oo =0

Ring / Tone muted

Ring / Tone to Earpiece

Ring / Tone to Loudspeaker

Ring / Tone to Earplece and Loudspeaker

~a400
2020

Receive signal muted

Recelve signal connected to earpiece amplifer
Receive signal connected to loudspeaker amplifier
Receive signal connected to loudspeaker and
earpiece amplifier

state at power on imtialization

‘;I' SGS-THOMSON
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Table 7: Control Register CR5 Functions

7
l § | 5 I 4 3 I 2 I ! [ 0 Function
Transmit amplifier Sidetone amplifier
0 0 0 0 0dB gan
0 0 0 1 1dB gain
- - - - in 1 dB step
1 1 1 1 15 dB gain
0 0 0 0 (-12.5dBgain
0 0 0 1 |-13.5dBgan
- - - - In 1 dB step
1 1 1 1 |[-27.5dB gain
* state at power on imitialization
Table 8: Control Register CR6 Functions
7 l 5 I 5 ‘ 4 3 l 2 l ! ‘ 0 Function
Earpiece ampifier Loudspeaker
0 0 0 0 0dB gain
0 0 0 1 -1dB gain
- - - - in 1.dB step
1 1 1 1 -15 dB gain
o] 0 0 0 |0dBgan
0 0 0 1 |-2dBgan
- - - - |in2dB step
1 1 1 1 |-30dB gain
* state at power on initialization
16/30 (37 SGS-THOMSON
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Table 9: Control Register CR7 Functions

7 el s]aflasl2]1]o0 Function
Tone gain F1 | F2 | SN | DE Attenuation 1 Vpp f2Vpp
0 0 0 0 0odB * 2.4 (1) 19(1)
0 0 0 1 -3dB 1.70 1.34
0 0 1 0 - -6dB 1.20 0.95
0 0 1 1 -9dB 0.85 0.67
0 1 0 0 -12dB 0.60 0.47
0 1 0 1 -15dB 0.43 0.34
0 1 1 0 -18dB 0.30 0.24
0 1 1 1 -21.dB 0.21 0.17
1 X X 0 -24 dB 0.15 0.12
1 X X 1 -27 dB 0.10 0.08
0 0 f1 and f2 muted .
0 1 f2 selected
1 0 f1 selected
1 1 f1 and f2 1n summed mode
0 Squarewave signal selected .
1 Sinewave signal selected
0 |Normal operation ‘
1 |Tone/ Ring Generator connected to
Transmit path

ay

state at power on initiahization

value provided if f1 or {2 1s selected alone

if {1 and {2 are selected in the summed mode, f1=1 34 Vy, while 2=1 06 Vyp

Output generator1s 2 4 Vpp

reserved wnte 0

Table 10: Control Register CR8 Functions

7 6 5 4 3 2 1 0 .
Function
f17 | f16 | f15 [ f14 [ 113 | f12 | f11 | {10
msb Isb | Binary equivalent of the decimal number used to calculate f1

Table 11: Control Register CR9 Functions

7 6 5 4 3 2 1 0 .
Function
f27 | 26 | 25 | f24 | 123 | {22 | f21 | {20
msb Isb |Binary equivalent of the decimal number used to calculate f2
17/30
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CONTROL REGISTER CRO

First byte of a READ or a WRITE instruction to
Control Register CRO is as shown in TABLE 1.
Second byte is as shown in TABLE 2.

Master Clock Frequency Selection

A master clock must be provided to PIAFE for
operation of filter and coding/decoding functions.
In COMBO /Il mode, MCLK frequency can be
either 512 kHz, 1.536 MHz, 2.048 MHz or 2.56
MHz.

Bit F1 (7) and FO (6) must be set during initializa-
tion to select the correct internal divider.

In GCI mode, MCLK must be either 1.536MHz or

2.048MHz.

512KHz and 2.56MHz are not allowed.

Default value is 1.536 MHz for both modes.

Any clock different from the default one must be
selected prior a Power-Up instruction for both
modes.

Coding Law Selection

Bits MA (5) and IA (4) permit selection of Mu-255
law or A law coding with or without even bit inver-
sion.

After power on initialization, the Mu-255 law is se-
lected.

Mu 255 law True ﬁ“llaevrvs?::n bit A law viv'::lhec:g::en bit
msb Isb | msb Isb | msh Isb
Vin = + full scale 1]1]0(ojJofojo|ofo|1fo|t1]|Of1|O|1 O (1|1 |1 f{1]1]1]1
Vin= 0V 1t {1f{1|{1(1)1f(1|1f{t1joftjoftjoft1|1fojofojofojofo
of(t1]1f1]1[1)1[1]of1]ofj1]|of1]ofj1]|o[o|ofOo|OfO]O]O
Vin = - full scale o|lojofo)jofojo|jo|jojoft1]jo|t|O|1|fOojO|1 |1 |1 [1|1]1][1

MSB is always the first PCM bit shifted in or out of PIAFE.

Digital Interface timing

Bit DN=0 (3) selects digital interface in delayed
timing mode while DN=1 selects non delayed
data timing.

In GCI mode, bit DN is not significant.

After reset and if COMBO I/l mode is selected,
delayed data timing is selected.

Digital Interface format

Bit FF=0 (2) selects digital interface in Format 1
where B1 and B2 channel are consecutive. FF=1
selects Format 2 where B1 and B2 channel are
separated by two bits. (see digital interface format
section).

In GCI mode, bit FF is not significant.

56+8 selection

Bit 'B7' (1) selects capability for PIAFE to take
into account only the seven most significant bits
of the PCM data byte selected.

When 'B7’ is set, the LSB bit on Dr is ignored and
LSB bit on Dx is high impedance. This function
allows connection of an external "in band" data
generator directly connected on the Digital Inter-
face.

Digital loopback

Digital loopback mode is entered by setting DL
bit(0) equal 1.

In Digital Loopback mode, data written into Re-
ceive PCM Data Register from the selected re-
ceived time-slot is read-back from that Register in

&y
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the selected transmit time-slot on Dx. Time slot is
selected with Register CR1.

No PCM decoding or encoding takes place in this
mode. Transmit and Receive amplifier stages are
muted.

CONTROL REGISTER CR1

First byte of a READ or a WRITE instruction to
Control Register CR1 is as shown in TABLE 1.
Second byte is as shown in TABLE 3.

Hands-free 1/0Os selection

Bit HFE set to one enables HFI, HFO pins for
connection of an external handfree circuit such as
TEA 7540. HFO is an analog output that provides
the receive voice signal. 0 dBMO level on that
output is 0.491 Vrms (1.4Vpp). HFI is an analog
high impedance input (10 KQ typ.) intended to
send back the processed receive signal to the
Loudspeaker. 0 dBMO level on that input is
0.491Vrms.

Anti-larsen selection
Bit ALE set to one enables on-chip antilarsen and
squelch effect system.

Latch output control
Bit DO controls directly logical status of latch out-
put LO: ie, a "ZERO" written in bit DO puts output
LO in high impedance, a "ONE" written in bit DO
sets output LO to zero.




ST5080A

Microwire access to B channel on receive
path

Bit MR (4) selects access from MICROWIRE
Register CR2 to Receive path. When bit MR is
set high, data written to register CR2 is decoded
each frame, sent to the receive path and data
input at Dr is ignored.

In the other direction, current PCM data input re-
ceived at DR can be read from register CR2 each
frame.

Microwire access to B channel on transmit
path

Bit MX (3) selects access from MICROWIRE write
only Register CR3 to Dx output. When bit MX is
set high, data written to CR3 is output at Dx every
frame and the output of PCM encoder is ignored.

B channel selection

Bit 'EN’ (2) enables or disables voice data trans-
fer on Dx and Dg pins. When disabled, PCM data
from DR is not decoded and PCM time-slots are
high impedance on Dx.

In GCI mode, bits 'T1’' (1) and 'TO’ (0) select one
of the four channels of the GCl interface.

In COMBO I/l mode, only B1 or B2 channel can
be selected according to the interface format se-
lected. Bit 'T1’ is ignored.

CONTROL REGISTER CR2

Data sent to receive path or data received from
Dr input. Refer to bit MR(4) in "Control Register
CR1" paragraph.

CONTROL REGISTER CR3
Dx data transmitted. Refer to bit MX(3) in "Control
Rgister CR1" paragraph.

CONTROL REGISTER CR4

First byte of a READ or a WRITE instruction to
Control Register CR4 is as shown in TABLE 1.
Second byte is as shown in TABLE 6.

Transmit Input Selection

MIC1 or MIC2 source is selected with bit VS (7).
Transmit input selected can be enabled or muted
with bit TE (6).

Transmit gain can be adjusted within a 15 dB
range in 1 dB step with Register CR5.

Sidetone select

Bit "SI" (5) enables or disables Sidetone circuitry.
When enabled, sidetone gain can be adjusted
with Register (CR5). When Transmit path is dis-
abled, bit TE set low, sidetone circuit is also dis-
abled.

External Auxiliary signal select
Bit "EE" (4) set to one connects EAIN input to the

loudspeaker amplifier input.

Ring/Tone signal routing

Bits "RTL" (3) and RTE (2) provide select capa-
bility to connect on-chip Ring/Tone generator
either to loudspeaker amplifier input or to ear-
piece amplifier input or both.

PCM receive data routing

Bits "SL" (1) and "SE" (0) provide select capability
to connect received speech signal either to Loud-
speaker amplifier input or to earpiece amplifier
input or both.

CONTROL REGISTER CR5

First byte of a READ or a WRITE instuction to
Control Register CR5 is as shown in TABLE 1.
Second byte is as shown in TABLE 7.

Transmit gain selection

Transmit amplifier can be programmed for a gain
from 0dB to 15dB in 1dB step with bits 4 to 7.

0 dBmO level at the output of the transmit ampli-
fier (A reference point) is 0.739 Vrms (overload
voltage is 1.06 Vrms).

Sidetone attenuation selection

Transmit signal picked up after the switched ca-
pacitor low pass filter may be fed back into the
Receive Earpiece amplifier.

Attenuation of the signal at the output of the
sidetone attenuator can be programmed from
—12.5dB to -27.5dB relative to reference point
Ain 1 dB step with bits 0 to 3.

CONTROL REGISTER CR6

First byte of a READ or a WRITE instruction to
Control Register CR6 is as shown in TABLE 1.
Second byte is as shown in TABLE 8.

Earpiece amplifier gain selection:

Earpiece Receive gain can be programmed in 1
dB step from 0 dB to -15 dB relative to the maxi-
mum with bits 4 to 7.

0 dBmO voltage at the output of the amplifier on
pins Ver. and Ve is then 824.5 mVrms when
0dB gain is selected down to 146.6 mVrms
when —15 dB gain is selected.

Loudspeaker amplifier gain selection:
Loudspeaker Receive amplifier gain can be pro-
grammed in 2 dB step from 0 dB to -30 dB
relative to the maximum with bits 0 to 3.

0 dBmO voltage on the output of the amplifier on
pins LS+ and LS- on 50 Q is then 1.384 Vrms
(3.91Vpp) when 0 dB gain is selected down to
43.7 mVrms (123.6mVpp) when -30 dB gain is se-
lected.

L7 SGs-THOMSON 19/30
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Current limitation is approximatively 150 mApk.

CONTROL REGISTER CR7:

First byte of a READ or a WRITE instruction to
Control Register CR7 is as shown in TABLE 1.
Second byte is as shown in TABLE 9.

Tone/Ring amplifier gain selection

Output level of Ring/Tone generator, before atte-
nuation by programmable attenuator is 2.4 Vpk-
pk when f1 generator is selected alone or
summed with the f2 generator and 1.9 Vpk-pk
when 2 generator is selected alone.

Selected output level can be attenuated down to
-27 dB by programmable attenutator by setting
bits 4 to 7.

Frequency mode selection

Bits 'F1’ (3) and 'F2’ (2) permit selection of f1
and/or f2 frequency generator according to
TABLE 9.

When f1 (or f2) is selected, output of the
Ring/Tone is a squarewave (or a sinewave) signal
at the frequency selected in the CR8 (or CR9)
Register.

When f1 and 2 are selected in summed mode,
output of the Ring/Tone generator is a signal
where f1 and f2 frequency are summed.

In order to meet DTMF specifications, f2 output
level is attenuated by 2dB relative to the f1 output
level.

Frequency temporization must be controlled by the

20/%0 L37 SGS:THOMSON

microcontroller.

Waveform selection

Bit 'SN’ (1) selects waveform of the output of the
Ring/Tone generator. Sinewave or squarewave
signal can be selected.

DTMF selection

Bit DE (0) permits connection of Ring/Tone/DTMF
generator on the Transmit Data path instead of
the Transmit Amplifier output. Earpiece feed-back
may be provided by sidetone circuitry by setting
bit Sl or directly by setting bit RTE in Register
CRA4. Loudspeaker feed-back may be provided di-
rectly by setting bit RTL in Register CR4.

CONTROL REGISTERS CR8 AND CR9
First byte of a READ or a WRITE instruction to
Control Register CR8 or CR9 is as shown in
TABLE 1. Second byte is respectively as shown
in TABLE 10 and 11.
Tone or Ring signal frequency value is defined by
the formula:

f1 =CR8/0.128 Hz
and

f2=CR9/0.128 Hz

where CR8 and CR9 are decimal equivalents of
the binary values of the CR8 and CR9 registers
respectively. Thus, any frequency between 7.8 Hz
and 1992 Hz may be selected in 7.8 Hz step.
TABLE 12 gives examples for the main frequen-
cies usual for Tone or Ring generation.

MICROELECTRONICS
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Table 12: Examples of Usual Frequency Selection

Description f1 value (decimal) Theoric value (Hz) Typical value (Hz) Error %
Tone 250 Hz 32 250 250 .00
Tone 330 Hz 42 330 328.2 -.56
Tone 425 Hz 54 425 421.9 -.73
Tone 440 Hz 56 440 437.5 -.56
Tone 800 Hz 102 800 796.9 -39
Tone 1330 Hz 170 1330 1328.1 -.14
DTMF 697 Hz 89 697 695.3 -.24
DTMF 770 Hz 99 770 773.4 +.44
DTMF 852 Hz 109 852 851.6 -.05
DTMF 941 Hz 120 941 937.5 -.37
DTMF 1209 Hz 155 1209 1210.9 +.16
DTMF 1336 Hz 171 1336 1335.9 -.01
DTMF 1477 Hz 189 1477 1476.6 .00
DTMF 1633 Hz 209 1633 1632.8 .00
SOL 50 392 390.6 -.30
LA 56 440 437.5 -.56
Sl 63 494 492.2 -.34
DO 67 523.25 523.5 +.04
RE 75 587.33 586.0 -.23
M flat 80 622.25 625.0 +.45
MI 84 659.25 656.3 -.45
FA 89 698.5 695.3 —.45
FA sharp 95 740 742.2 +.30
SOL 100 784 781.3 -.34
SOL sharp 106 830.6 828.2 -.29
LA 113 880 882.9 +.33
Sl 126 987.8 984.4 -.34
DO 134 1046.5 1046.9 +.04
RE 150 1174.66 1171.9 -.23
MI 169 1318.5 1320.4 +.14

POWER SUPPLIES used.

While pins of PIAFE device are well protected
against electrical misuse, it is recommended that
the standard CMOS practise of applying GND be-
fore any other connections are made should al-
ways be followed. In applications where the
printed circuit card may be plugged into a hot
socket with power and clocks already present, an
extra long ground pin on the connector should be

To minimize noise sources, all ground connec-
tions to each device should meet at a common
point as close as possible to the GND pin in order
to prevent the interaction of ground return current-
s flowing through a common bus impedance. A
power supply decoupling capacitor of 0.1 pF
should be connected from this common point to
Vcc as close as possible to the device pins.

<7}
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TIMING DIAGRAM

Non Delayed Data Timing Mode
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TIMING DIAGRAM (continued)

GCI Timing Mode
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ABSOLUTE MAXIMUM RATINGS

Parameter Value Unit

Vce to GND 7 \
Current at Vmic (Vcc £5.5V) +50 mA
Current at Vrxo and LS + 100 mA
Current at any digital output + 50 mA
Voltage at any digital input (Vcc < 5.5V); limited at + 50mA Vec+ 1to GND - 1 \
Storage temperature range - 65to + 150 °C
Lead Temperature (wave soldering, 10s) + 260 °C

TIMING SPECIFICATIONS (unless otherwise specified, Vcc = 5V + 10%, Ta = —25°C to 85°C ;

typical characteristics are specified Vcc = 5V, Ta = 25 °C;

all signals are referenced to GND, see Note 5 for timing definitions)

MASTER CLOCK TIMING

Symbol Parameter Test Condition Min. Typ. Max. Unit

fmcLk Frequency of MCLK Selection of frequency is 512 kHz
programmable (see table 2) 1.536 MHz
2.048 MHz
2.560 MHz
twmH Period of MCLK high Measured from Vi to Vin 80 ns
twmL Period of MCLK low Measured from ViLto ViL 80 ns
tRM Rise Time of MCLK Measured from Vi to Viy 30 ns
tFMm Fall Time of MCLK Measured from V4 to ViL 30 ns
PCM INTERFACE TIMING (COMBO |/ Il and GCI modes)

Symbol Parameter Test Condition Min. Typ. Max. Unit
tHMF Hold Time MCLK low to FS low 10 ns
tsFm Setup Time, FS high to MCLK 30 ns

low
tomp Delay Time, MCLK high to data Load = 100 pf 100 ns
valid
tomz Delay Time, MCLK low to DX 15 100 ns
disabled
torD Delay Time, FS high to data valid | Load = 100 pf ; 100 ns
Applies only if FS rises later
than MCLK rising edge in Non
Delayed Mode only
tsom Setup Time, Drvalid to MCLK 20 ns
receive edge
tHmD Hold Time, MCLK low to Dr 20 ns
invalid
24/30
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SERIAL CONTROL PORT TIMING (Usual COMBO 1/ Il mode only)

Symbol Parameter Test Condition Min. Typ. Max. Unit
fcolk Frequency of CCLK 2.048 | MHz
twcH Period of CCLK high Measured from Vi to Viy 160 ns
twel Period of CCLK low Measured from Vi to ViL 160 ns

tRc Rise Time of CCLK Measured from Vi to Viy 50 ns

tFc Fall Time of CCLK Measured from Viy to Vi 50 ns

tHes Hold Time, CCLK high to CS— 10 ns
low

tssc Setup Time, CS-low to CCLK 50 ns
high

tsoc Setup Time, Cl valid to CCLK 50 ns
high

tHeD Hold Time, CCLK high to Cl 50 ns
invalhd

toco Delay Time, CCLK low to CO Load = 100 pF, 80 ns
data valid plus 1 LSTTL load

tbsb Delay Time, CS-low to CO data 50 ns
vald

tooz Delay Time CS-high or 8th 15 80 ns
CCLK low to CO high
impedance whichever comes
first

tHsc Hold Time, 8th CCLK high to 100 ns
CS- high

tscs Set up Time, CS- high to CCLK 100 ns
high

Note 5 A signalis valid if it 1s above Vi4 or below ViL and invalid if it 1s between Vi. and Vin

For the purpoes of this specification the following conditions apply

a) Allinput signal are defined as Vi. =04V, Vin= 27V, ta < 10ns, tr < 10ns
b) Delay times are measured from the inputs signal valid to the output signal valid.

c) Setup times are measured from the data input valid to the clock input invalid.
d) Hold times are measured from the clock signal valid to the data input invalid.

ELECTRICAL CHARACTERISTICS (unless otherwise specified, Vcc = 5V + 10%, Ta = —25°C to 85°C ;
typical characteristic are specified at Vcc = 5V, Ta = 25°C ; all signals are referenced to GND)

DIGITAL INTERFACES
Symbol Parameter Test Condition Min. Typ. Max. Unit
ViL Input Low Voltage All digital inputs DC 0.7 \
AC 0.4 \
ViH Input High Voltage All digital inputs DC 2.0 \
AC 2.7 \
VoL Output Low Voltage Dx,lL = -2.0mA; DC 0.4 Vv
‘ ’ all other digital outputs, AC 0.7 v
IL=~-1mA
Vo Output High Voltage Dx,lL=2.0mA; DC 2.4 \"
all other digital outputs, AC 2.0 Vv
IL=1mA
hiL Input Low Current Any digital input, -10 10 RA
GND <ViN< VIL
] Input High Current Any digital input, -10 10 HA
ViH < VIN < Vce
loz Output Current in High Dx and CO -10 10 HA
impedance (Tri-state)
25/30
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ANALOG INTERFACES

Symbol Parameter Test Condition Min. Typ. Max. Unit
IMic Input Leakage GND < Vmic< Vee -100 +100 UA
Rmic Input Resistance GND < Vwmic < Vee 50 kQ
RLvFr Load Resistance VErs to VEr- 100 Q
CLVFr Load Capacitance VEr to VEr 150 nF

Rovrro Output Resistance Steady zero PCM code applied 1.0 Q
to DR; 1=+ 1TmA
VosvFro Differential offset: Alternating + zero PCM code -100 +100 mV
Voltage at VFr., VFr- applied to DR maximum
receive gain; R = 100Q
RuLs Load Resistance Lssto Ls. 50 Q
CLLs Load Capacitance Lssto Ls 600 nF
RoLs Output Resistance Steady zero PCM code applied 1 Q
to DR; I+ TmA
Vosts Differential offset Voltage at Ls:, | Alternating + zero PCM code -100 +100 mV
Ls- applied to DR maximum
receive gain; R = 50Q
POWER DISSIPATION
Symbol Parameter Test Condition Min. Typ. Max. Unit
lcco Power down Current CCLK,Cl = 0.4V; CS = 2.4V 0.2 0.5 mA
(nwire only)
All other inputs active
GCl mode only: 0.2 0.5 mA
lect Power Up Current Ls4, Ls- and Vfrs, VEr- not 12.0 17.0 mA
loaded
TRANSMISSION CHARACTERISTICS (unless otherwise specified, Vcc = 5V + 10%, Ta = —25°C to

85°C; typical characteristics are specified at Vcc = 5V, Ta = 25°C, MIC1/2 = 0dBmo, Dr = 0dBmo PCM
code, f = 1015.625 Hz; all signal are referenced to GND)

AMPLITUDE RESPONSE (Maximum, Nominal, and Minimum Levels)
Transmit path - Absolute levels at MIC1 / MIC2

Parameter Test Condition Min. Typ. Max. Unit

0 dBMO level Transmit Amps connected for 73.9 mVeams
0dB gain

Overload level A law selected 106.08 mVRms

Overload level mu law selected 106.47 mVRus

0 dBMO level Transmit Amps connected for 13.14 mVRMs
15dB gain

Overload level A law selected 18.86 mVRms

Overload level mu law selected 18.93 mVRMms

26/30
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TRANSMISSION CHARACTERISTICS (continued)

AMPLITUDE RESPONSE (Maximum, Nominal, and Minimum Levels)
Receive path - Absolute levels at Vrr (Differentially measured)

Parameter Test Condition Min. Typ. | Max. Unit
0 dBMO level Receive Amp programmed for 824.5 mVRMms
0dB gain
0 dBMO level Receive Amp programmed for 146.6 mVRMms
- 15dB attenuation
AMPLITUDE RESPONSE (Maximum, Nominal, and Minimum Levels)
Receive path - Absolute levels at Ls (Differentially measured)
Parameter Test Condition Min. Typ. Max. Unit
0 dBMO level Receive Amp programmed for 1.384 VRMS
0dB gain
0 dBMO level Receive Amp programmed for 43.7 mVRMs
- 30dB gain
AMPLITUDE RESPONSE
Transmit path
Symbol Parameter Test Condition Min. Typ. Max. Unit
Gxa Transmit Gain Absolute Transmit Gain Programmed for | -0.30 0.30 dB
Accuracy maximum.
Measure deviation of Digital
PCM Code from ideal 0dBmo
PCM code at Dx
GxaG Transmit Gain Varation with Measure Transmit Gain over -0.5 0.5 dB
programmed gain the range from Maximum to
minimum setting.
Calculate the deviation from
the programmed gain relative
to GXA,
i.e. Gaxg = G acual - G prog - Gxa
Gxat Transmit Gain Variation with Measured relative to Gxa. -0.1 0.1 dB
temperature min. gain < Gx < Max. gain
Gxav Transmit Gain Variation with Measured relative to Gxa -0.1 0.1 dB
supply Gx = Maximum gain
GxaF Transmit Gain Variation with Relative to 1015,625 Hz,
frequency multitone test technique used.
min. gain < Gx < Max. gain
f=60Hz -26 dB
f=200Hz -1.5 -0.1 dB
f =300 Hz to 3000 Hz -0.3 0.3 dB
f = 3400 Hz -0.8 0.0 dB
f = 4000 Hz -14 dB
f = 4600 Hz (*) -35 dB
f = 5000 Hz to 6000 Hz -40 dB
f = 8000 Hz (*) -47 dB
f > 8000 Hz -40 dB
GxaL Transmit Gain Variation with Sinusoidal Test method.
signal level Reference Level = -10 dBmo
Vmic = -40 dBmo to +3 dBmo -0.25 0.25 dB
VMic = -50 dBmo to -40 dBmo -0.5 0.5 dB
Vmic = -55 dBmo to -50 dBmo -1.2 1.2 dB

() The limit at frequencies between 4600Hz and 8000Hz lies on a stright line connecting the two frequencies on a linear (dB) scale versus log

(Hz) scale

C" SGS-THOMSON
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AMPLITUDE RESPONSE

Receive path

Symbol

Parameter

Test Condition

Min.

Typ.

Max.

Unit

GRaE

Receive Gain Absolute Accuracy

Receive gain programmed for
maximum

Apply 0 dBmo PCM code to Dr
Measure VFr.

-0.3

0.3

dB

GRAL

Receive Gain Absolute Accuracy

Receive gain programmed for
maximum

Apply 0 dBmo PCM code to Dr
Measure Ls.

0.6

dB

GRAGE

Receive Gain Variation with
programmed gain

Measure Earpiece Gain over
the range from Maximum to
minimum setting.

Calculate the deviation from

the programmed gain relative
to GRAE,

1.6. GRAGE = G actua - G prog - GRAE

0.5

dB

GRAGL

Receive Gain Variation with
programmed gain

Measure Loudspeaker Gain
over the range from Maximum
to minimum setting.

Calculate the deviation from
the programmed gain relative
to GRAL,

i.e. GRAGL = G actual - G prog - GRAL

-1.0

dB

GRAT

Receive Gain Variation with
temperature

Measured relative to GRA. (LS
and V)
GRr = Maximum Gain

0.1

dB

GRrav

Receive Gain Variation with
Supply

Measured relative to GRA. (LS
and Vgy)
GRr = Maximum Gain

0.1

dB

GRraF

Receive Gain Variation with
frequency
(Earpiece or Loudspeaker)

Relative to 1015,625 Hz,
multitone test technique used.
min. gain < Gr < Max. gain

f=200Hz

f =300 Hz to 3000 Hz
f=3400 Hz

f = 4000 Hz

-0.3
-0.3
-0.8

0.3
0.3
0.0
-14

dB
dB
dB
dB

GRALE

Receive Gain Variation with
signal level (Earpiece)

Sinusoidal Test Method
Reference Level = —10 dBm0
Dr = 0dBmo0 to +3 dBm0

DR =-40 dBmO to 0 dBmO
DR = -50 dBmO to -40 dBmO
DR = -55 dBmO0 to -50 dBm0

-0.25

-0.25
-0.5
-1.2

0.25

0.25
0.5
1.2

dB
dB
dB
dB

GRALL

Receive Gain Variation with
signal level (Loudspeaker)

Sinusoidal Test Method
Reference Level =-10 dBm0
Dr =0 dBmo0 to +3 dBm0

DR = -40 dBmO to 0 dBmO
DR = -50 dBmO to -40 dBm0
Dr = -55 dBm0 to -50 dBm0

-0.25
-0.25
-0,5
-1.2

0.25

025
0.5
1.2

dB
dB
dB
dB
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ENVELOPE DELAY DISTORTION WITH FREQUENCY

Symbol Parameter Test Condition Min. Typ. Max. Unit
DXA Tx Delay, Absolute f=1600 Hz 320 us
DXR Tx Delay, Relative f =500 - 600 Hz 225 us

f =600 - 800 Hz 125 us
f =800 - 1000 Hz 50 us
f=1000 - 1600 Hz 20 us
f=1600 - 2600 Hz 55 ps
f = 2600 - 2800 Hz 80 us
f = 2800 - 3000 Hz 130 us
DRA Rx Delay, Absolute f=1600 Hz 252 us
DRR Rx Delay, Relative f =500 - 1000 Hz 10 us
f=1000 - 1600 Hz 30 us
f=1600 - 2600 Hz 105 us
f = 2600 - 2800 Hz 135 us
f = 2800 - 3000 Hz 185 us
NOISE

Symbol Parameter Test Condition Min. Typ. Max. Unit
NXC Tx Noise, C weighted Vmic = 0V 16 dBrnCO
NXP Tx Noise, P weighted Vmic = 0V -70 dBmOp

NREC Rx Noise, C weighted Receive PCM code = Alternating 18 |dBrnCO
(Earpiece) Positive and Negative Code
NREP Rx Noise, P weighted Receive PCM code = Positive Zero -70 [ dBmOp
(Earpiece)
NRLC Rx Noise, C weighted Receive PCM code = Alternating 21 dBrnCO
(Loudspeaker) Positive and Negative code
NRLP Rx Noise, P weighted Recewve PCM code = Positive Zero -67 | dBmOp
(Loudspeaker)
NRS Noise, Single Frequency Vmic = 0V, Loop-around -50 dBmo0
measurament from f = 0 Hz to
100 kHz
PPSRx Positive PSRR, Tx Vmic = 0V,
Vee = 5.0 Vpe + 100 mVms; 30 dB
f = 0Hz to 50KHz
PPSRp Positive PSRR, Rx PCM Code equals Positive Zero, 30 dB
Vce = 5.0 VDC + 100 mVrms,
measure Vrrs
f=0Hz-4kHz 30 dB
f=4kHz - 50 kHz 30 dB
S0OSs Spurious Out-Band signal at DR input set to 0 dBm0 PCM
the output code
300 - 3400 Hz Input PCM Code
applied at DR
4600 Hz - 5600 Hz -40 dB
5600 Hz - 7600 Hz -50 dB
7600 Hz - 8400 Hz -50 dB
8400 Hz - 100 kHz -50 dB
29/30
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DISTORTION
Symbol Parameter Test Condition Min. Typ. Max. Unit

Stox Signal to Total Distortion Sinusoidal Test Methode

Stor (measured using C message
weighting Filter)
Level = 0 dBmO to - 20 dBmO 37 dBC
Level = - 20 to -30 dBmO 36 dBC
Level = - 40 dBmO 29 dBC
Level = - 45 dBmO 24 dBC

SpFx Single Frequency Distortion 0 dBmO input signal -46 dB

transmit
SDFr Single Frequency Distortion 0 dBmO input signal -46 dB
receive

IMD Intermodulation Loop-around measurament -41 dB
Voltage at Vmic = -4 dBm0
to -21 dBm0, 2 Frequencies in
the range 300 - 3400 Hz

CROSSTALK
Symbol Parameter Test Condition Min. Typ. Max Unit

Cxer Transmit to Receive Transmit Level = 0 dBmO, -65 dB
f =300 - 3400 Hz
DR = QuietPCM Code

Cr1rx Receive to Transmit Recelve Level = 0 dBmO, -65 dB
f =300 - 3400 Hz
Vmic = 0V

APPLICATION NOTE FOR MICROPHONE CONNECTIONS

8.47uUF

oy

8.47uF
8.47uF

H__
H_

8.47uF

DIFFERENTIAL MODE

MIC1+

MIC1-
ST5686A
MIC2+

MIC2-

SINGLE ENDED MODE

B8.47UF

— mcas
—{ nica-

8.47uF
8. 47UF ST5B86A

b mica+
— nica-

B8.47uF

N925T75686A-62

MIXED MODE (REVERSIBLE)

B8.47UF

— mica+
— mic1-
8.47uF
8.47UF

— mic2+
—{ nica-

8.47uF

ST5886A

The 4 connection modes (since the MIXED MODE is symmetrical with respect to MIC1 and MIC2) allow
one microphone at a time to be selected via the Vs bit (bit 7 of Control Register CR4).
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ST5088

PIAFE

PROGRAMMABLE ISDN AUDIO FRONT END

FEATURES:

Complete CODEC and FILTER system including:

m PCM ANALOG TO DIGITAL AND DIGITAL TO
ANALOG CONVERTERS

= POWERFUL ANALOG FRONT END CA-
PABLE TO INTERFACE DIRECTLY:
- Microphone Dynamic, Piezo or Electrete
- Earpiece down to 100Q or up to 150nF
- Loudspeaker down to 50Q or Buzzer up to

600nF.

s TRANSMIT BAND-PASS FILTER

= ACTIVE RC NOISE FILTER

» RECEIVE LOW-PASS FILTER WITH SIN X/X
CORRECTION

s MU-LAW OR A-LAW SELECTABLE COM-
PANDING CODER AND DECODER

s PRECISION VOLTAGE REFERENCE

Phones Features:

= DUAL SWITCHABLE MICROPHONE AMPLI-
FIER INPUTS. GAIN PROGRAMMABLE: 15
dB RANGE, 1 dB STEP.

= LOUDSPEAKER AMPLIFIER OUTPUT.
SWITCHABLE MAXIMUM GAIN: +9dB/+27dB
WITH AUTOMATIC DIGITAL ANTICLIPPING
SYSTEM. aTTENUATION PROGRAMMABLE:
30dB RANGE, 2dB STEP.

s SEPARATE EARPIECE AMPLIFIER OUTPUT.
ATTENUATION PROGRAMMABLE: 15 dB
RANGE, 1 dB STEP.

n AUXILIARY TAPE RECORDER ANALOG IN-
TERFACE: Tx + Rx COMBINED OUTPUT.

» AUXILIARY SWITCHABLE EXTERNAL RING
INPUT (EAIN).

m TRANSIENT SUPRESSION SIGNAL DURING
POWER ON.

= INTERNAL PROGRAMMABLE SIDETONE
CIRCUIT. ATTENUATION PROGRAMMABLE:
15 dB RANGE, 1 dB STEP, INDEPENDENT
FROM Rx CONTROL.

= INTERNAL RING OR TONE GENERATOR IN-
CLUDING DTMF TONES, SINEWAVE OR
SQUAREWAVE WAVEFORMS. ATTENUA-
TION PROGRAMMABLE: 27 dB RANGE, 3 dB
STEP.

= RINGER CONTROL PROGRAMMABLE IN-

July 1993

ADVANCE DATA

PLCC28

ORDERING NUMBER: ST5088FN

TERNALLY (uP) OR EXTERNALLY (pin AT)

= COMPATIBLE WITH HANDS-FREE GIRCUIT
TEA7540.

= ON CHIP SWITCHABLE ANTI-ACOUSTIC
FEED-BACK CIRCUIT (ANTI-LARSEN).

General Features:

n EXTENDED TEMPERATURE RANGE OPER-
ATION (*) — 25°C TO +85°C.

EXTENDED POWER SUPPLY RANGE 5V+10%.
60 mW OPERATING POWER (TYPICAL).

1.0 mMW STANDBY POWER (TYPICAL).
CMOS DIGITAL INTERFACES.

SINGLE + 5V SUPPLY.

DIGITAL LOOPBACK TEST MODE.
PROGRAMMABLE DIGITAL AND CONTROL
INTERFACES:

—Digital PCM Interface associated with sep-
arate serial Control Interface MICRO-
WIRE™ compatible.

—GCl interface compatible.

(*) Functionality guaranteed in the range — 25°C to +85°C;
Timngand Electrical Specifications are guaranteed in the range
—-5°C to +70°C.

APPLICATIONS:

= ISDN TERMINALS.

n DIGITAL TELEPHONES

n CT2 AND GSM APPLICATIONS

1/30
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PIN CONNECTION (Top view)
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ST5088

GENERAL DESCRIPTION

ST5088 PIAFE is a combined PCM CODEC/FIL-
TER device optimized for ISDN Terminals and Digi-
tal Telephone applications. This device is A-law
and Mu-law selectable and offers a number of pro-
grammable functions accessed through a serial
control channel.

Depending on mode selected, channel control is
provided by means of a separate serial channel
control MICROWIRE compatible or multiplexed
with the PCM voice data channel in a GCI com-
patible format requiring only 4 digital interface
pins. When separate serial control interface is se-
lected, PCM interface is compatible with Combo |
and Combo Il families of devices such as
ETC5057/54, TS5070/71.

PIAFE is built using SGS-THOMSON’s advanced
HCMOS process.

Transmit section of PIAFE consists of an amplifier
with switchable high impedance inputs followed
by a programmable gain amplifier, an active RC
antialiasing pre-filter to provide attenuation of high
frequency noise, an 8th order switched capacitor
band pass transmit filter and an A-law/Mu-law se-
lectable compandig encoder.

Receive section consist of an A-law/Mu-law se-
lectable expanding decoder which reconstructs
the analog sampled data signal, a 3400 Hz low
pass filter with sin X/X correction followed by two
separate programmable attenuation blocks and
two power amplifiers: one can be used to drive an
earpiece, and the other to drive a 50 Q loud-

PIN FUNCTIONS

speaker or a piezo transducer up to 600nF.

When the loudspeaker section is set up with
maximum gain (+27dB) the device provide inter-
nally a programmable digital anticlipping system
to avoid output distortion.

Programmable functions on PIAFE include a
Ring/Tone generator which provides one or two
tones and can be directed to earpiece or to loud-
speaker (or buzzer).

A simple ringer control interface can bypass puP
control of sweep frequency and ring ON/OFF
phases.

A separate programmable gain amplifier allows
gain control of the signal injected. Ring/Tone gen-
erator provides sinewave or squarewave signal
with precise frequencies which may be also di-
rected to the input of the Transmit amplifier for
DTMF tone generation.

An auxiliary analog input (EAIN) is also provided
to enable for example the output of an external
band limited Ring signal to the Loudspeaker.
Transmit signal may be fed back into the receive
ampifier with a programmable attenuation to pro-
vide a sidetone circuitry.

A switchable anti-accoustic feed-back system
cancels the larsen effect in speech monitoring ap-
plication.

Two additional pins are provided for insertion of
an external Handfree function in the Loudspeaker
receive path.

An output latch controlled by register programm-
ing permits external device control.

Pin Name

Description

1,2 HFI, HFO

Hands free 1/Os:
These two pins can be used to insert an external Handfree circuit

such as the TEA 7540 in the receive path. HFO is an output which
provides the signal issued from output of the receive low pass filter
while HFl is a high impendance input which is connected directly to
one of the inputs of the Loudspeaker amplifier.

3,4

VFr+, VFr-

Receive analog earpiece amplifier complementary outputs,
capable of driving load impedances between 100 and 400
Q or a piezo ceramic transducer up to 150nF. These
outputs can drive directly earpiece transductor. The signal
at this output can drive be the summ of:

- Receive Speech signal from Dg,

- Internal Tone Generator,

- Sidetone signal.

Vee

Positive power supply input for the digital section. +5V + 10%.

6,7

LS-LS+

Receive analog loudspeaker amplifier complementary outputs,
intended for driving a Loudspeaker: 80 mW on 50Q load
impedance can be provided at low distorsion meeting
specifications.

Alternatively this stage can drive a piezo transducer up to
600nF. The signal at these outputs can be the sum of:

- Receive Speech signal from Dg,

- Internal Tone generator,

- External input signal from EAIN input.

4/30
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PIN FUNCTIONS (continued)

Pin

Name

Description

8,9

GND

Ground: All digital signals are referenced to this pin.

10

MS

Mode Select: This input selects COMBO V/ll interface mode
with separate MICROWIRE Control interface when tied high
and GCI mode when tied low.

11

Dx

Transmit Data ouput: Data is shifted out on this pin during the
assigned transmit time slots. Elsewhere Dx output is in the high
impendance state. In COMBO I/ll mode, voice data byte is
shifted out from TRISTATE output Dx at the MCLK frequency
on the rising edge of MCLK. In GCI mode, voice data byte and
control bytes are shifted out from OPEN-DRAIN output Dx at
half the MCLK. An external pull up resistor is needed.

12

AT

Alternate Tone: Ring frequency out is controlled without uP
intervention. Tri-state logic controls: f1 (Vcc), f2 (GND), pause
(High Impedance).

15

Dr

Receive data input: Data 1s shifted in during the assigned
Received time slots. In the COMBO I/ll mode, voice data byte
is shifted in at the MCLK frequency on the falling edges of
MCLK. In the GCI mode, PCM data byte and contol byte are
shifted in at half the MCLK frequency on the receive rising
edges of MCLK. There is one period delay between transmit
rising edge and receive rising edge of MCLK.

16

FS

Frame Sync input: This signal is a 8kHz clock which defines
the start of the transmit and receive frames. Either of three
formats may be used for this signal: non delayed timing mode,
delayed timing and GCI compatible timing mode.

17

MCLK

Master Clock Input: This signal is used by the switched
capacitor filters and the encoder/decoder sequencing logic.
Values must be 512 kHz, 1.536 MHz, 2.048 MHz or 2.56 MHz
selected by means of Control Register CRO. MCLK is used
also to shift-in and out data. In GCI mode, 2.56 MHz and 512
kHz are not allowed.

18

LO

Open drain output:
a logic 1 written into DO (CR1) appears at LO pin as a logic 0
a logic 0 written into DO puts LO pin in high impedance.

TRO

Tape Recorder Output: This pin provides the analog
combination of Tx voice signal and Rx voice signal.

22

MIC2+

Alternative positive high impedance input to transmit pre-
amplifier.

23

MIC1+

Positive high impedance input to transmit pre-amplifier for
microphone symetrical connection.

24

MIC1-

Negative high impedance input to transmit pre-amplifier for
microphone symetrical connection.

25

Vcea

Positive power supply input for the analog section.
+5V + 10%. Vcc and Vcca must be directly connected
together.

26

MIC2-

Alternative negative high impedance input to transmit pre-
amplifier.

27

GNDA

Analog Ground: All analog signals are referenced to this pin.
GND and GNDA must be connected together close to the
device.

28

EAIN

External Auxiliary input: This input can be used to provide
alternate signals to the Loudspeaker in place of Internal Ring

generator. Input signal should be voice band imited.

&7
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Following pin definitions are used only when COMBO V/ll mode with separate MICROWIRE com-
patible serial control port is selected. (MS input set equal one)

PIN FUNCTIONS (continued)

Pin Name Description

13 (ofe] Control data Output: Serial control/status information is shifted
out from the PIAFE on this pin when CS- is low on the falling
odges of CCLK.

14 Cl Control data Input: Serial Control information is shifted into the
PIAFE on this pin when CS- is low on the rising edges of CCLK.

19 CCLK Control Clock input: This clock shifts serial control information
into Cl and out from CO when the CS- input is low, depending
on the current instruction. CGCLK may be asynchronous with the
other system clocks. :

20 CS- Chip Select input: When this pin is low, control information is
written into and out from the PIAFE via Cl and CO pins.

Following pin definitions are used only when the GCI mode is selected. (MS input set equal zero)

PIN FUNCTIONS (continued)

Pin Name

Description

19,14,13,20 A0,A1,A2,A3

These pins select the address of PIAFE on GCl interface and
must be hardwired to either Vcc or GND. A0,A1,A2,A3 refer to
C4,C5,C6,C7 bits of the first address byte respectively.

FUNCTIONAL DESCRIPTION

Power on initialization:

When power is first applied, power on reset ci-
cuitry initializes PIAFE and puts it into the power
down state. Gain Control Registers for the various
programmable gain amplifiers and programmable
switches are initialized as indicated in the Control
Register description section. All CODEC functions
are disabled. Digital Interface is configured in GCI
mode or in COMBO I/Il mode depending on Mode
Select pin connection.

The desired selection for all programmable func-
tions may be intialized prior to a power up com-
mand using Monitor channel in GCl mode or
MICROWIRE port in COMBO I/ll mode.

Power up/down control: :

Following power-on initialization, power up and
power down control may be accomplished by writ-
ing any of the control instructions listed in Table 1
into PIAFE with "P" bit set to 0 for power up or 1
for power down.

Normally, it is recommended that all programm-
able functions be initially programmed while the
device is powered down. Power state control can
then be included with the last programming in-
struction or in a separate single byte instruction.
Any of the programmable registers may also be
modified while ST5088 is powered up or down by
setting "P" bit as indicated. When power up or
down control is entered as a single byte instruc-
tion, bit 1 must be setto a 0.

6/30 Ly7 SGS-THOMSON

When a power up command is given, all de-acti-
vated circuits are activated, but output Dx will re-
main in the high impedance state on B time slots
until the second Fs pulse after power up, even ifa
B channel is selected.

Power down state:

Following a period of activity, power down state
may be reentered by writing a power down in-
struction.

Control Registers remain in their current state and
can be changed either by MICROWIRE control in-
terface or GCI control channel depending on
mode selected.

In addition to the power down instruction, detec-
tion of loss MCLK (no transition detected) auto-
matically enters the device in "reset" power down
state with Dx output in the high impedance state
and L0 in high impedance state.

Transmit section:

Transmit analog interface is designed in two
stages to enable gains up to 35 dB to be realized.
Stage 1 is a low noise differential amplifier provid-
ing 20 dB gain. A microphone may be capaci-
tevely connected to MIC1+, MIC1- inputs, while
the MIC2+ MIC2- inputs may be used to capaci-
tively connect a second microphone (for digital
handsfree operation) or an auxiliary audio circuit
such as TEA 7540 Hands-free circuit. MIC1 or
MIC2 source is selected with bit 7 of register
CR4.

Following the first stage is a programmable gain

MICROELECTRONICS
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amplifier which provides from 0 to 15 dB of addi-
tional gain in 1 dB step. The total transmit gain
should be adjusted so that, at reference point A,
see Block Diagram description, the internal 0
dBmO voltage is 0.739 V (overload level is 1.06
Vrms). Second stage amplifier can be pro-
grammed with bits 4 to 7 of CR5. To temporarily
mute the transmit input, bit TE (6 of CR4) may be
set low. In this case, the analog transmit signal is
grounded and the sidetone path is also disabled.
An active RC prefilter then precedes the 8th order
band pass switched capacitor filter. A/D converter
has a compressing characteristic according to
CCITT A or mu255 coding laws, which must be
selected by setting bits MA, |A in register CRO. A
precision on chip voltage reference ensures ac-
curate and highly stable transmission levels.

Any offset voltage arising in the gain-set amplifier,
the filters or the comparator is cancelled by an in-
ternal autozero circuit.

Each encode cycle begins immediatly at the be-
ginning of the selected Transmit time slot. The
total signal delay referenced to the start of the
time slot is approximatively 195 ps (due to the
transmit filter) plus 123 ps (due to encoding
delay), which totals 320 ps. Voice data is shifted
out on Dx during the selected time slot on the
transmit rising adges of MCLK.

Receive section:

Voice Data is shifted into the decoder's Receive
voice data Register via the Dr pin during the se-
lected time slot on the 8 receive edges of MCLK.
The decoder consists of an expanding DAC with
either A or MU255 law decoding characteristic
which is selected by the same control instruction
used to select the Encode law during intitializa-
tion. Following the Decoder is a 3400 Hz 6th
order low pass switched capacitor filter with inte-
gral Sin X/X correction for the 8 kHz sample and
hold.

0 dBmO voltage at this (B) reference point (see
Block Diagram description) is 0.49 Vrms. A trans-
cient suppressing circuitry ensure interference
noise suppression at power up.

The analog speech signal output can be routed
either to earpiece (VFRr+, VeR- outputs) or to loud-
speaker (LS+, LS- outputs) by setting bits SL and
SE (1 and 0 of CR4).

Total signal delay is approximatively 190 us (filter
plus decoding delay) plus 62.5 ps (1/2 frame)
which gives approximatively 252 ps.

Differential outputs VrRr:,VFg- are intended to di-
rectly drive an earpiece. Preceding the outputs is
a programmable attenuation amplifier, which must
be set by writing to bits 4 to 7 in register CR6. At-
tenuations in the range 0 to -15 dB relative to the
maximum level in 1 dB step can be programmed.
The input of this programmable amplifier is the

summ of several signals which can be selected
by writing to register CR4.:

- Receive speech signal which has been
decoded and filtered,

- Internally generated tone signal, (Tone ampli-
tude is programmed with bits 4 to 7 of register
CR7),

- Sidetone signal, the amplitude of which is pro-
grammed with bits 0 to 3 of register CR5

VER+ and VFr- outputs are capable of driving output
power level up to 14mW into differentially con-
nected load impedance between 100 and 400 Q.

Differential outputs LS+,LS- are intended to di-
rectly drive a Loudspeaker. Preceding the outputs
is a programmable attenuation amplifier, which
must be set by writing to bits 0 to 3 in register
CR6. Attenuations in the range 0 to -30 dB
relative to the maximum level in 2.0 dB step can
be programmed. The input of this programmable
amplifier can be the summ of signals which can
be selected by writing to register CR4:

- Receive speech signal which has been
decoded and filtered,

- Internally generated tone signal, (Tone ampli-
tude is programmed with bits 4 to 7 of register
CR7),

- EAIN input which may be an alternate Ring
signal or any voice frequency band limited
signal. (An external decoupling capacitor of
about 0.1pF is necessary).

Receive voice signal may be directed to output
HFO by means of bit HFE in Register CR4. After
processing, signal must be re-entered through
input HFI to Loudspeaker amplifier input. (An ex-
ternal decoupling capacitor of about 0.1uF is
necessary).

The output loudspeaker section has two switch-
able gains of +9dB and +27dB.

+9dB LS Gain

This gain mode is fully equivalent to PIAFE
ST5080 behaviour.

LS+ and LS- outputs are capable of driving output
power level up to 80 mW into 50 Q differentially
connected load impedance at low distortion meet-
ing PCM channel specifications. When the signal
source is a Ring squarewave signal, power levels
up to approximatively 200 mW can be delivered.

+27dB LS Gain

Additional gain of 18dB has the purpose to in-
crease the undistorted output power up to
150mW typical with digital input DR ranging from
-12dBm0 to +3dBmO.

Output DC offset is limited by high pass filter with
35Hz cut frequency (with LS gain = +9dB cut fre-
quency = 9Hz)

Anti-acoustic feed-back for loudspeaker to hand-

L7 S5S-THOMSON 7130
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set microphone loop with squelch effect: on chip
switchable anti-larsen for loudspeaker to handset
microphone feedback is implemented. A 12dB
depth gain control on both transmit and receive
path is provided to keep constant the loop gain.
On the transmit path the 12dB gain control is pro-
vided starting from the CR5 transmit gain defini-
tion; at the same time, on the receive path the
12dB gain control is provided starting from CR6
receive gain definition.

DIGITAL ANTICLIPPING SYSTEM (D.A.S.)

An automatic anticlipping system is necessary to
avoid distortion on LS+/LS- when the output
swing approaches the supply rails. (LS GAIN >>
+9dB).

The digital anticlipping system calculates equival-
ent input signal on DR pin and compares it with a
selectable anticlipping threshold. The D.A.S. is
then able to reduce the overall gain in order to
avoid or limit the distortion.

Four different thresholds are programmable via
register:

-15dBmo0 D<1% For safe margin

-13dBmo0 D=1% For normal operation
-9dBmo0 D21% For noisy ambient (*)
-7dBm0 D >>1%  For very noisy ambient (*)

(*) When environment is noisy, power output
might be more important than 1% distortion.

Gain reduction of the D.A.S. (Anticlipping Attack)
has a fixed speed of 8KHz.

Gain recovery or increase (Anticlipping Release)
has 4 programmable speeds of 4Hz, 8Hz, 31Hz
and 62Hz.

TAPE RECORDER OUTPUT (TRO)

This section provides a combination of Tx and Rx
Analog Signals to an external user like a re-
cordering machine. The output levels relative to a
signal of 0dBmO0 on channel Dx and DR are:

Rx TRO = 0.245VRums (for 0dBmO0 on DR)

Tx TRO = 0.246VRwms (for 0dBmO on DX)

The single ended Op Amp is able to drive an ex-
ternal load as low as 600Q.

ALTERNATE TONE CONTROL (AT)

This section allows to simplify the microprocessor
control of ringer operation. When pin AT is put ex-
ternally at high impedance state (or left open) the
control of ring frequency emission is totally
through a microprocessor, which updates in real
time the contents of various registers.

When pin AT is forced at GND or Vcc the ring
generator emits respectively the frequencies 2
(GND) and 1 (Vcc), previously defined through
registers CR9 (f2) and CR8(f1). This operative

8139 Ly7 SGS-THOMSON

mode requires only start-up intervention of the
microprocessor.

Digital and Control Interface:

PIAFE provides a choice of either of two types of
Digital Interface for both control data and PCM.
For compatibility with systems which use time slot
oriented PCM busses with a separate Control In-
terface, as used on COMBO V/II families of de-
vices, PIAFE functions are described in next sec-
tion.

Alternatively, for systems in which PCM and con-
trol data are multiplexed together using GCl inter-
face scheme, PIAFE functions are described in
the section following the next one.

PIAFE will automatically switch to one of these
two types of interface by sensing the MS pin.

Due to Line Transceiver clock recovery circuitry, a
low jitter may be provided on Fs and MCLK
clocks. Fs and MCLK must be always in phase.
For ST5421S Transceiver, as an example, maxi-
mun value of jitter amplitude is a step of 65 ns at
each GCI frame (125us). So, the maximum jitter
amplitude is 130 ns pk-pk.

COMBO I/l mode.

Digital Interface (Fig. 1)

Fs Frame Sync input determines the beginning of
frame. It may have any duration from a single
cycle of MCLK to a squarewave. Two different re-
lationships may be established between the
Frame Sync input and the first time slot of frame
by setting bit 3 in register CRO. Non delayed data
mode is similar to long frame timing on ETC5057/
TS5070 series of devices (COMBO | and
COMBO |l respectively): first time slot begins
nominally coincident with the rising edge of Fs.
Alternative is to use delayed data mode, which is
similar to short frame sync timing on COMBO | or
COMBO I, in which Fs input must be high at least
a half cycle of MCLK earlier the frame beginning.
A time slot assignment circuit on chip may be
used with both timing modes, allowing connection
to one of the two B1 and B2 voice data channels.

Two data formats are available: in Format 1, time
slot B1 corresponds to the 8 MCLK cycles follow-
ing immediately the rising edge of FS, while time
slot B2 corresponds to the 8 MCLK cycles follow-
ing immediately time slot B1.

In Format 2, time slot B1 is identical to Format 1.
Time slot B2 appears two bit slots after time slot
B1. This two bits space is left available for inser-
tion of the D channel data.

Data format is selected by bit FF (2) in register
CRO. Time slot B1 or B2 is selected by bit TO (0)
in Control Register CR1.

Bit EN (2) in control register CR1 enables or dis-
ables the voice data transfer on Dx and Dr as
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Figure 1: Digital Interface Format
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appropriate. During the assigned time slot, Dx
output shifts data out from the voice data register
on the rising edges of MCLK. Serial voice data is
shifted into Dr input during the same time slot on
the falling edges of MCLK.

Dx is in the high impedance Tristate condition
when in the non selected time slots.

Control Interface:

Control information or data is written into or read-
back from PIAFE via the serial control port con-
sisting of control clock CCLK, serial data input CI
and output CO, and Chip Select input, CS-. All

control instructions require 2 bytes as listed in
Table 1, with the exception of a single byte
power-up/down command.

To shift control data into ST5088, CCLK must be
pulsed high 8 times while CS- is low. Data on ClI
input is shifted into the serial input register on the
rising edge of each CCLK pulse. After all data is
shifted in, the content of the input shift register is
decoded, and may indicate that a 2nd byte of
control data will follow. This second byte may
either be defined by a second byte-wide CS-
pulse or may follow the first contiguously, i.e. it is
not mandatory for CS- to return high in between

o7 SGS-THOMSON 9130
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the first and second control bytes. At the end of
the 2nd control byte, data is loaded into the ap-
propriate programmable register. CS- must return
high at the end of the 2nd byte.

To read-back status information from PIAFE, the
first byte of the appropriate instruction is strobed
in during the first CS- pulse, as defined in Table
1. CS- must be set low for a further 8 CCLK
cycles, during which data is shifted out of the CO
pin on the falling edges of CCLK.

When CS- is high, CO pin is in the high imped-
ance Tri-state, enabling CO pins of several de-
vices to be multiplexed together.

Thus, to summarise, 2 byte READ and WRITE in-
structions may use either two 8-bit wide CS-
pulses or a single 16 bit wide CS- pulse.

Control channel access to PCM interface:

It is possible to access the B channel previously
selected in Register CR1.

A byte written into Control Register CR3 will be
automatically transmitted from Dx output in the
following frame in place of the transmit PCM data.
A byte written into Control Register CR2 will be
automatically sent through the receive path to the
Receive amplifiers.

In order to implement a continuous data flow from
the Control MICROWIRE interface to a B chan-
nel, it is necessary to send the control byte on
each PCM frame.

A current byte received on Dr input can be read
in the register CR2. In order to implement a con-
tinuous data flow from a B channel to MICRO-
WIRE interface, it is necessary to read register
CR2 at each PCM frame.

GCI COMPATIBLE MODE

GCl interface is an European standardized inter-
face to connect ISDN dedicated components in
the different configurations of equipment as Ter-
minals, Network Terminations, PBX, etc...

In a Terminal equipment, this interface called
SCIT for Special Circuit Interface for Terminals
allows for example connection between:

- 8T5421 (SID-GCI) and ST5451 (HDLC/GCI
controller) used for 16 kbit/s D channel packet
frames processing and SID control,

- Peripheral devices connected to a 64 kbit/s B
channel and ST5451 used for GCI peripheral
control.

ST5088 may be assigned to one of the B chan-
nels present on the GCI interface and is moni-
tored via a control channel which is multiplexed
with the 64 kbit/s Voice Data channels.

Figure 2 shows the frame structure at the GCl in-
terface. Two 256 kbit/s channel are supported.
a)GCl channel 0: It is structured in four sub-
channels:

10/30 &77 SGS-THONSON

—B1 channel 8 bits per frame
—B2 channel 8 bits per frame
—M channel 8 bits per frame ignored by PIAFE
—SC channel 8 bits per frame ignored by
PIAFE
Only B1 or B2 channel can be selected in
PIAFE for PCM data transfer.

b)GCI channel 1: It is structured also in four
subchannels:
—B1* channel 8 bits per frame
—B2* channel 8 bits per frame
—M* channel 8 bits per frame
—SC* which is structured as follows:
6 bits ignored by PIAFE
A* bit associated with M* channel
E* bit associated with M* channel.
B1* or B2* channel can be selected in PIAFE
for PCM data transfer.
M* channel and two associated bits E* and A*
are used for PIAFE control.

Thus, to summarize, B1, B2, B1* or B2* channel
can be selected to transmit PCM data and M*
channel is used to read/write status/command pe-
ripheral device registers. Protocol for byte ex-
change on the M* channel uses E* and A* bits.

Physical Interface
The interface is physically constitued with 4 wires:

Input Data wire: Dr
Output Data wire: Dx
Bit Clock: MCLK

Frame Synchronization: Fs

Data is synchronized by MCLK and Fs clock in-
puts.

Fs insures reinitialization of time slot counter at
each frame beginning. The rising edge or FS is
the reference time for the first GCI channel bit.
Data is transmitted in both directions at half the
MCLK input frequency. Data is transmitted on the
the rising edge of MCLK and is sampled one
period after the transmit rising edge, also on a ris-
ing edge.

Note: Transmit data may be sampled by far-end
device ie SID ST5421 on the faling edge 1.5
period after the transmit rising edge.

Unused channel are high impedance. Data out-
puts are OPEN-DRAIN and need an external pull
up resistor.

COMBO activation/deactivation

ST5088 is automatically set in power down mode
when GCI clocks are idle. GCI section is reacti-
vated when GCI clocks are detected. PIAFE is
completly reactivated after receiving of a power
up command.
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Exchange protocol on M* channel

Protocol allows a bidirectional transfer of bytes
between ST5088 and GCI controller with acknow-
ledgment at each received byte. For PIAFE,
standard protocol is simplified to provide read or
write register cycles almost identical to MICRO-
WIRE serial interface.

Write cycle
Control Unit sends through the GCI controller fol-
lowing bytes:

- First byte is the chip select byte. The first four
bits  indicate  the device address:
(A3,A2,A1,A0). The four last bits are ignored.
ST5088 compare the validated byte received
internally with the address defined by pins A3,
A2, A1, AO. If comparison is true, byte is ac-
knowledged, if not, ST5088 does not acknow-
ledge the byte.

NOTE: An internal "message in progress" flag re-
mains active till the end of the complete message
transmission to avoid irrelevant acknowledgement
of any further byte.

- Second byte is structured as defined in
Table 1.

- Third byte is the Data byte to write into the
Register as indicated in Table 1.

It is possible but optional to write to several differ-
ent registers in a single message. In this case the
Chip Select byte is sent only once at the begin-
ning of the message, the device automatically
toggles between address byte and data byte.

Read cycle

Control Unit sends two bytes. First byte is the
chip select byte as defined above. Second byte is
structured as defined in Table 1.

If PIAFE identifies a read-back cycle, bit 2 of byte
1in Table 1 equal 1, it has to respond to the Con-
trol Unit by sending a single byte message which
is the content of the addressed register.

It is possible but optional to request several differ-
ent read-back register cycles in a single message
but it is recommended to wait the answer before
requesting a new read back to avoid loss of data.
ST5088 responds by sending a single data byte
message at each request.

Received byte validation:
A received byte is validated if it is detected two
consecutive times identical.

Exchange Protocol:

Exchange protocol is identical for both directions.
Sender uses E* bit to indicate that it is sending a
M* byte while receiver uses A* bit to acknowledge
received byte.

When no message is transferred, E* bit and A* bit
are forced to inactive state.

A transmission is initialized by sender putting E*
bit from inactive state to active state and by send-
ing first byte on M* channel in the same frame.
Transmission of a message is allowed only if A*
bit from the receiver has been set inactive for at
least two frames.

When receiver is ready, it validates the received
byte internally when received in two consecutive
frames identical. Then the receiver sets first A* bit
from inactive to active state (pre-acknow-
legement), and maintains A* bit active at least in
the following frame (acknowledgement). If valida-
tion is not possible, (two last bytes received are
not identical), receiver aborts the message setting
A* bit active for only a single frame.

For the first byte received, Abort sequence is not
allowed. PIAFE does not respond either if two last
bytes are not identical or if the byte received does
not meet the Chip Select byte defined by A0-A3
pins bias.

A second byte may be transmitted by the sender
putting E* bit from active to inactive state and
sending the second byte on the M* channel in the
same frame. E* bit is set inactive for only one
frame. If it remains inactive more than one frame,
it is an end of message (i.e. not second byte
available).

The second byte may be transmitted only after re-
ceiving the pre-acknowledgment of the previous
byte transmitted (see Fig. 3). The same protocol
is used if a third byte is transmitted. Each byte
has to be transmitted at least in two consecutive
frames.

The receiver validates current received byte as
done on first byte and then set A* bit in the next
two frames first from active to inactive state (pre-
acknowledgement), and after from inactive to ac-
tive state (acknowledgement). If the receiver can-
not validate the received current byte (two bytes
received are not identical), it pre-acknowledges
normally, but let A* bit in the inactive state in the
next frame which indicates an abort request.

If a message sent by ST5088 is aborted, it will
stop the message and wait for a new read cycle
instruction from the controller.

A message received by ST5088 is acknowledged
or aborted without flow Control.

Figures 3 gives timing of a write cycle. Most signi-
ficant bit (MSB) of a Monitor byte is sent first on
M* channel.

E* and A* bits are active low and inactive state on
DOUT is high impedance.

L7 SGS-THOMSON 11/30
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Figure 3: E and A bits Timing
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PROGRAMMABLE FUNCTIONS

For both formats of Digital Interface, programm-
able functions are configured by writing to a num-
ber of registers using a 2-byte write cycle (not in-

Most of these registers can also be read-back for

while byte two is Data.

verification. Byte one is always register address,

Table 1 lists the register set and their respective

cluding chip select byte in GCI). adresses.
Table 1: Programmable Register Intructions
Function Address byte Data byte
71654 ]3]|]2]|1 0

Single byte Power up/down P|IX|X|X]|X]X]0]|X |none

Write CRO P|lO]|JO|JO|[O|O| 1| X |see CROTABLE?2
Read-back CRO PlO]JO]JO]|]O[1]1]X |seeCRO N
Write CR1 PlOJOfJOo]1|]0]|1]X [seeCR1TABLE3
Read-back CR1 PlojJofo]|1]1[1]X|seeCR1

Write Data to receive path Pl|O|O]|1]0]0]|1]| X [see CR2TABLE 4 M
Read data from Dgr PlOJO[1]0[1]1]X|seeCR2

Write Data to Dx PlOo]|O[1]1]0] 1] X |seeCR3TABLES5
Write CR4 PlO]1[0]0]0[1]X|seeCR4TABLE®
Read-back CR4 PlOo]1[0[0]1[1]X|seeCR4

Write CR5 PlO0]|1 0 [ 1 0| 1| X |see CR5TABLE 7
Read-back CR5 PlO]1]0]1 1 1 | X |see CR5

Write CR6 P{O]1[1]0]0([1]X [seeCR6TABLES
Read-back CR6 PlO]1 1 01 1 | X |see CR6

Write CR7 PlOoJ1[1]1]0f1]X |seeCR7TABLEY
Read-back CR7 PlOo{|1]|1{1|1]1]X{seeCR7

Write CR8 P |1 0[0|O0|[O0] 1] X |see CR8TABLE 10
Read-back CR8 Pl1]0]0[0]1][]1]X/[seeCR8

Write CR9 P 1 00 1 0 1 X |see CR9 TABLE 11
Read-back CR9 Pl1]0[0]1 1|11 ] X [see CR9

Write P |1 0|1 0 [0 ] 1] X |see CR10TABLE 12

Pi1jo]1fo)]1]1]X

Read-back CR10

see CR10

NOTE 1:
port is enabled, or into and out from Ds and Dx pins when GCI mode selected.
X =reserved: write 0

NOTE 2: "P" bit 1s Power up/down Control bit. P = 1 Means Power Down.
Bit 1 indicates, If set, the presence of a second byte.

NOTE 3: Bit 21s write/read select bit.

&1
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bit 7 of the address byte and data byte is always the first bit clocked into or out from* Cl and CO pins when MICROWIRE serial
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Table 2: Control Register CRO Functions

Function

MCLK = 512 kHz )
MCLK = 1.536 MHz .

MCLK = 2.048 MHz

MCLK = 2.560 MHz 1)

aa00
e = =]

MU-law; CCITT D3-D4 *
MU-law; Bare Coding

A-law including even bit inversion

A-law; Bare Coding

a o000
- O =0

0 Delayed data timing * 1)
1 Non delayed data timing (1)

0 B1 and B2 consecutive * 1)
B1 and B2 separated (1)

-

0 8 bits time-slot *
7 bits time-slot

-

0 |Normal operation
1 |Digital Loop-back

state at power on Initialization

(1): significant in COMBO I/l mode only

Table 3: Control Register CR1 Functions

7 6 5 4 3 2 1 0
HFE|ALE| DO | MR [ MX | EN [ T1 | TO

Function

0 HFO / HFI pins disabled *
HFO / HFi pins enabled

e

o] Anti-larsen disabled
Anti-larsen enabled

-

0 LO latch is put in high impedance
LO latch set to 0

—

0 Dr connected to rec. path * (1)
CR2 connected to rec. path (1)

-

0 Trans path connected to Dx * (1)
CR3 connected to Dx (1)

iy

0 voice data transfer disable
1 voice data transfer enable

B1 channel selected
B2 channel selected
B1* channel selected (2)
B2* channel selected (2)

_-—_ 00
-0 =0

state at power on inttialization
(1): significant in COMBO !/ Il mode only

(2): significant in GCI mode only.

1470 L3y SGs-THOMSON
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Table 4: Control Register CR2 Functions

7 6 5 4 3 2 1 0 .
Function
d7 | d6 | d5 | d4 | d3 | d2 | di do
msb Isb |Data sent to Receive path or Data received from Dg input
Table 5: Control Registers CR3 Functions
7 6 5 4 3 2 1 0 .
Function
d7 [ d6 [ d5 | d4 | d3 | d2 | d1 | dO
msb Isb |Dx data transmitted
Table 6: Control Register CR4 Functions
7 6 5 4 3 2 1 0 Function
VS | TE | SI | EE |RTL|RTE| SL | SE
0 MIC1 selected
1 MIC2 selected
0 Transmit input muted
1 Transmit input enabled
0 Internal sidetone disabled
1 Internal sidetone enabled
0 EAIN disconnected
1 EAIN selected to Loudspeaker
0 0 Ring / Tone muted
0 1 Ring / Tone to Earpiece
1 0 Ring / Tone to Loudspeaker
1 1 Ring / Tone to Earpiece and Loudspeaker
0 0 |Receive signal muted
0 1 | Receive signal connected to earpiece amplifer
1 0 [Receive signal connected to loudspeaker amplifier
1 1 |Receive signal connected to loudspeaker and
earpiece amplfier
state at power on inttialization
(57 SGS-THOMSON 15130
7’ MICROELECTRONICS

237



ST5088

Table 7: Control Register CR5 Functions

765 ] a

3 2]1]o0

Function
Transmit amplifier Sidetone amplifier
0 0 0 0 0 dB gain *
0 0 0 1 1dB gain
- - - - in 1 dB step
1 1 1 1 15 dB gain
0 0 0 0 (-8dB gain *
0 0 0 1 |-9dB gain
- - - - in 1 dB step
1 1 1 1 |[-23 dB gain
** state at power on Initialization
Table 8: Control Register CR6 Functions
7 ‘ 6 I 5 l 4 3 | 2 | L | 0 Function
Earpiece ampifier Loudspeaker
0 0 0 0 0 dB gain *
0 0 0 1 -1 dB gain
- - - - in 1 dB step
1 1 1 1 -15 dB gain
0 0 0 0 |0dB gain *
0 0 0 1 |-2dBgain
- - - - in 2 dB step
1 1 1 1 |[-30 dB gain
*: state at power on initialization
Table 9: Control Register CR7 Functions
7 6] 5 [afls]2]1]o0 Function
Tone gain F1 | F2 | SN | DE Attenuation f1 Vo f2 Vpo
0 0 0 0 0dB * 2.4 (1) 1.9 (1)
0 0 0 1 -3dB 1.70 1.34
0 0 1 0 -6 dB 1.20 0.95
0 0 1 1 -9dB 0.85 0.67
0 1 0 0 -12dB 0.60 0.47
0 1 0 1 -15dB 0.43 0.34
0 1 1 0 -18 dB 0.30 0.24
0 1 1 1 -21dB 0.21 0.17
1 X X 0 -24 dB 015 0.12
1 X X 1 -27 dB 010 0.08
0 0 f1 and f2 muted *
0 1 f2 selected
1 0 1 selected
1 1

f1 and f2 in summed mode

-

Squarewave signal selected
Sinewave signal selected

Normal operation

Tone / Ring Generator connected toTransmit path

(1):

state at power on initialization

value provided If f1 or {2 1s selected alone.

if f1 and 2 are selected in the summed mode, f1=1.34 Vp, while 2=1.06 Vg,

Output generator is 2.4 Vpp

reserved: write 0

16/30
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Table 10: Control Register CR8 Functions

7 6 5 4 3 2 1 0

f17 | f16 | 115 | f14 | f13 | f12 | f11 | 10

Function

msb Isb

Binary equivalent of the decimal number used to calculate {1

Table 11: Control Register CR9 Functions

7 6 5 4 3 2 1 0

f27 | f26 | 125 | f24 | 23 | f22 | f21 | f20

Function

msb Isb

Binary equivalent of the decimal number used to calculate {2

Table 12: Control Register CR10 Functions

7 6 5 4 3 2 1 0

GLS |ACE | VT1 | VTO | FD1 | FDO | DFT | HFT

Function

-

+27 dB into LH Path
(*) +9dB into LH Path

-

Anticlipping ON
(*) Anticlipping OFF

—_~ a00
- O =0

(*) -15dmO Anticlipping Threshold
-13dm0 Anticlipping Threshold
-9dmO Anticlipping Threshold
-7dm0 Anticlipping Threshold

—_ 00
- O =0

(*) 256ms Gain Recovery Time Constant / (4Hz)
128ms Gain recovery Time Constant / (8Hz)
32ms Gain Recovery Time Constant / (31Hz)
16ms Gain Recovery Time Constant / (62Hz)

—aa00
- O =0

(*) Standard Frequency Tone Range

Halved Frequency Tone Range

Doubled Frequency Tone Range

Forbidden ‘

(*) Default values inserted into the Register at Power On

&r
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CONTROL REGISTER CRO

First byte of a READ or a WRITE instruction to
Control Register CRO is as shown in TABLE 1.
Second byte is as shown in TABLE 2.

Master Clock Frequency Selection

A master clock must be provided to PIAFE for
operation of filter and coding/decoding functions.
In COMBO I/l mode, MCLK frequency can be
either 512 kHz, 1.536 MHz, 2.048 MHz or 2.56
MHz.

Bit F1 (7) and FO (6) must be set during initializa-
tion to select the correct internal divider.

In GCI mode, MCLK must be either 1.536MHz or

2.048MHz.

512KHz and 2.56MHz are not allowed.

Default value is 1.536 MHz for both modes.

Any clock different from the default one must be
selected prior a Power-Up instruction for both
modes.

Coding Law Selection

Bits MA (5) and IA (4) permit selection of Mu-255
law or A law coding with or without even bit inver-
sion.

After power on initialization, the Mu-255 law is se-
lected.

Mu 255 law True ﬁ ‘Ilivrvs?;r:n bit A law v;ll:’h;l;: oe':/en bit
msb Isb | msb Isb | msb Isb
Vin = + full scale 1]0j]0|O0|O|O|OfOft1|{Oof1|O|1]O|1]|O|t |11 [1[1[1]1]1
Vin=0V 111|411t j1jt1jyt1joft1fof1j|joj1|1jojofofofojofo
of1(|(t|(1 |1 |1]1]1]JOo|1}jO|1|[Of1}jO0f1]|0|0O]JO|O|O|OfjO}|O
Vin = - full scale ojofo|o|jofOo|ofOojoOojoO|t1|O|1|Ofjt|OfO |1 [T |11 [1]1][A1

MSB is always the first PCM bit shifted in or out of PIAFE.

Digital Interface timing

Bit DN=0 (3) selects digital interface in delayed
timing mode while DN=1 selects non delayed
data timing.

In GCI mode, bit DN is not significant.

After reset and if COMBO /Il mode is selected,
delayed data timing is selected.

Digital Interface format

Bit FF=0 (2) selects digital interface in Format 1
where B1 and B2 channel are consecutive. FF=1
selects Format 2 where B1 and B2 channel are
separated by two bits. (see digital interface format
section).

In GCI mode, bit FF is not significant.

56+8 selection

Bit 'B7" (1) selects capability for PIAFE to take
into account only the seven most significant bits
of the PCM data byte selected.

When 'B7’ is set, the LSB bit on Dr is ignored and
LSB bit on Dx is high impedance. This function
allows connection of an external "in band" data
generator directly connected on the Digital Inter-
face.

Digital loopback

Digital loopback mode is entered by setting DL
bit(0) equal 1.

In Digital Loopback mode, data written into Re-
ceive PCM Data Register from the selected re-
ceived time-slot is read-back from that Register in

&r
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the selected transmit time-slot on Dx. Time slot is
selected with Register CR1.

No PCM decoding or encoding takes place in this
mode. Transmit and Receive amplifier stages are
muted.

CONTROL REGISTER CR1

First byte of a READ or a WRITE instruction to
Control Register CR1 is as shown in TABLE 1.
Second byte is as shown in TABLE 3.

Hands-free 1/0s selection

Bit HFE set to one enables HFI, HFO pins for
connection of an external handfree circuit such as
TEA 7540. HFO is an analog output that provides
the receive voice signal. 0 dBMO level on that
output is 0.491 Vrms (1.4Vpp). HFI is an analog
high impedance input (10 KQ typ.) intended to
send back the processed receive signal to the
Loudspeaker. 0 dBMO level on that input is
0.491Vrms.

Anti-larsen selection
Bit ALE set to one enables on-chip antilarsen and
squelch effect system.

Latch output control
Bit DO controls directly logical status of latch out-
put LO: ie, a "ZERO" written in bit DO puts output
LO in high impedance, a "ONE" written in bit DO
sets output LO to zero.
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Microwire access to B channel on receive
path

Bit MR (4) selects access from MICROWIRE
Register CR2 to Receive path. When bit MR is
set high, data written to register CR2 is decoded
each frame, sent to the receive path and data
input at Dr is ignored.

In the other direction, current PCM data input re-

ceived at Dr can be read from register CR2 each .

frame.

Microwire access to B channel on transmit
path

Bit MX (3) selects access from MICROWIRE write
only Register CR3 to Dx output. When bit MX is
set high, data written to CR3 is output at Dx every
frame and the output of PCM encoder is ignored.

B channel selection

Bit 'EN’ (2) enables or disables voice data trans-
fer on Dx and Dr pins. When disabled, PCM data
from DR is not decoded and PCM time-slots are
high impedance on Dx.

In GCI mode, bits 'T1’ (1) and 'T0’ (0) select one
of the four channels of the GCl interface.

In COMBO I/ll mode, only B1 or B2 channel can
be selected according to the interface format se-
lected. Bit 'T1’ is ignored.

CONTROL REGISTER CR2

Data sent to receive path or data received from
Dr input. Refer to bit MR(4) in "Control Register
CR1" paragraph.

CONTROL REGISTER CR3
Dx data transmitted. Refer to bit MX(3) in "Control
Rgister CR1" paragraph.

CONTROL REGISTER CR4

First byte of a READ or a WRITE instruction to
Control Register CR4 is as shown in TABLE 1.
Second byte is as shown in TABLE 6.

Transmit Input Selection

MIC1 or MIC2 source is selected with bit VS (7).
Transmit input selected can be enabled or muted
with bit TE (6).

Transmit gain can be adjusted within a 15 dB
range in 1 dB step with Register CR5.

Sidetone select

Bit "SI" (5) enables or disables Sidetone circuitry.
When enabled, sidetone gain can be adjusted
with Register (CR5). When Transmit path is dis-
abled, bit TE set low, sidetone circuit is also dis-
abled.

External Auxiliary signal select
Bit "EE" (4) set to one connects EAIN input to the

loudspeaker amplifier input.

Ring/Tone signal routing

Bits "RTL" (3) and RTE (2) provide select capa-
bility to connect on-chip Ring/Tone generator
either to loudspeaker amplifier input or to ear-
piece amplifier input or both.

PCM receive data routing

Bits "SL" (1) and "SE" (0) provide select capability
to connect received speech signal either to Loud-
speaker amplifier input or to earpiece amplifier
input or both.

CONTROL REGISTER CR5

First byte of a READ or a WRITE instuction to
Control Register CR5 is as shown in TABLE 1.
Second byte is as shown in TABLE 7.

Transmit gain selection

Transmit amplifier can be programmed for a gain
from 0dB to 15dB in 1dB step with bits 4 to 7.

0 dBmO level at the output of the transmit ampli-
fier (A reference point) is 0.739 Vrms (overload
voltage is 1.06 Vrms).

Sidetone attenuation selection

Transmit signal picked up after the switched ca-
pacitor low pass filter may be fed back into the
Receive Earpiece amplifier.

Attenuation of the signal at the output of the
sidetone attenuator can be programmed from
—8dB to —23dB relative to reference point A in
1 dB step with bits 0 to 3.

CONTROL REGISTER CR6

First byte of a READ or a WRITE instruction to
Control Register CR6 is as shown in TABLE 1.
Second byte is as shown in TABLE 8.

Earpiece amplifier gain selection:

Earpiece Receive gain can be programmed in 1
dB step from 0 dB to -15 dB relative to the maxi-
mum with bits 4 to 7.

0 dBmO voltage at the output of the amplifier on
pins Ve and Ve is then 824.5 mVrms when
0dB gain is selected down to 146.6 mVrms
when —15 dB gain is selected.

Loudspeaker amplifier gain selection:
Loudspeaker Receive amplifier gain can be pro-
grammed in 2 dB step from 0 dB to -30 dB
relative to the maximum with bits 0 to 3.

0 dBmO voltage on the output of the amplifier on
pins LS+ and LS- on 50 Q is then 1.384 Vrms
(3.91Vpp) when 0 dB gain is selected down to
43.7 mVrms (123.6mVpp) when -30 dB gain is se-
lected.

f<7 SGS-THOMSON 19730
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Current limitation is approximatively 150 mApk.

CONTROL REGISTER CR7:

First byte of a READ or a WRITE instruction to
Control Register CR7 is as shown in TABLE 1.
Second byte is as shown in TABLE 9.

Tone/Ring amplifier gain selection

Output level of Ring/Tone generator, before atte-
nuation by programmable attenuator is 2.4 Vpk-
pk when fi generator is selected alone or
summed with the f2 generator and 1.9 Vpk-pk
when 2 generator is selected alone.

Selected output level can be attenuated down to
-27 dB by programmable attenutator by setting
bits 4 to 7.

Frequency mode selection

Bits 'F1’ (3) and 'F2’ (2) permit selection of f1
and/or f2 frequency generator according to
TABLE 9.

When f1 (or f2) is selected, output of the
Ring/Tone is a squarewave (or a sinewave) signal
at the frequency selected in the CR8 (or CR9)
Register.

When f1 and f2 are selected in summed mode,
output of the Ring/Tone generator is a signal
where f1 and f2 frequency are summed.

In order to meet DTMF specifications, f2 output
level is attenuated by 2dB relative to the f1 output
level.

Frequency temporization must be controlled by the
microcontroller.

Any switching between two frequencies of the
same channel (f1 or f2) is done maintaining prac-
tically the phase continuity.

The actual change in the frequency of the tone
generator takes place within 1/16th of the period
of the highest of the two frequencies that are
switched between, plus 2us for internal data ac-
quisition.

Waveform selection

Bit 'SN’ (1) selects waveform of the output of the
Ring/Tone generator. Sinewave or squarewave
signal can be selected.

DTMF selection

Bit DE (0) permits connection of Ring/Tone/DTMF
generator on the Transmit Data path instead of
the Transmit Amplifier output. Earpiece feed-back
may be provided by sidetone circuitry by setting
bit SI or directly by setting bit RTE in Register
CR4. Loudspeaker feed-back may be provided di-
rectly by setting bit RTL in Register CR4.

CONTROL REGISTERS CR8 AND CR9
First byte of a READ or a WRITE instruction to

20130 L5 SGs-THOMSOR

Control Register CR8 or CR9 is as shown in
TABLE 1. Second byte is respectively as shown
in TABLE 10 and 11.

Tone or Ring signal frequency value is defined by
the formula:

f1 =CR8/0.128 Hz and f2 = CR9/0.128 Hz
(with DFT = HFT = 0in CR10)

where CR8 and CR9 are decimal equivalents of
the binary values of the CR8 and CR9 registers
respectively. Thus, any frequency between 7.8 Hz
and 1992 Hz may be selected in 7.8 Hz step.
TABLE 13 gives examples for the main frequen-
cies usual for Tone or Ring generation.

CONTROL REGISTER CR10

First byte of a READ or a WRITE instruction to
control register CR10 is as shown in TABLE 1.
Second byte is as shown in Table 12.

Extra +18dB in LS Gain

GLS = 1 sets extra 18dB Gain (total Gain = 27dB)
GLS = 0 sets standard Gain = 9dB like on ST5080

Anticlipping enable, thresholds and time con-
stants

ACE = 1 enables the operation of the Digital anti-
clipping section (D.A.S.), needed to avoid distor-
tion on sine wave when GLS = 1 (extra 18dB on LS)
anticlipping thresholds of -15, -13, -9 and -7dBmo are
defined by bits 4 and 5 (VT1/VTO).

Gain recovery the constants (anticlipping release)
are selectable among four values, 256ms, 128ms,
32ms and 16ms by bits 2 and 3 (FD1/FDO).

Doubled Tone/Ringer Frequency Range
Double frequency range on tone & ringer gener-
ator is obtained by putting DFT = 1 (and HFT = 0).
Formula for frequency generator is:

f1 = CR8/0.064Hz and f2 = CR9/0.064Hz.

Maximum frequency is 3984.4Hz and frequency
accuracy is 15.6Hz.

Halved Tone/Ringer Frequency Range

Halved frequency and double accuracy on tone &
ringer generator is obtained bu putting HFT = 1 (and
DFT =0).

Formula for frequency generator is:

f1 = CR8/0.256Hz and f1 = CR9/0.256Hz

Frequency range is from 3.9Hz to 996.1Hz and
step is 3.9Hz with improved accuracy for low fre-
quencies combination.

HFT = DFT=1 is a forbidden combination.

MICROELECTRONICS
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Table 13: Examples of Usual Frequency Selection (DFT = HFT = 0 in CR10)

Description f1 value (decimal) Theoric value (Hz) Typical value (Hz) Error %
Tone 250 Hz 32 250 250 .00
Tone 330 Hz 42 330 328.2 -.56
Tone 425 Hz 54 425 421.9 -.73
Tone 440 Hz 56 440 437.5 -.56
Tone 800 Hz 102 800 796 9 -.39
Tone 1330 Hz 170 1330 1328 1 -.14
DTMF 697 Hz 89 697 695.3 —-.24
DTMF 770 Hz 99 770 773.4 +.44
DTMF 852 Hz 109 852 851.6 -.05
DTMF 941 Hz 120 941 937.5 -.37
DTMF 1209 Hz 155 1209 1210.9 +.16
DTMF 1336 Hz 171 1336 1335.9 - 01
DTMF 1477 Hz 189 1477 1476.6 .00
DTMF 1633 Hz 209 1633 1632.8 .00
SOL 50 392 390.6 -.30
LA 56 440 437.5 -.56
Sl 63 494 492.2 -.34
DO 67 523.25 523.5 +.04
RE 75 587.33 586.0 -.23
MI flat 80 622.25 625.0 +.45
M 84 659.25 656.3 —-.45
FA 89 698.5 695.3 —.45
FA sharp 95 740 742.2 +.30
SOL 100 784 781.3 -.34
SOL sharp 106 830.6 828.2 -.29
LA 113 880 882.9 +.33
Sl 126 987.8 984.4 -.34
DO 134 1046.5 1046.9 +.04
RE 150 1174.66 1171.9 -.23
Ml 169 1318.5 1320.4 +.14

POWER SUPPLIES used.

While pins of PIAFE device are well protected
against electrical misuse, it is recommended that
the standard CMOS practise of applying GND be-
fore any other connections are made should al-
ways be followed. In applications where the
printed circuit card may be plugged into a hot
socket with power and clocks already present, an
extra long ground pin on the connector should be

Kﬁ' SGS-THOMSON

To minimize noise sources, all ground connec-
tions to each device should meet at a common
point as close as possible to the GND pin in order
to prevent the interaction of ground return current-
s flowing through a common bus impedance. A
power supply decoupling capacitor of 0.1 uF
should be connected from this common point to
Vcc as close as possible to the device pins.
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TIMING DIAGRAM

Non Delayed Data Timing Mode
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TIMING DIAGRAM (continued)

GCI Timing Mode
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ABSOLUTE MAXIMUM RATINGS

Parameter Value Unit

Vcc to GND 7 Vv
Current at Vmic (Vee £ 5.5V) + 50 mA
Current at Vgrxo and LS + 100 mA
Voltage at any digital input (Vgc < 5.5V); limited at +50mA Vec + 1to GND -1 \
Current at any digital output + 50 mA
Storage temperature range -65to0 + 150 °C
Lead Temperature (wave soldering, 10s) + 260 °C

TIMING SPECIFICATIONS (unless otherwise specified, Vcc = 5V + 10%, Ta =-5°C to 70°C ;

typical characteristics are specified Voo = 5V, Ta=25°C;

all signals are referenced to GND, see Note 5 for timing definitions)

MASTER CLOCK TIMING

Symbol Parameter Test Condition Min. Typ. Max. Unit

fmeLk Frequency of MCLK Selection of frequency is 512 kHz
programmable (see table 2) 1.536 MHz
2.048 MHz
2.560 MHz
twMH Period of MCLK high Measured from ViH to Vi 80 ns
twMmL Period of MCLK low Measured from Vi to Vi 80 ns
tRM Rise Time of MCLK Measured from Vi to ViH 30 ns
tem Fall Time of MCLK Measured from Vi4 to VL 30 ns
PCM INTERFACE TIMING (COMBO |/ Il and GC| modes)

Symbol Parameter Test Condition Min. Typ. | Max Unit
tHMF Hold Time MCLK low to FS low 10 ns
tsFm Setup Time, FS high to MCLK 30 ns

low
tomp Delay Time, MCLK high to data Load = 100 pF 100 ns
valid
tomz Delay Time, MCLK low to DX 15 100 ns
disabled
torD Delay Time, FS high to data valid | Load = 100 pF ; 100 ns
Applies only if FS rises later
than MCLK rising edge in Non
Delayed Mode only
tsom Setup Time, Dg valid to MCLK 20 ns
receive edge
tHMD Hold Time, MCLK low to DR 20 ns
invalid
24/30
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SERIAL CONTROL PORT TIMING (Usual COMBO I /1l mode only)

Symbol Parameter Test Condition Min. Typ. Max. Unit
fcclk Frequency of CCLK 2.048 | MHz
tweH Period of CCLK high Measured from ViH to ViH 160 ns
twel Period of CCLK low Measured from ViLto ViL 160 ns

tRc Rise Time of CCLK Measured from ViLto ViH 50 ns

trc Fall Time of CCLK Measured from Vi4 to ViL 50 ns

tHes Hold Time, CCLK high to CS- 10 ns
low

tssc Setup Time, CS- low to CCLK 50 ns
high

tsoc Setup Time, Cl valid to CCLK 50 ns
high

tHco Hold Time, CCLK high to CI 50 ns
invalid

toco Delay Time, CCLK low to CO Load = 100 pF , 80 ns
data vald plus 1 LSTTL load

tosp Delay Time, CS—-low to CO data 50 ns
valid

tooz Delay Time CS-high or 8th 15 80 ns
CCLK low to CO high
impedance whichever comes
first

tHsc Hold Time, 8th CCLK high to 100 ns
CS- high

tscs Set up Time, CS- high to CCLK 100 ns
high

Note 5: A signalisvald if it is above Viy or below ViL and invalid if it 1s between ViL and Vin.

For the purpoes of this specification the following conditions apply:
a) Allinput signal are defined as Vi = 0.4V, Viy = 27V, tr < 10ns, tr < 10ns.

b) Delay times are measured from the inputs signal valid to the output signal valid.

c) Setup times are measured from the data input valid to the clock input invalid
d) Hold times are measured from the clock signal valid to the data input invalid.

ELECTRICAL CHARACTERISTICS (unless otherwise specified, Vcc = 5V + 10%, Ta = —=5°C to 70°C ;
typical characteristic are specified at Vcc = 5V, Ta = 25°C ; all signals are referenced to GND)
DIGITAL INTERFACES

Symbol Parameter Test Condition Min. Typ. | Max. Unit
Vi Input Low Voltage All digital inputs DC 0.7 \
except pin AT AC 0.4 Vv
Vi Input High Voltage All digital inputs DC 2.0 \
except pin AT AC 2.7 Vv
Vi Input Low Voltage Input AT 0.5 \
Vi Input High Voltage | 'nput AT VvCC \
-0.5V
VoL Output Low Voltage Dx,lL = -2.0mA; DC 0.4 v
all other digital outputs, AC 0.7 v
IL=—-1mA
VoH Output High Voltage Dx,IL=2.0mA; DC| 2.4 \
all other digital outputs, AC| 2.0 v
IL=1mA
lie Input Low Current Any digital input, GND < Vin< ViL|  -10 10 HA
liH Input High Current Any digital input, Vin < Vin< Vee | -10 10 pA
loz Output Current in High Dx and CO -10 10 HA
impedance (Tri-state)
25/30
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ANALOG INTERFACES
Symbol Parameter Test Condition Min. | Typ. | Max Unit
Imic Input Leakage GND < Vmic< Vee -100 +100 UA
Rmic Input Resistance GND < Vmic <Vce 50 kQ
Ruver Load Resistance VFr: 10 VFr- 100 Q
CLvFr Load Capacitance VErs to VEr- 150 nF
Rovrro Output Resistance Steady zero PCM code applied 1.0 Q
to DR; I =+ TmA
VOosvFro Differential offset: Alternating + zero PCM code -100 +100 mV
Voltage at VFr+, VFr- applied to DR maximum
receive gain; RL = 100Q
Rus Load Resistance Ls. to Ls- 50 Q
CLLs Load Capacitance Lss+to Ls- 600 nF
RoLs Output Resistance Steady zero PCM code applied 1 Q
to DR; | + 1mA
Vosts Differential offset Voltage at Lsy, | Alternating + zero PCM code -100 +100 mV
Ls. applied to DR maximum
receive gain; RL = 50Q
RLTRO Load Resistance at TRO TRO to GND 600 Q
POWER DISSIPATION
Symbol Parameter Test Condition Min. Typ. Max. Unit
Icco Power down Current CCLK,Cl = 0.4V; CS = 2.4V 02 05 mA
(uwire only)
All other inputs active
GCIl mode only: 0.2 0.5 mA
Icct Power Up Current Lss, Ls-and Vfrs, Ver- not 12.0 17.0 mA

loaded

TRANSMISSION CHARACTERISTICS (unless otherwise specified, Vcc = 5V + 10%, Ta = —5°C to 70°C;
typical characteristics are specified at Vcc = 5V, Ta = 25°C, MIC1/2 = 0dBmo, DR = 0dBmo PCM code,
f=1015.625 Hz; all signal are referenced to GND)

AMPLITUDE RESPONSE (Maximum, Nominal, and Minimum Levels)
Transmit path - Absolute levels at MIC1 / MIC2

Parameter Test Condition Min. Typ.- Max. Unit

0 dBMO level Transmit Amps connected for 73.9 mVams
0dB gain

Overload level A law selected 106.08 mVRus

Overload level mu law selected 106.47 mVRMs

0 dBMO level Transmit Amps connected for 13.14 mVRMs
15dB gain

Overload level A law selected 18.86 mVems

Overload level mu law selected 18.93 mVRMS

26/30
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TRANSMISSION CHARACTERISTICS (continued)

AMPLITUDE RESPONSE (Maximum, Nominal, and Minimum Levels)
Receive path - Absolute levels at Vrr (Differentially measured)

Parameter Test Condition Min. Typ. Max. Unit
0 dBMO level Receive Amp programmed for 824.5 mVems
0dB gain
0 dBMO level Receive Amp programmed for 146.6 mVRMms
- 15dB attenuation
AMPLITUDE RESPONSE (Maximum, Nominal, and Minimum Levels)
Receive path - Absolute levels at Ls (Differentially measured)
Parameter Test Condition Min. Typ. Max. Unit
0 dBMO level Receive Amp programmed for 1.384 Vrms
0dB gain
0 dBMO level Receive Amp programmed for 43.7 mVRms
- 30dB gain
AMPLITUDE RESPONSE
Transmit path
Symbol Parameter Test Condition Min. Typ. | Max. Unit
Gxa Transmit Gain Absolute Transmit Gain Programmed for | -0.30 0.30 dB
Accuracy maximum.
Measure deviation of Digital
PCM Code from ideal 0dBmo
PCM code at Dx
GxaGg Transmit Gain Variation with Measure Transmit Gain over -0.5 0.5 dB
programmed gain the range from Maximum to
minimum setting.
Calculate the deviation from
the programmed gain relative
to GXA,
i.e. GaxG = G actual - G prog - Gxa
Gxar Transmit Gain Variation with Measured relative to Gxa. -0.1 0.1 dB
temperature min. gain < Gx < Max. gain
Gxav Transmit Gain Variation with Measured relative to Gxa -0.1 0.1 dB
supply Gx = Maximum gain
Gxar Transmit Gain Variation with Relative to 1015,625 Hz,
frequency multitone test technique used.
min. gain < Gx < Max. gain
f=60Hz -26 dB
f=200Hz -1.5 -0.1 dB
f = 300 Hz to 3000 Hz -0.3 0.3 dB
f = 3400 Hz -0.8 0.0 dB
f = 4000 Hz -14 dB
f = 4600 Hz to 5000 Hz -32 dB
f = 5000 Hz and up -40 dB
GxaL Transmit Gain Variation with Sinusoidal Test method.
signal level Reference Level = -10 dBmo
Vmic = -40 dBmo to +3 dBmo -0.25 0.25 dB
Vmic = -50 dBmo to -40 dBmo -0.5 0.5 dB
Vmic = -55 dBmo to -50 dBmo -1.5 1.5 dB
27/30
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AMPLITUDE
Receive path

RESPONSE

Symbol .

Parameter

Test Condition

Min.

Typ.

Max.

Unit

GRAE

Receive Gain Absolute Accuracy

Receive gain programmed for
maximum

Apply 0 dBmo PCM code to Dr
Measure Vrr.

-0.3

0.3

dB

GRAL

Receive Gain Absolute Accuracy

Receive gain programmed for
maximum

Apply 0 dBmo PCM code to Dr
Measure Lsy

0.6

dB

GRAGE

Receive Gain Variation with
programmed gain

Measure Earpiece Gain over
the range from Maximum to
minimum setting.

Calculate the deviation from

the programmed gain relative
to GRAE,

i.e. GRAGE = G actual - G prog - GRAE

0.5

dB

GRAGL

Receive Gain Variation with
programmed gain

Measure Loudspeaker Gain
over the range from Maximum
to minimum setting.

Calculate the deviation from
the programmed gain relative
to GRAL,

i.e. GRAGL = G actual - G prog - GRAL

1.0

dB

GRAT

Receive Gain Variation with
temperature

Measured relative to GRA. (LS
and Vr)
GRr = Maximum Gain

0.1

dB

GRav

Receive Gain Variation with
Supply

Measured relative to GRA. (LS
and VFr)
Gr = Maximum Gain

0.1

dB

GRAF

Receive Gain Variation with
frequency
(Earpiece or Loudspeaker)

Relative to 1015,625 Hz,
multitone test technique used.
min. gain < Gr < Max. gain

f=200Hz

f =300 Hz to 3000 Hz
f=3400 Hz

f=4000 Hz

-0.3
-0.3
-0.8

0.3
0.3

-14

dB
dB
dB
dB

GRALE

Receive Gain Variation with
signal level (Earpiece)

Sinusoidal Test Method
Reference Level = —10 dBm0
DR = 0 dBmO to +3 dBm0O

DR = -40 dBmO to 0 dBmO
DR = -50 dBmO to -40 dBm0
DR = -55 dBmO to -50 dBm0

-0.25

-0.25
-0.5
-1.5

dB
dB
dB
dB

GRALL

Receive Gain Variation with
signal level (Loudspeaker)

Sinusoidal Test Method
Reference Level = -10 dBm0
DR =0 dBmO to +3 dBm0

DR = -40 dBmO to 0 dBm0O
DR =-50 dBmO to -40 dBmO
DR = -55 dBm0 to -50 dBm0

-0.25
-0.25
-0,5
-1.5

dB
dB
dB
dB
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ENVELOPE DELAY DISTORTION WITH FREQUENCY

Symbol Parameter Test Condition Min. Typ. Max. Unit
DXA Tx Delay, Absolute f=1000 Hz 320 340 us
DXR Tx Delay, Relative f =500 - 600 Hz 225 245 us

f =600 -800 Hz 125 145 us
f=800-1000 Hz 50 70 us
f=1000 - 1600 Hz 20 40 us
f=1600 - 2600 Hz 55 75 us
f =2600 - 2800 Hz 80 100 us
f =2800 - 3000 Hz 130 150 us
DRA Rx Delay, Absolute f=1600 Hz 252 270 us
DRR Rx Delay, Relative f=500-1000 Hz 10 30 us
f=1000 - 1600 Hz 30 50 us
f=1600 - 2600 Hz 105 125 ps
f=2600 - 2800 Hz 135 155 us
f = 2800 - 3000 Hz 185 205 Hs
NOISE

Symbol Parameter Test Condition Min. Typ. Max. Unit
NXC Tx Noise, C weighted Vmic = 0V 16 |dBrnCO
NXP Tx Noise, P weighted Vmic = 0V -70 | dBmOp

NREC Rx Noise, C weighted Receive PCM code = Alternating 18 |dBrnCO

(Earpiece) Positive and Negative code
NREP Rx Noise, P weighted Receive PCM code = Positive Zero -70 | dBmOp
(Earpiece)
NRLC Rx Noise, C weighted Receive PCM code = Alternating 21 dBrnCO
(Loudspeaker) Positive and Negative code
NRLP Rx Noise, P weighted Receive PCM code = Positive Zero -67 | dBmOp
(Loudspeaker)
NRS Noise, Single Frequency Vmic = 0V, Loop-around -50 dBmo
measurament from f = 0 Hz to
100 kHz
NTRO Recorder Noise, Pweighted Vmic = 0V ~ -60 dBmp
Receive PCM code = Positive Zero
. PPSRx Positive PSRR, Tx Vmic = 0V,
Vee = 5.0 Vpe + 100 MVms; 30 dB
f = 0Hz to 50KHz
PPSRp Positive PSRR, Rx PCM Code equals Positive Zero, 30 dB
Vce = 5.0 VDC + 100 mVrms,
measure Vfry
f=0Hz-4kHz 30 dB
f =4 kHz - 50 kHz 30 dB
SOS Spurious Out-Band signal at DR input set to 0 dBm0 PCM
the output code
300 - 3400 Hz Input PCM Code
applied at DR
4600 Hz - 5600 Hz -40 dB
5600 Hz - 7600 Hz -50 dB
7600 Hz - 8400 Hz -50 dB
8400 Hz - 100 kHz -50 dB
" 29730
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DISTORTION
Symbol Parameter Test Condition Min. Typ. | Max. Unit
STDx Signal to Total Distortion Sinusoidal Test Methode
Stor (measured using C message
weighting Filter)
Level = 0 dBmO to - 30 dBmO 36 dBC
Level = - 40 dBmO 29 dBC
Level = - 45 dBm0 24 dBC
SpFx Single Frequency Distortion 0 dBmO input signal -46 dB
transmit
SpFr Single Frequency Distortion 0 dBmO input signal -46 dB
receive
IMD Intermodulation Loop-around measurament -41 dB
Voltage at Vmic = -4 dBmO0
to -21 dBmO, 2 Frequencies in
the range 300 - 3400 Hz
CROSSTALK
Symbol Parameter Test Condition Min. Typ. Max. Unit
Crxr Transmit to Receive Transmit Level = 0 dBmO, -65 dB
f =300 - 3400 Hz
DR = QuietPCM Code
Crrx Receive to Transmit Receive Level = 0 dBmO, -65 dB
f = 300 - 3400 Hz; Vmic = OV
TAPE RECORDER
Symbol Parameter Test Condition Min. Typ. Max. Unit
GTRO RX Receive TRO Output DR = 0dBm0 220 245 275 | mVRMs
GTROTX Transmit TRO Output DX = 0dBmO 220 246 275 [mVRMS

APPLICATION NOTE FOR MICROPHONE CONNECTIONS

DIFFERENTIAL MODE

8.47uF
— nica+
] nics-
8.47UF
8.47uF STSess

—{ nica-
L

8.47uF

7

SINGLE ENDED MODE

8.47uUF

— nica+
—] mc1-

8.47UF
8.47uF s75e88

—{ nica-
|— mic2-

B8.47uF

11825756686 -65

MIXED MODE (REVERSIBLE)

B8.47uF

0.47uF
B8.47uF

B8.47uF

— nica+
] mica-

ST5088

— nica-
— m1c2-

4

The 4 connection modes (since the MIXED MODE is symmetrical with respect to MIC1 and MIC2) allow
one microphone at a time to be selected via the Vs bit (bit 7 of Control Register CR4).
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ST5421

SID-GCI : S/T INTERFACE DEVICE WITH GCI

o SINGLE CHIP 4 WIRES 192kb/s TRANS-
CEIVER FULLY COMPLYING WITH CCITT
1.430

o ISDN BASIC ACCESS HANDLING 144kb/s
2B + D TRANSMISSION

o GCI COMPATIBLE INTERCHIP INTERFACE

o EXCEEDS 1.430 RANGE : AT LEAST 1.5KM
POINT-TO-POINT AND 200M POINT-TO-
MULTIPOINT

o ADAPTIVE AND FIXED TIMING OPTIONS
FOR NT

o CLOCK RESYNCHRONIZER AND DATA
BUFFERS FOR NT2

n PROGRAMMABLE S1 AND Q CHANNELS
HANDLING ACCORDING TO US ANSI
STANDARD FOR LAYER 1 MAINTENANCE

m EASILY INTERFACEABLE WITH ST5451
HDLC & GCI CONTROLLER AND ANY
OTHER GCI COMPATIBLE DEVICE

DESCRIPTION

The ST5421 (SID-GCI) is a complete monolithic
transceiver for data transmission on twisted pair
subscriber loops. It is bullt on SGS-THOMSON
HCMOS 3A double metal advanced process, and
requires only a single + 5V supply. All functions
specified in CCITT reccommendation 1.430 for
ISDN basic access at the 'S’ and 'T’ interfaces
are provided, and the device can be configured to
operate either in TE (Terminal Equipment), in
NT1 or NT2 (Network Termination) or in PABX
line-card device.

GCI interchip interface highly enhances device
connection effiency by multiplexing controls and
data on the same bus and requiring only 4 pins.
ST5421 implements all the GCI standard func-
tions for Monitor and Control/Indicate channels,
supporting up to 8 GCI peripherals in multiplexed
mode.

As specified in 1.430, full-duplex transmission at
192kb/s is provided on separate transmit and re-
ceive twisted wire pairs using inverted Alternate
Mark Inversion (AMI) line coding. Various chan-
nels are combined to form the 192kb/s aggregate
rate, including 2 'B’ channels, each of 64kb/s, and
1 'D’ channel at 16kb/s. In addition, multiframe

April 1992

ADVANCE DATA

PIN CONNECTION

Lo+ [ 1 ~ 20 [J LI+
Lo- [ 2 18 LI-
Fsa [ 3 18 [ LSD-
Vecc [ 4 17 [J GND
MCLK/XTAL [ 5 16 1 Me
XTAL2 [ 6 15 [0 RST
Bx Q7 14 [] S8/BCL/BUS
DEN [ 8 13 [J s2/m1
BCLK [ 8 12 [J PCKO/CLK
Br ] 18 11 [J S1/FSb

Nn895T15421-64

transmission is provided in a switchable process-
ing mode based on United State ANSI standard
for Layer 1 maintenance. 800 bit/s message
oriented data transmission is supported by S1
and Q channels.

All 1.430 wiring configurations are supported by
ST5421 including passive bus for TE's distributed
within 200 meters, and point-to-point and point-to-
multipoint extended up to at least 1500 meters
(24 AWG cables). Adaptive receive signal pro-
cessing enables the device to operate with low bit
error rate on any of the standard types of cable
pairs commonly found in premise wiring installa-
tions when tested with the noise sources speci-
fied in 1.430.

Far-end Clock Resynchronizer automatically se-
lected, data buffer and slave-slave mode allow
design of NT2 trunk-card connected to several T
interfaces.

1/26
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ST5421

PIN DESCRIPTION

Name

Number

Description

GND

17

Ground Reference Voltage. all analog and digital signals are referenced to this pin.

Vce

4

Positive Power Supply Input 5V ( + 5%) relative to GND

MCLK/XTAL

Master Clock or Crystal Oscillator Input: this pin requires either a 15.36MHz crystal
(parallel resonant with Rs < 100 Q ) to be tied between this pin and XTAL2 or a
logic CMOS level 15.36MHz clock from a stable source. When using a crystal, a
total of 33pF load capacitance to GND must also be connected. In NT
configurations. MCLK clock input doesn’t need to be synchronous with the
Network Reference Clock (FSa).

XTAL2

Crystal Oscillator Output. This pin should be connected to one end of the
15.36MHz crystal, otherwise is not connected.

BCLK

Bit Clock: this signal determines the data shift rate at GCI. Data is shifted-in on Bx
and shifted-out on Br at half the BCLK frequency. When NT/TES mode is selected.
BCLK is an input which does not need to be synchronous with the Master Clock
input (MCLK).

When TEM is selected, BCLK is an output at frequency of 1536kHz. This clock is
phase locked to the receive line signal and synchronous with FSa output.

FSa

Frame Synchronization Clock: 8kHz clock which defines the start of the frame on
the GCl slave (NT/TES) Fsa is an input used as a network reference clock for S/T
line. In GCI master (TEM) is an output applicable as a validation strobe for the first
B channel.

S1/FSb

1

S1if MO = 1;1s GCI channel number selection.
FSb if MO = 0 and M1 = 0 (TEM): is a data strobe indicating the active slot for the
second B channel on the GCI.

Bx

Digital Input for GCI Channels: data to be transmitted to S line is shifted-in at half
the BCLK frequency on the 2nd falling edge.

Br

10

Digital Output for GCI Channel (OPENDRAIN): data 1s shifted-out at half the BCLK
frequency on the transmit rising edges of BCLK.
An external pull-up resistor 1s needed.

DEN

DEN in TEM mode: is an output, normally low, that pulses high to indicate the
active time slot for D channel data at the Bx input. It is intended to be gated with
BCLK to control the D channel shifting from a layer 2 device (i.e. ST5451) to
ST5421 transmit buffer. Using ST5451 HDCL/GCI controller, no external circuitry
is needed.

6 SGS-THONMSORN 3/26
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PIN DESCRIPTION (continued)

Name Number Description
PCKO IN TEM, LT/NT2, NT1 mode: 32 kHz clock output synchronized to GCI
clocks. It1s intended to synchronize DC/DC converter in TEM mode.
CLK in TES mode: 1s a clock signal open drain output phased-locked to the
PCKO/CLK 12 )
receive S line signal and applicable as far-end clock reference. Its frequency is
1536kHz compatible with 768kbit/s GCI data rate. An external pull-up resistor is
needed
MO = 0: GCI mode selection, Time slot Assigner is selected on GCI channel 0.
Mo 16 MO = 1. GClin a multiplex mode; S0, S1, S2 pins define the GCI channel number
allocated to ST5421. TES/NT2 selection I1s done with the configuration registers.
S2/M1 13 S2 if MO = 1: GCI channel number selection.
If MO = 0; M1 =0:TEM selected, M1 = 1: NT1 selected.
S0 if MO = 1; GCI channel number selection.
BCL in TEM; bit clock output at 768kHz compatible with COMBO families
S0/BCL/BUS 14 ETC5054/57.
BUS in NT1; S Bus Configuration Selection: low for fixed tming recovery and high
for adaptive timing recovery.
RST 15 Reset Pin: must be low at Power On Reset; after, a high pulse on this pin reset
ST5421 in a state depending on the other configuration pins.
Line Signal Detect: open drain output, normally high impedance, pulling low when
LSD- 18 SID-GCl is powered down and an S line signal is detected.
It is applicable to wake up a microprocessor from a low power idle mode
LSD” output goes back to high impedance when ST5421 is powered up.
Transmit AMI signal differential outputs to the S/T line transformer, when used
LO+, LO- 1.2 with an appropriate 2:1 step down transformer, the line signal conforms to the
output pulse masks in CCITT 1.430.
Receive AMI signal inputs from the S/T line transformer. They should be
LIt 19,20 connected to an appropriate 1:2 or 1:1 transformer through a line coupling circuit

to conform | 430 recommendation. LI" pin is also the internal voltage reference pin.

Table 1: Pin configurations

(1) differentiation between TES and LT/NT2 is done by register programming.
Default value after reset is LT/NT2 in adaptive timing recovery configuration.

NETWORK
TERMINAL TERMINATION 1
T Th o T TSt T Tt
ST5421) , 1 1ST5421 '
TEN mode| 1 S ' INT1 mode| GCI uIb U
e | '. __________ 1
NETWORK NETWORK
IEBN!N_RL_ _ _T_ER_"I_NH_TI_OI‘j Z o _T_ERPI_NH_T'I_Oﬂ_ 1 o
1 1 1
ST5421|, ' |ST5421 ST5421|, ,'|ST5421 '
TEM mode| 1S ' | LT/NT2 1 GCT |TES mode| 17 ' |NT1 mode| GCI uip = 1
O v o oL . oo oo a
TEM LT/NT2(1)| TES (1) NT1
MB i=8 i=1 i=1 1=08
DEN o-DEN
S2/M1 i=M1=8 i=52 i=52 i=M1=1
S1/FSb o«FSb i51 i=51 Not used
S0/BCL/BUS o-BCL i-58 i-Se i-BUS
PCKO/CLK 0=PCKO 0=PCKO 0=CLK o0=PCKO

Nn89575421-86
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FUNCTIONAL DESCRIPTION
POWER OF INITIALIZATION

Following initial application of power, SID-GCI
enters the power down de-activated state.
RST input must be tied low during power-on.

After Power on reset, all the internal 1.430 circuits
including the master oscillator are inactive and in
a low power state except for the line signal detec-
tion circuit.

After any period of activity a high pulse on RST
reset completely SID-GCI.

Configuration mode programming of SID-GCI is
done by means of pins polarization and register
programming.

NT1 and TEM modes are defined only by means
of 2 configuration pins M0, M1 at Power On
Reset.

For NT2 and TES modes (M0=1), configuration
has to be completed by means of a Control In-
struction on Monitor channel prior a Power Up in-
struction.

POWER UP/DOWN CONTROL

When TEM configuration is selected, ST5421 pro-
vides GCI Clocks needed for control channel
transfer. Power Up instruction is directly provided
by pulling low the Bx data input. SID-GCI then
reacts sending GCI clocks. LSD- output pin can
be directly connected to Bx data input for provid-
ing an automatic Power up when far-end attempts
to activate.

After a period of activity, Power down state is nor-
mally re-entered by C/I control code DC (1111)
while ST5421 is sending C/I indication code DP
(0000); then ST5421 send twice C/I indication
code DI(1111) before to power down.

It is possible to force immediately power down
state by using PDN (0001) C/I control code.

When NT1 configuration is selected, ST5421 is
powered up directly by receiving GCI clocks on
BCLK and FSa input from the "U" device. The
only way to power down ST5421 is to stop BCLK
or FSa clock signal inputs.

For example PDN (0001) C/I control code has no
effect.

When NT2 or TES configuration is selected, SID-
GCl is powered up by the PUP code (0000) on
C/I Control Channel. After a period of activity,
Power down state is normally reentred by C/I con-
trol code DC (1111) while ST5421 is sending C/I
indication DI(1111).

It is possible to force immediately Power down
state by using PDN (0001) C/I control code. In

NT1, NT2 or TES mode, loss of GCI clocks auto-
matically forces the power down state.

POWER UP/DOWN STATE

Following a period of activity in the power up
state, power down state may be re-entered as
described above. Configuration Registers remain
in their current state. They can be changed by the
GCI Monitor channel.

The power down transition disables analog and
1.430 circuitry, stops the Crystal Oscillator and all
the clocks internally generated. Line Signal De-
tector Circuit remains active allowing LSD-pin to
pull low if a receive signal is detected.

Power up transition enables all analog and 1.430
circuitry, starts the Crystal oscillator and reset the
state machine to the de-activated state. It also in-
hibits LSD-output.

LINE CODING AND FRAME FORMAT

For both directions of transmission, Alternate
Mark Inversion (AMI) coding with inverted binary
is used, as illustrated in figure 1.

This coding rule requires that a binary ONE is
represented by a 0 current high impedance out-
put, whereas a binary ZERO is represented by a
positive or negative-going 100% duty cycle pulse.
Normally, binary ZEROs alternate in polarity to
maintain a d.c. balanced line signal.

The frame format used in SID-GCI follows CCITT
reccommendation in 1.430 and illustrated in figure
2. Each complete frame consists of 48 bits, with a
line bit rate of 192kbit/s, giving a frame repetition
rate of 4kHz. A violation of the AMI coding rule is
used to indicate a frame boundary, by using a 0+
bit followed by a 0- balance bit to indicate the
start of a frame, and by forcing the first binary
zero following the balance bit to be of the same
polarity as the balance bit.

In the Network Termination (NT) to Terminal
Equipment (TE) transmission direction, the frame
contains in addition to the 2B+D basic access
data, an echo channel, the E bit, which is used to
retransmit the D bits that are received from the
TE (s), and three extra channels: FA, M and S bit.

In the TE to NT direction, the frame contains in
addition to the 2B + D data, an extra channel, the
FA bit.

FA, M and S bits are used to set up a Q multi-
frame channel in the TE or NT direction, and a S1
multiframe channel from NT to TE. These 800bit/s
message oriented channels are structured on the
base of the United States ANSI standard specifi-
cation for layer 1 maintenance.

Ly S6s:™HomsoN 5/26
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Figure 1: Inverted AMI Line-coding Rule.
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Figure 2: Frame Format
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1 = framing bit
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1) - D-channel bt

L = D-ccho~channel bit

F, = Auxiliary framing bit ( = 0}

Note  Dots demarcate those parts ot the frame that are independently DC-balanced
Note TheF, hitinthedirection FEto N Tisused asaQbitin every fifth framcifthe Q channel capability 1s applied

N = bit set o a binary value N = 1,
Bl = bit within B channel |

B2 = bt within B channel 2

A = it used for activation

§ = Reserved for future standardization
M = Muluframing bit

LINE TRANSMIT SECTION

The differential line driver outputs LO+ and LO-
are designed to drive a suitable transformer with
an external termination resistor. A 2:1 transfor-
mer, results in a signal amplitude of 750mV on
the line which meets the 1.430 pulse shape for all
the loads specified.

When driving a binary 1 symbol, the output pres-
ents a high impedance in accordance with 1.430.
When driving a 0+ or 0- symbol, the voltage
limited current source is turned on.

Short protection is included in the output stage.

6/26
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Overvoltage protection is required externally.

Depending on TE or NT selected configuration,
192kbit/s data is transmitted on LO+,LO- by
means of clocks respectively locked on the far-
end received bit and frame clocks recovered from
the line with two bit delay between transmit and
receive frame, or locked with a fixed delay on the
Frame Sync signal received from FSa input.

LINE RECEIVE SECTION

The receive input signal should be derived via a
1:1 a or 1:2 transformer of the same type used for

MICROELECTRONICS
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the transmit direction.At the front end of the re-
ceive section is a continuous filter which limits the
noise bandwith. To improve the protection of the
line interface and to comply with the receive input
impedance spec even if power is lost, it is
necessary to add 3 external resistors between the
receive transformer and the LI+/LI- pins.

To correct pulse attenuation and distorsion
caused by the transmission line in point-to-point
and extended passive bus applications, an adap-
tive equalizer enhances the received pulse
shape, thereby restoring a "flat" channel response
with maximum eye opening over a wide spread of
cable attenuation characteristics.

This equalizer is always enabled when either TE
or NT mode adaptive sampling is selected, but is
disabled for NT short passive bus applications,
when NT mode fixed sampling is selected.

An adaptive threshold circuit maximizes Signal to
Noise ratio in the eye at the detector for all loop
conditions.

A DPLL (Digital Phase-Locked Loop) recovers a
low-jitter clock for optimum sampling of the re-
ceived symbols.

The MCLK input provides the reference clock for
the DPLL at 15.36MHz.

When the device is powered down, a Line Signal
Detect circuit, able to discriminate a valid line sig-
nal from noise, is enabled to detect the presence
of incoming data. LSD-output pulls low to wake
up the equipment.

GCI INTERFACE
General Description

GCl interface is an European standardized inter-
face to connect ISDN dedicated components in
the different configurations of equipment as Ter-
minals, Network Terminations, PBX, etc...

In Terminal Equipments, this interface allows con-
nection between SID-GCl and an associated
ST5451 HDLC&GCI Controller used for 16kbit/s
D channel processing and SID-GCI control.
64kbit/s B1 and B2 channels are transferred on
GCI interface providing direct connection for B
channel processing peripherals like Programm-
able ISDN COMBO ST5080 or extra ST5451 con-
trollers.

In NT2 or PBX line card, GCI interface permits
connection of up to 8 SID-GCI onto a common
serial multiplexed bus. Each SID-GCl is assigned
to one GCI channel selected by hardware con-
figuration.

Figure 3 shows the Frame structure of a GCI
channel. One GCI channel is structured in four
subchannels:
- B1 channel 8 bits
- B2 channel 8 bits
- Monitor (M) channel 8 bits
- SC channel which is structured as follows:
D channel 2 bits
C/I channel 4 bits
A bit associated with M channel
E bit associated with M channel

B1,B2 and D channels are used to transfer 2B +
D basic access data.

M channel is used to read and write multiframe
S1 and Q channel messages and to configurate
SID-GCI. Protocol for byte exchange on the M
channel uses the E and A bits.

C/l (Control/Indicate) channel is used to ex-
change "real time" primitives between the SID-
GCI and the Controller as Activation/Deactivation
codes.

Physical Description

The interface consists of 4 wires:
Input Data: Bx
Output Data: Br
Bit Clock: BCLK
Frame Synchronization: FSa

Data is synchronized by BCLK and FSa signals.
The latter insures reinitialization of a time slot
counter at each frame beginning. Its rising edge is
the reference for the first bit of the first GCI chan-
nel. Data is transmitted in both directions at half
the BCLK frequency, on the rising edge of BCLK
and is sampled 1.5 period after the transmit rising
edge. Unused channels are high impedance.

In NT2 or PABX equipments, up to 8 GCI chan-
nels (32 bits each) may be multiplexed on Bx and
Br links used as a serial bus for several devices.
The channel number selection is made by pro-
gramming pins S0,S1 and S2 according to the fol-
lowing rules:

S2 S1 S0 Channel Number Timeslots
0 0 0 0 0-3
0 0 1 1 - 4-7
0 1 0 2 8-11
0 1 1 3 12-15
1 0 0 4 16-19
1 0 1 5 20-23
1 1 0 6 24 - 27
1 1 1 7 28 - 31
577 SGS-THOMSOR 7126
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Figure 3: GCl Interface Structure
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S CN CN N 0 CRINED 0 NN EN 0.
FsSa 8 KHz r
BCLK

BCLK frequency may be any value between 512
and 6176kHz.

In TEM and NT1 configurations, the first GCI
channels is automatically selected.

In TEM configuration, due to SID-GCI recovery
circuitry, a low jitter should be provided on FSa
and BCLK clocks. FSa and BCLK are always in
phase. The maximum value of jitter amplitude is a
step of 65ns at each GCI frame (125us). The
maximum high frequency jitter amplitude is 130ns
pk-pk.

For applications such as the network side of an
NT2, eg, a PABX trunk card, TES mode allows
the transmission side of SID-GCI to be a slave to
the received frame timing while GCI is also in
slave mode Elastic buffers which allow any phase
relationship between FSa and 1.430 frames and a
clock resynchroniser circuit absorb jitter and low
frequency wander up to at least 18us pk-pk at fre-
quencies below 10Hz.

Exchange Protocol on the C/I channel

Exchange of information in the C/I channel runs
as follows:

Two devices connected on a GCI channel send
each other a permanent four bit command code
in the C/I field. The same code is sent at a 8kHz
frequency as long as the content of the internal
C/l register remains unchanged.

When a change of C/l the command is initiated
that is recognized by SID-GCI if detected in two
consecutive frames.

8/26
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ST5421 will interpret the new code and send the
corresponding control instructions on the S line or
switch a local function as long as the correspond-
ing action is required.

An information change received from the S line or
a local status change of SID-GCI set a new indi-
cation code on the C/I channel. The code is sent
at least in 2 consecutive frames.

Table 2 gives the C/I codes meaning. C1 bit is
first transmitted.

Here after for each mode a list of recognized
Control and Indicate codes is given.

TEM mode: Control

0000 (DR) : Deactivation Request

In the Power Up state, DR instruction can be
used as a Deactivation Request instruction to
force transmission of INFOO on the S line.

0001 (PDN) : Power Down Request.

PDN instruction forces the device to the Power
Down state after that DI (1111) has been sent
in two consecutive frames.

1000 (ARS8) : Activate Request Class 8.

ARS8 instruction combines an Activation Re-
quest, which initiates the Activation Sequence
on the line, and a request to attempt to access
the transmit D channel in the high priority class
at the S interface after its complete activation.
After activation of the S interface, Al8 indication
is sent by ST5421. D channel access attempt is
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Table 2: C/I Channel Coding

Code TEM LT/NT2 TES NT1
C1C2C3C4 Ind. Com. Ind. Com. Ind. Com. Ind. Com.
0000 DP DR TIM PUP/DR DP PUP/DR TIM DR
0001 X PDN X PDN X PDN X X
0010 X X X X X X X X
0011 EOM X X X X X X X
0100 El X El X El X El Fl2
0101 X X X X X X X X
0110 X X X X X X X X
0111 X X X X X X X X
1000 AP ARS8 AP AR AP AR AP AR
1001 CON AR10 X X X X X X
1010 X ARL X ARL X ARL X ARL
1011 X X X X X X X X
1100 Al8 X Al Fl4 Al X Al Fl4
1101 Al10 X X X X X X X
1110 AlL X AlL X AlL X AlL X
1111 DI DC DI DC DI DC DI DC

(x) codes reserved

automatically processed for each HDLC frame
to be transmitted without need for new Control
Instruction.

Except for code EOM, any further indication
change on C/l as CON or El deactivates D
channel access attempt at the S interface. A
new ARS8 instruction is needed to restart the
procedure.

Note : A new ARS8 instruction means that if the
controller was already sending ARS8, it has to
change first the code sent to ie DC (1111) and
after change again to ARS.

1001 (AR10) : Activate Request Class 10.
Same meaning as AR8 command but request-
ing access to transmit D channel with low
priority class.

After activation of the S interface has been
completed, Al10 indication is sent by SID-GCI.

1010 (ARL) : Activate Request Loopback.

ARL instruction operates a loopback of 2B + D
channels from Bx input to Br output. It may be
set when the device is either activated, in which
case it is transparent (the composite signal is
also transmitted to the line), or when it is deacti-
vated in which case it is non transparent.

Any change from ARL to another C/| command
clears the loopback.

When the complete loopback is activated, (AIL)
code is sent by SID-GCI.

1111 (DC) : Deactivation Control.
DC instruction allows ST5421 to enter automat-

ically the Power Down state if the S line is
deactivated (DP sent by SID-GCI). When S line
is not deactivated, DC has no effect.

TEM mode : Indication

0000 (DP) : Deactivation Pending Indication.

DP code indicates ST5421 is powered up and

that no identified signal has been detected on

the S line. DP indicatior: is sent when one of the

following events occur :

- Power Up has been completed and no signal
is identified on the line,

- after a period of activity, INFOO is detected on
the S line,

- the device being in status F4, F5, F6, F7 or,
F8, a DR instruction is issued.

0011 (EOM) : End of Message.

EOM indicates that the closing flag of a D chan-
nel message has been transmitted on S line in-
dicating successfull completion of a packet
sending. EOM is sent continuously until receiv-
ing of a new AR8 or AR10 command or line
status change.

EOM code sending can be disabled via a Moni-
tor channel instruction EID : (see table 3).

0100 (El) : Error Indication.

El indicates that a frame loss of has been de-
tected on S line ; is sent when one of the follow-
ing events occur :

- being in the F6 or F7 states, detection of a
loss of frame, (jump to F8).
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- being in the F7 state, receiving of INFO2,
(jump to F6).

1000 (AP) : Activation Pending.

AP indicates that INFO2 (or INFO4) frames
have been identified on the line.

AP indication is sent when one of the following
events occur:

- being in F2 deactivated state, detection of
INFO2 or INFO4.

- being in the loss framing state F8, detection of
INFO2

1001 (CON) : Contention Indication

CON is sent when, during transmission of a
packet in the D channel, a received E bit does
not match the last transmitted D bit, indicating a
lost collision.

D channel access attempt is deactivated at the
S interface. A new AR8 or AR10 instruction is
needed to restart the procedure.

1100 (AI8) : Activation Indication Class 8.

Al8 is sent when, following an ARS8 instruction,
the S line is completely activated (state F7).
The D channel access procedure is set in the
high priority class 8 (or 9).

1101 (AI10) : Activation Indication Class 10.
AI10 is sent when, following an AR10 instruc-
tion, the S line is completely activated. The D
channel access procedure is set in the low
priority class 10 (or 11).

1110 (AIL) : Activation Indication Loopback.
AlL indicates that the complete loopback re-
quested by the instruction ARL is completed.

1111 (DI) : Deactivation Indication.

Dl is sent at least in two consecutive frames
when, being in the S line deactivated state (DP
indication sent by SID-GCI) DC control instruc-
tion is received on C/I control channel.

After that, SID-GCI is automatically powered
down.

TES mode : Control.

0000 (PUP/DR) : Power Up Request/Deactiva-
tion Request.

When in Power Down, Power Up instruction
powers up the device in the configuration pre-
viously set. When in Power Up, PUP/DR can be
used as a Deactivation Request instruction to
force the transmission of INFOO on the line.

0001 (PDN) : Power Down Request.
PDN instruction forces the device to the Power
Down state.

1000 (AR) : Activate Request.
AR instruction initiates the Activation Sequence
on the line. It is recommended that an AR be
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delayed at least 2ms after the PUP instruction.

1010 (ARL) : Activate Request Loopback.
Identical to TEM mode.

1111 (DC) : Deactivation Control.

DC instruction allows ST5421 to enter automat-
ically the Power Down state if the S line is
deactivated (DI sent by SID-GCI). When S line
is not deactivated, DC has no effect.

TES mode : Indication.

0000 (DP) : Deactivation Pending.

DP code indicates ST5421 has been just
powered up and no signal has been identified
on the line.

0100 (El) : Error Indication.
Identical to TEM mode.

1000 (AP) : Activation Pending.
Identical to TEM mode.

1100 (Al) : Activation Indication.
Al is sent when, following an AR instruction, the
S line is completely activated in state F7.

1110 (AIL) : Activation Indication Loopback.
Identical to TEM mode.

1111 (DI) : Deactivation indication.
DI indication is sent when one of the following
events occur:
- After a period of activity, INFOO is detected
on the S line,
- the device beeing in status F4, F5, F6, F7
or F8, DR instructions is issued.

NT1 mode : Control.

0000 (DR) : Deactivation Request.

DR command forces ST5421 through the ap-
propriate deactivation sequence where INFOO
is sent on the line. The device remains in the
Power Up state. DI indication is sent.

0100 (FI2) : Force Info 2

Being in the activated state G3, FI2 instruction
forces the appropriate sequence to send INFO2
on the line. If the S line is not completely acti-
vated, FI2 instruction has no effect.

1000 (AR) : Activation Request.

Being in the inactive Power Up state, sending
INFOO, AR instruction forces SID-GCI through
the appropriate sequence to send INFO2 on the
line. It is recommended that an AR instruction
be delayed at least 2ms after setting the GCI
clocks.
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1010 (ARL): Activate Request Loopback.
Identical to TEM mode.

1100 (Fl4) : Force Info 4.

An activation Request being in progress, Fl4 in-
struction allows SID-GCI through the appropri-
ate sequence to send INFO4 on the line.

1111 (DC) : Deactivation Control.
DC instruction has no effect on SID-GCI.

NT1 mode : Indication.

0000 (TIM) : Timing Requested.

Being in Power down state, the LSD- output is
pulled low to indicate that the far-end is at-
tempting to activate the S interface. The device
requests GCI clock signals. Receiving of GCI
clocks powers up the SID-GCI, LSD- is freed,
and TIM code is sent on the C/I channel.

0100 (El) : Error Indication.

El code indicates that a loss of frame has been
detected on the S line, ST5421 being previously
activated.

1000 (AP) : Activation Pending.

AP code indicates that INFO1 frames have
been identified of the line. The device is waiting
for an activate request to send INFO2.

1100 (Al) : Activation Indication.
Al code indicates that the S line is activated.
That means it is receiving INFO3.

1111 (DI) : Deactivation Indication.

DI code indicates S line is completely deacti-
vated: the device can be powered down switch-
ing off GCI clocks.

1110 (AIL) : Activation Indication Loopback.
Identical to TEM mode.

NT2 mode : Control.

0000 (PUP/DR) Power Up Request/Deactiva-
tion Request.

When in Power Down state, PUP code powers
up the device in the NT2 configuration pre-
viously selected. When in Power Up state DR
code forces the appropriate deactivation se-
quence where INFOO is sent on the line. SID-
GCI remains in Power Up state.

0001 (PDN) : Power Down Request.
Identical to TES mode.

1000 (AR) : Activation Request.

After a PUP instruction, AR forces the appropri-
ate sequence to send INFO2 on the line. It is
recommended that AR instruction is sent after
receiving TIM indication..

1010 (ARL) : Activation Request Loopback.
Identical to TEM mode.

1100 (FI4) : Force Info 4.

An Activation Request being in progress, Fl4 in-
struction puts ST5421 through the appropriate
sequence to send INFO4 on the line.

1111 (DC) : Deactivation Control.

The DC instruction allows to enter the power
down state if the S line is deactivated.

DC control has no effect if SID-GCI not sending
Dl indication.

NT2 mode : Indication.

0000 (TIM) : Timing Requested.

Being in Power down state, LSD- output is
pulled low to indicate that far-end is attempting
to activate the interface. SID-GCI requests GCI
clocks followed by a PUP instruction. After re-
ceiving, LSD- is freed and TIM is sent on C/I
channel.

0100 (El) : Error Indication.
Identical to NT1 mode.

1000 (AP) : Activation Pending.
Identical to NT1 mode.

1101 (Al) : Activation Indication.
Identical to NT1 mode.

1110 (AIL) : Activation Indication Loopback.
Identical to TEM mode.

1111 (DI) : Deactivation Indication.
The DI code indicates that the S line is com-
pletely deactivated.

EXCHANGE PROTOCOL ON M CHANNEL

Protocol allows a bidirectional transfer of bytes
between SID-GCI and a Controller (for example
ST5451) with an acknowledgement at each re-
ceived byte.

Write cycle.

The Controller sends to ST5421 control instruc-
tion(s) coded on a single byte. It is possible but
optional to write several control instructions in a
single message. Control instruction bytes are
structured as defined in Table 3.

Read cycle.

When a new validated S1 or Q message is re-
ceived from the line, the device send a single byte
message as defined in table 4. If a new message
is received from the S line before the previous is
acknowledged by the controller end, this new
message is lost.
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Exchange protocol.
The exchange protocol is identical for both direc-
tions.

The sender uses E bit to indicate that it is sending
a M byte while the receiver uses A bit to acknow-
ledge the received byte.

When no message is transferred, E bit and A bit
are forced to inactive state (i.e. high impedance).

A transmission is initialized by the sender setting
E bit in active state and sending the first byte on
M channel in the same frame. Transmission of a
message is allowed only if A bit received has
been detected inactive in the last two frames.

When the receiver is ready, it validates the re-
ceived byte internally when it has been detected
identical in two consecutive frames. Then, the re-
ceiver set first A bit from inactive to active state; it
is the pre-acknowledgement, and maintain A bit
active at least in the following frame, it is the ac-
knowledgement.

If validation is not possible, the two last bytes re-
ceived not identical, the receiver abort the mess-
age by setting A bit active for one frame only.

A second M byte may be transmitted by the sen-

Figure 4: Monitor messaging

der turning E bit from active to inactive state and
sending the byte in the same frame. The E bit is
set inactive for one frame only. If it remains inac-
tive more than one frame, it is an end of mess-
age. The second byte may be transmitted only
after receiving the pre-acknowledgement of the
previous byte (see timing diagram).

The receiver validates the current received byte
as for the first one and then set A bit in the next
two frames first from active to inactive state (pre-
acknowledgement) and from inactive to active
(acknowledgement). If the receiver cannot vali-
date (the two bytes received are not identical) it
pre-acknowledges normally but let A bit in the in-
active state in the next frame which indicates an
abort request.

If a message is aborted, ST5421 sends again the
complete message until receiving acknow-
ledgement.

A received message is acknowledged or aborted
without flow Control.

Figure 4 gives the timing of a write cycle. The
most significant bit of a Monitor byte is sent first of
the M channel. E & A bits are active low and inac-
tive state on Br is high impedance.
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Table 3: Monitor Channel Instruction

Functions Mnemonic Bit Number
7 6 5 4 3 2 1 0
Device Mode:
NT Mode Adaptive Sampling (*) NTA 0 0 0 0 0 1 0 0
NT Mode Fixed Sampling NTF 0 0 0 0 0 1 0 1
TE Slave Mode (slave-slave) TES 0 0 0 0 0 1 1 0
Monitoring Mode Activation MMA 0 0 0 1 1 1 1 1
TE Master Mode TEM 0 0 0 0 0 1 1 1
B Channel Configuration:
B Channel Mapped Direct (*) BDIR 0 0 0 0 1 1 0 0
B Channel Exchanged BEX 0 0 0 0 1 1 0 1
B1 Channel Enabled (*) B1E 0 0 0 1 0 1 0 0
B1 Channel Disabled B1D 0 0 0 1 0 1 0 1
B2 Channel Enabled (*) B2E 0 0 0 1 0 1 1 0
B2 Channel Disabled B2D 0 0 0 1 0 1 1 1
End of Messages Indication:
EOM Indication Enabled (*) EIE 0 0 0 1 0 0 0 1
EOM Indication Disabled EID 0 0 0 1 0 0 0 0
Multiframe Processing:
Multiframe Disabled (*) MID 0 0 0 1 0 0 1 1
Multiframe Enabled MIE 0 0 0 1 0 0 1 0
Disable Three Time Checking DIS3X 0 0 1 0 1 0 0 1
Enable Three Time Checking (*) EN3X 0 0 1 0 1 0 0 0
Write Multiframe Message MFT 0 0 1 1 M1 M2 M3 M4
Loopback Test Mode:
Clear All loopbacks (*) CAL 0 0 0 1 1 0 1 1
Loopback B1 on Line Enabled LB1E 0 0 0 1 1 0 0 0
Loopback B2 on Line Enabled LB2E 0 0 0 1 1 0 0 1
Loopback 2B+D Enabled (1) LBS 0 0 0 1 1 0 1 0
Loopback B1 on GCI Enabled LBB1E 0 0 0 1 1 1 0 0
Loopback B2 on GCI| Enabled LBB2E 0 0 0 1 1 1 0 1
(1) alternate command instruction to ARL (C/l code), but without any status indication pending.
(*) inttial state following Power on initialization
Table 4: Monitor Status Messages
Functions Mnemonic Bit Number
5 4 3 2 1 0
Multiframe Receive Register MFR 0 1 1 M1 M2 M3 M4

Monitor channel code description:
Monitor channel code list is given in table 3 and 4.

Device mode.

NTA : NT mode Adaptive sampling.

In NT mode, adaptive sampling should be se-
lected when the device is an NT equipment con-
nected on any wiring configuration up to the maxi-
mum specified length for operation. Multiple
Terminals, if required, must be grouped within ap-
proximately 50 meters one from each other (de-
pending on cable capacitance as indicated in
1.430). Transmit section of SID-GCI is phased
locked to GCI FSa source.

NTF : NT mode fixed sampling.
In NT mode, fixed sampling should be selected

57‘7 SGS-THOWISON

when the device is in a NT equipment connected
on a passive bus wiring configuration up to ap-
proximately 200 meters in length depending on
cable type. In this mode the receiver DPLL is dis-
abled and sampling of the received symbols is
fixed to enable multiple Terminals (nominally up
to 8) to be connected anywhere along the passive
bus. Transmit and Receive section is phased
locked to GCI FSa source.

TES : TE mode connected on the T interface.
This mode should be selected when the device is
used on the T interface side of an NT2 equip-
ment. 1.430 circuitry operates as in TE mode but
GCl interface is driven by BCLK and FSa sources
providing a slave-slave configuration.

Data buffers and a clock resynchronizer enable
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the GCI to function with FSa and BCLK jittering
sources. No phase relationship is needed be-
tween the line recovered clocks and GCI.

A 1536kHz clock signal output phased locked to
the Recevied line signal is delivered on CLK.

CLK output signal is generated only when
ST5421 if fully activated (state F7) and no clock
signal is detected on that pin by the device during
his own selected GCI channel.

Otherwise CLK output remains high impedance.
Note: CLK output is activated immediately on the first bit of the B2
channel (GCl side) and i1sdeactivated immediately if SID-GCl leaves
F7 state

D channel access Control circuitry is disabled. i.e.
D channel data at Bx input is continuously trans-
mitted to the line; there is no monitoring of the D
echo channel from the network direction.

MMA : Monitoring mode activation.

When ST5421 is configured in TE mode by
means of pins M0, M1, the MMA instruction allow-
s to receive and activate on INFO3 frames, while
remaining the master of GCIl. That configuration
can be used for applications such as monitoring
the outputs of TEs on a passive bus.

The received 2B+D can then be passively moni-
tored (the line transmit LO+,LO- would not be
connected).

TEM : TE Master Mode.

When ST5421 is in TE configuration by means of
pins M0, M1, and in the Monitoring Mode Activa-
tion by means of the instruction MMA, the TEM
instruction set back SID-GC! in the normal TE
Master mode.

B channels configuration.

BDIR/BEX B1E/B1D B2E/B2D

BDIR and BEX instructions provide for the ex-
change of data between the B1 and B2 channels.
(Note: when enabling a B channel in conjuction
with the BEX command, channels is referenced at
the CGl).

When either or both B channels are disabled by
means of the B1D or B2D instruction, binary 1 are
transmitted on the line regardless of Bx input
while Br output is in high impedance state. When
enabled by means of B1E and B2E instructions, B
channel are transparently transmitted.

End of message indication.

EID/EIE

C/I channel End Of Message code sending can
be enabled with instruction EIE and disabled by
means of EID.
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Multiframe processing.

MFT/MFR/MIE/MID

In the Transmit direction, with the device in TEM
or TES mode, data entered in bit positions M1,
M2, M3 and M4 of instruction MFT is transmitted
to the NT in multiframe bit positions Q1, Q2, Q3
and Q4 respectively. With the device in NT mode,
data entered in the M bit positions is transmitted
to the TE in multiframe bit positions S11, S12,
S13 and S14 respectively. In the Receive direc-
tion, when the Multiframe receive data buffer re-
quires servicing, the MFR (see table 4) status
message is autonomously sent with M1, M2, M3
and M4 bits representing Q1, Q2, Q3 and Q4 or
S11, S12, S13 and S14 bits received from the
multiframe respectively.

Multiframe Structure and transmission protocol on
the line comply with the ANSI US Standard
T1.605.1989. "Basic Access Interface for S and T
Reference points - Layer 1 specification”.
Multiframe message exchange can be supported
by SID-GCI when the line is synchronized : states
F6 & F7 in TEM or TES modes and state G3 in
NT modes.

The multiframe channel processing must be en-
abled by an MIE instruction to use these chan-
nels.

DIS3X/EN3X

When EN3X is set, a new Multiframe message re-
ceived from the line is checked and transferred on
the M channel when received three times identi-
cal.

When DIS3X is set, Multiframe messages are
transferred tranparently every superframe.

Loopback test modes

CAL/LBS/LB1E/LB2E/LBB1E/LBB2E

LB1E and LB2E instructions turn each individual
B channel from the line receive input back to the
line transmit output. They may be set separately
or together.

LBB1E and LBB2E instructions turn each individ-
ual B channel from GCI input to the GCI output.
They may be set separately or together.

CAL instruction clears both loopbacks.

It is not allowed to set or clear a LB1, LB2, LBB1
or LBB2 loopback while a complete loopback is
set by means of the C/I instruction ARL. LBS can
be used as an alternate command to ARL.

Activation/Deactivation

In NT configuration :
After Power on initialization, ST5421 can be con-

MICROELECTRONICS

266



ST5421

figured in NT1 or NT2 mode, by means of pins
and register programming. In NT1, SID-GCI is
powered up directly by receiving the GCI clocks
on BCLK and FSa inputs. In NT2 mode, the de-
vice is powered up by means of PUP code on the
C/I Control channel.

Activation may be initiated from either end of the
loop.

To operate an activation from the Network,
ST5421 must be first powered up by the appropri-
ate procedure followed at least 2ms later by an
AR instruction on the C/I channel. Network timing,

Figure 5: Activation Procedure in GCI mode, NT Selected.

688 POWER DOUN

SET LSD- -8
JUMP to GB1 state

IF Line Signal Detected

IF Power Up control SET
Powers Up
SET TIM indicate
JUMP to G186 state

G18 POVER UP
de-activated

G81 POUER DOWN
pending far-end activation

IF Power Up control SET
Pouers Up
SET TIN indicate
JUMP to G106 state

IF AR control SET
SEND INFO2
JUMP to G2 state

IF INFO8 received &
DC Control SET &
NT2 mode selected

Powers Down
JUMP to Gee

G11 FAR-END
ponding activation

IF AR Control SET
SEND INFO2
JUMP to G2 state

IF INFO8 received

DC Control SET &

NT1 mode selected
JUMP to G18

IF INFO1 received
SET AP indicate
SET INFOS
JUMP to G11 state

G2 NEAR-END
pending activation

IF DR Control SET

IF INFO3 received

IF DR Control SET

SEND INFOB SET Al indicate SEND INFO8
SET DI indicate SEND INFO02 SET DI indicats
JUMP to G18 JUMP to G3 JUNP to Gie

G3
pending activation

IF INFO3 &
F14 Control SET
SEND INFO4
JUNP to G4

IF not INFO3
SET EI
SEND INFO02
JUMP to G2

G4 ACTIVATED

IF DR Control SET
SEND INFOB
SET DI indicate
JUNP to Gi@

IF FI2 Control SET

IF loss of frame detected

IF DR Control SET

SEND INFO2 or if INFOB received SEND INFOB
JUNP to G2 SEND INFO2 SET DI indicate
SET EI indicate JUMP to G18
JUMP to 62
Ne9STS421-87
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FSa, BCLK and MCLK must be present at this
time. When activation is initiated by the far-end,
SID-GCI being in the Power Down state, a Line
Signal Detector circuit pulls low LSD- pin, which
can be used to wake up the system. A power Up
procedure must be then be issued allowing identi-
fication of received signal ie, INFO1 or INFO2.
The appropriate procedure is then followed ac-
cording to 1.430.

1.430 recommends that 2 Timers should be avail-
able in an NT. An Activation Request should be
associated with the start of an external Timer 1 if
required. Timer 1 should be stopped when the Al
indication is generated following successful acti-
vation. If Timer 1 expires before Al is generated,
however, Control instruction DR should be written
to the device to force deactivation. Timer 2 which
is specified to prevent unintentional re-activation,
is not required since ST5421 can uniquely recog-
nize INFO1 frames.

Two extra codes are needed for NT1 application:
Fl4 indicates to the SID-GCI that the U line is acti-
vated and allows completion of activation by
sending INFO4. FI2 indicates to SID-GCI that the

U line has lost synchronization and requests
sending of INFO2.

In TEM or TES configuration :

After Power on initialization, ST5421 can be con-
figured in TE or TES power down mode, depend-
ing on pins and register configuration setting. In
TEM mode, SID-GCI is powered up by pulling low
the Bx input. SID-GCI reacts by sending GCI free-
running clocks. In TES mode, the SID-GCI is
powered up by means of the PUP code on the C/I
Control channel.

Activation may be initiated from either end of the
loop. To operate an activation from the Terminal,
the device must be first powered up by the appro-
priate procedure followed at least 2ms later by an
AR instruction on the C/I channel. When activa-
tion is initiated by the far-end, SID-GCI being in
the Power Down state, a Line Signal Detector Cir-
cuit pulls low the LSD- pin, which can be used to
wake up the system. A Power Up procedure must
then be issued allowing identification of received
signal ie, INFO2. The appropriate procedure is
then followed according to 1.430.

Figure 6: Activation Procedure in GCl mode, TE Selected

F18 POVER DOUN

F11 POWER DOUN
pending far-end activation

IF Bx SET - 8
Powers Up
SET DP indicate
JUMP to F2

IF Line Signal Detected
SET LSD- -8
JUMP to F11

F2 POVER uP
deactivated

IF Bx SET = B
Powers Up
SET DP indicate
JUMP to F2

IF INFOB received &
AR(1) Control SET
SEND INFO1
JUMP to F4

IF INFO2 or INFO4 received
SET AP indicate
SEND INFOB
JUMP to F3

F3 FAR-END
pending activation

IF INFO8 received &
DC Control SET
SET DI indicate (TEM only)
Powers Down
JUMP to F18

IF AR(1) Control SET

IF INFO2 received &

IF INFO4 received &

SEND INFOB AR(1) Control SET AR(1) Control SET
JUMP to FS SEND INFO3 SET AI(1) indicate
JUMP to F6 SEND INFO3
JUMP to F?
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Figure 6: Continued

F4 FAR-END
pending activation

IF DR Control SET IF Line Signal Detected
SET DP indicate (TEM only) SEND INFO®
SET DI indicate (TES only) JUNP to FS
SEND INFOB
JUMP to F2

FS IDENTIFYING
pending activation

IF DR Control SET IF INFO2 received IF INFO4 received
SET DP indicate (TEM only) SEND INFO3 SEND INFO3
SET DI indicate (TES only) JUNP to F6 SET AI(1) indicate
SEND INFOB JUMP to F?
JUNP to F2

F6 SYNCHRONIZED
pending activation

IF INFO® received OR IF INFO4 received IF Loss of Frame Detected
DR Control SET SET AI(1) indicate SET EI indicats
SET DP indicate (TEM only) SEND INFO3 SEND INFOB
SET DI indicate (TES only) JUMP to F? JUMP to FB
SEND INFOB
JUMP to F2

F? ACTIVATED

IF INFO® received OR IF INFO2 received IF Loss of Frama Detected
DR Control SET SET AP indicate SET EI indicate
SET DP indicate (TEM only) SEND INFOS SEND INFOB
SET DI indicate (TES only) JUHMP to F6 JUMP to F8
SEND INFOB
JUNMP to F2

F8 LOSS FRAMING

IF INFO® received OR IF INFO2 received IF INFO4 received
DR Control SET SET AP indicate SET AI(1) indicate
SET DP indicate (TEM only) SEND INFO3 SEND INFO3
SET DI indicates (TES only) JUMP to F6 JUMP to F?7
SEND INFOO
JUMP to F2

(1) AR means: AR, ARB or AR18 while AI means:! AI. AIB or AI18

depending on configuration nessTsezs-as

. 17/26
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1.430 recommends that a Timer should be avail-
able in a TE. An Activation Request to the SID-
GClI should be associated with the start of an ex-
ternal Timer 3 if required.Timer 3 should be
stopped when the Al indication is generated fol-
lowing successful activation. Timer 3 expires be-
fore Al, Al8 or Al10 is generated, however, Con-
trol instruction DR should be written to the device
to force de-activation.

D CHANNEL ACCESS IN TEM MODE

A controller device requiring to start transmission
of a packet on the line should first prepare the
complete message such that the opening Flag is
ready to be shifted accross GCIl. A Control In-
struction AR8 or AR10 will initiate first the Activa-
tion Sequence on the line until activation has
been completed and then the D channel access
sequence according to Priority Class 1 (signalling)
or Priority Class 2 (Data packet) respectively.

After line activation, AI8 (or Al10) indication is
sent from SID-GCI. Then, DEN output immedi-
ately enables to prefetch the opening flag from
the controller device into the SID-GCI D channel
buffer. Meanwhile, the Priority Counter checks
that no other TE connected to the S interface is
transmitting in the D channel. This is assured by
counting consecutive "1"s in the E bit position of
frames received from the NT and comparing the
value with the current priority level as specified by
1.430. If another TE is active in the D channel,
DEN pulses are inhibited once the Opening Flag
is in the Transmit buffer to prevent further fetching
of Transmit data from the Controller until D chan-
nel access is achieved.

As soon as the required number of consecutive E
bit "1"s has been counted, the leading 0 of the
opening flag is transmitted in the next D bit posi-
tion to the NT. Then, DEN pulses are re-enabled
in order to get new D channel bits. No other in-
structions are necessary for local flow control be-
tween controller and ST5421.

During transmission in the D channel, SID-GCI
continues to compare each E bit with the D bit
previously transmitted before proceeding to send
the next. In case of mis-match, a contention for
the previous D bit is assumed to have been won
by another TE. Transmission of the current
packet therefore ceases and "1"s are transmitted
in all following D bit positions. Status indication
CON is sent to the controller on C/I channel. DEN
output pulses are again inhibited, and D channel
access sequence is disabled.

In order to retransmit the lost frame, the controller

must begin as before sending a new ARS8 (or
AR10) ; it has to change first the code sent (ie DI)
and after change again to AR8. Successful send-
ing of a transmit frame is detected when the clos-
ing Flag is transmitted in the D channel. "1"s are
then transmitted in the following D bit positions.

If enabled by the Control Instruction EIE, indica-
tion EOM is sent to indicate the End of message.

After sending of a transmit frame successfull, SID
GCI will automatically perform a new D access
sequence if it's still receiving AR8 or AR10 com-
mand on C/I channel, otherwise no D access se-
quence will be done until reception of ARS8 or
AR10 command.

Any indication change on the C/I channel except
EOM indicates deactivation of the D channel ac-
cess sequence and a new AR8 (or AR10) is
needed to restart the procedure.

Note: Users willing to control the D channel ac-
cess, can use this procedure:

Send AR8 or AR10 until receiving DENX, then
remove ARx command code and replace it by an
another command (ie DI that is equivalent to a
NOP operation if the device is full_activated). At
the end of a D frame EOM Indication is received
(if EIE is set); when a new D message is pre-
pared an ask for a new D channel access by AR8
or AR10 can be sent.

Users that want to discriminate consecutive D
channel access with EOM Indication, are sug-
gested to remove EOM Indication, between 2 D
frames, to be able to separate the 2 messages
EOM: With the following method: send ARS8
(AR10) continuously, until receiving EOM Indica-
tion, then send ONCE AR8~ [0111] (AR10~
[0110]) on C/I channel and continue to send the
previous code AR8 (AR10); this AR8~ (AR10~) is
a kind of EOM aknowledge: the device detect a
‘new’ primitive AR8 (AR10), stop EOM Indication
and replace it by AI8 or Al10 if ST5421 is still full
activated.

For application with automatic D channel access and
wanting to change the priority class (8 or 10) for D
channel, they can use the following procedure:
Assuming that the present D frame is priority
class 8 and that the next D frame will be priority
class 10, users can change AR8 code to AR10 as
soon as they are sure that the present D frame is
started, by controlling DENX, anticipating the next
D messages before the closing flag of the present
D frame. When the automatic D channel access
will be performed for next D message, the D
channel request will be done with the desired
priority class. (see figure below).

C/1 Com: ARB....v. ARB.vvvannann ARB AR1B AR1B. . svstvrtertsnranns
DENx s 11t (RN NN RN NN NEEEN] Lt
IStart D End DI INew D Frame
<+ - - - -present Frame- - - - » <« - -Next
Priority=8 Priority=18
N985T5421-10
18/26 <71l SGS-THOMSON
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MULTIFRAME MAINTENANCE CHANNELS (S1
AND Q WORDS)

Each direction of transmission across the S inter-
face includes a low-speed (800 b/s) channel for
loop maintenance accessed via the monitor chan-
nel of ST5421. A multiframe structure, consisting
of 20 frames on the S interface, is used to syn-
chronize these channels and convey messages
coded into 4-bit words, see Table 5. One word is
transmitted downstream (NT-to-TE) in the S1
channel, and one word is transmitted upstream
(TE-to-NT) in the Q channel every multiframe.

When the device is in NT mode, the MIE com-
mand enables both the transmission of the multi-
frame identification algorithm (reversal of the
FA/N bits every 5th frame and M bit set = 1 every
20th frame) and enables the MFR message. The
algorithm is present during INFO2 and INFO4
frames. In TE modes this command only enables
the MFR message since the device will always
search for and synchronize to the multiframing
identification bits if NT is sending them. In all
modes, at the end of each multiframe the re-
ceived 4-bit word is decoded to determine if it

Table 5: Codes for Q and S1 channel messages

should generate an MFR interrupt immediately, or
be stored until 3 consecutive multiframes have
contained the same 4-bit word before a MFR
message is generated. Table 5 lists the codes
which are 3-times checked. Note, however, that
no other action is taken by the ST5421 in re-
sponse to received codes (e.g. loop-backs are not
automotically implemented); the external control-
ler must take the necessary action. This provides
the freedom to implement maintenance functions
without constrains from the device, and to utilise
the unassigned codes for other functions.

It is possible to disable the checking algorithm by
setting DIS3X instruction on M channel. There,
Multiframe words are transferred transparently on
M channel.

The MID command disables the transmission of
the Multiframe identification algorithm in NT mode
and disables the MFR message in both NT and
TE modes. Both the MIE and MID commands can
only be written to the device when it is deacti-
vated (either powered-up or powered-down). The
Multiframe Transmit Register should also be
loaded with the appropriate "idle" messages, by
means of an MFT instruction, prior to activation.

NT to TE TE to NT
M ge (1) Received at TE Number of Repetitions Received at NT Number of Repetitions
Before MFR message Before MFR message
S11 S12 S13 S14 (EN3X set) Q1 Q2 Q3 Q4 (EN3X set)

Idle (Normal) 0 0 0 0 3 1 1 1 1 3
Loss-of-Power

Indication ot 1 o o o0 0 1

STP Pass 0 0 1 0 3 -- - -- - -
STF Fail o o0 o0 1 3 e e -

ST Request (3) - -- -- -- ~ 0 0 0 1 3

STI Indication 0 1 1 1 3 - - - - -
DTSE-IN 1 0 0 0 1 - - - - -
DTSE-OUT 0 1 0 0 1 - e e e --
DTSE-IN & OUT 1 1 0 0 1 - e e e -

LB1 Request - - - - -- 0 1 1 1 3
LB1/Indication 1 1 0 1 3 - -- -- - -

LB2 Request .- e e - - 1 0 1 1 3
LB2/Indication 1 0 1 1 3 - - - -- -
LB1/2Request (2) | -- - - - - 0 0 1 1 3
LB1/2Indication 1 0 0 1 3 -- - -- - -
Loss-of-Received

Signal Indication 1 0 1 0 3 - - - - -
Unassigned All other codes 1 All other codes 1
Notes:

(1) No autonomous action 1s taken by ST5421 in response to received messages. Where appropriate, the external controller must respond with

a command or other action.

(2) The code "0011" will be receved by an NT1 when the LB1 and LB2 requests are transmitted by two different TEs (NT2s) on a Passive Bus.
(8) The code "0001" will be received by an NT1 when ST Request and any other code (except LP) is sent simultaneously by two or more TEs

on a Passive Bus

Lyy SGS:THOMSON 19/26
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ABSOLUTE MAXIMUM RATINGS

Parameter Value Unit
Vce to GND 7 \)
Voltage at Bx, Br Vce + 110 GND -1 \'
Voltage at any Digital Input (except Bx) Vee +1t0 GND -1 Vv
Current at any Digital Input (except Br) + 50 mA
Current at Lo +100 mA
Storage Temperature Range -65 to +150 °C
Lead Temperature (soldering 10s) 300 °C

ELECTRICAL CHARACTERISTICS (unless specified otherwise: Vcc = 5V 5%, Ta = 0 °C to 70°C;

typical characteristics are specified at Vcc = 5V, Ta = 25°C. All signals are referenced to GND).

DIGITAL INTERFACE

Symbol Parameter Test Conditions Min. Typ. | Max. Unit
Vi Input Low Voltage All Digital Inputs 0.7 \
ViH Input High Voltage All Digital Inputs 2.2 \Y
Vix  |Input Low Voltage MCLK/XTAL input 0.5 \
Viix  [Input High Voltage MCLK/XTAL input Vce-0.5 \Y
Yot Output Low Voltage /?{I.glihz;?gigmitgl Outputs: I = +1mA 04 v
VoH Br:lL=3.2mA 2.4 Vv

Output High Voltage All other Digital Outputs: IL = £1mA 2.4 \Y
All outputs, IL = 100pA Vce-0.5 \
L Input Low Current Any Digital Input, GND < VIN < VL -10 +10 UHA
IH Input High Current Any Digital Input, VIH < ViN < Vce -10 +10 pA
loz |Output Currentin HIGH  [All Digital Tri-state I1/Os -10 +10 I
Impedance (tri-state)
LINE INTERFACE
Symbol Parameter Test Conditions Min. Typ. | Max. | Unit
Ru  |Differential Input GND < LI, LI- < Vee 200 kQ
Resistance
Cuo [Load Capacitance From LO+ to LO- 200 pF
Vos |Differential Offset Voltage |Driving Binary 1s, 220Q between LO+ and -20 20 mv
at Loy, Lo- LO-
POWER DISSIPATION

Symbol Parameter Test Conditions Min. Typ. Max. Unit
lccO  |Power Down Current All Outputs Open-circuit 850 HA
lcct |Power Up Current Device Deactivated (Note1) 16 mA

Note1: when the device I1s activated and driving a correct terminated line, ICC1 increases by several mA. Aworst case data pattarn, consisting
of all binary O'S increases ICC1 by apprximately 8mA.

22/26
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ELECTRICAL CHARACTERISTICS (continued)
TRANSMISSION PERFORMANCE -+

Symbol Parameter Test Conditions | min. [ Typ. | Max. | unit
Transmit Pulse Amplitude |Conform to all CCITT 1430 requirenents using the specified transformer.
(see transformer model)
RL 220Q between Los and Lo- +1.4 +1.6 Vpk
Transmit Pulse unbalance |0* reletive to 0° +5 %
Input Pulse Amplitude Differential between Ly, &Li. +175 mVpk
MASTERCLOCK
Symbol Parameter Test Conditions Min. Typ. Max. Unit
MCLK Frequency 15.36 MHz
MCLK Frequency -100 100 ppm
Tolerance
MCLK Input Clock Jitter 50 ns
pk-pk
Timing Recovery Jitter BCLK Output Relative to MCLK at TE -130 130 ns
tMH, tmL | Clock Pulse width High Vi =Vee-0.5V, ViL= 0.5V 20 ns
and Low of MCLK
tMR, tMr |Rise Time and Fall Time |Used as a logical input 10 ns
of MCLK
TRANSFORMER MODEL (all values are to be measured at 10kHz)
Min. Typ. Max. Unit
1:N Primary to Secondary Turn Ratio -1% 2 1%
R Primary Total DC Resistance 12 Ohm
Lp Primary Inductance 22 30 37.5 mH
Lm Primary Inductance with Secondary Shorted 16 20 mH
Cp Primary Capacitance with Secondary Open 25 pF
- Figure 9: Transmit & Receive Transformer Model
2:1 Lm R
T CP pLp
s p
SID LINE
2:1 Lm R
T CP 2Lp
s p j N88ST54260-11A
‘— SGS-THOMSON 28/26
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TIMING SPECIFICATIONS

Symbol Parameter Test Conditions Min. | Typ. | Max. | Unit
tocoe |Delay Time BCLK TE Mode only 30 ns
High to DEN
Transition
thcr  |Hold Time BCLK 0 ns
Trans. to FSa
Transition
tre, trc | Rise & Fall Time 15 ns
BCLK
twer, |BCLK width High & Low 60 ns
twel
tsrc | Setup Time FSa High to 70 BCLK ns
BCLK Low -50
tock |Delay Time BCLK TE Mode only 30 ns
High to FSa HIGH
toco |Delay Time BCLK 20 80 ns
High to DATA Valid
torp |Delay Time FSa High Load 100pF. Apply only if FSa rises later 80 ns
to Data Valid than BCLK rising edge
tocz |Delay Time BCLK 50 120 ns
Low Data Invalid
tsoc |Setup Time Data 30 ns
Valid to BCLK Low
tioc  |Hold Time BCLK Low 20 ns
to Data Invalid
tocc |Delay Time BCLK TE and TES side modes only 0 30 ns
High to CLK High

Figure 10: GCI Mode

DEN
BCLK
FSa
Br
Bx
CLK
neesrs42e-6s tucL
24/26 [Ny SGS-THOMSON
YI MICROELECTRONICS
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APPLICATIONS INFORMATION

While the pins of ST5421 SID-GCI device are well
protected against electrical misuse, it is recom-
mended that the standard CMOS practise of ap-
plying GND to the device before any other con-
nections, should always be followed. In
applications where the printed circuit card may be
plugged into a hot socket with power and clocks
already present, an extra long ground pin on the
connector should be used.

To minimize noise sources, all ground connec-
tions to each device should meet at a common
point as close as possible to the GND pin in order
to prevent the interaction of ground return current-
s flowing through a common bus impedance. A
power supply decoupling capacitor of 0.15F
should be connected from this common point to
Vcc as close as possible to the device pins.

CRYSTAL OSCILLATOR

The clock source for ST5421 may be provided
with a commercially available crystal or an exter-
nal clock source meeting the frequency require-
ments as explained in the following sections.

CRYSTAL SPECIFICATION

ST5421 SID-GCI clock source may be either a
quartz crystal operating in parallel mode or an ex-
ternal signal source at 15.36MHz. The complete
oscillator (crystal plus the oscillator circuit) must
meet a frequency tolerance specification of 1
100ppm total to comply with the CCITT 1.430 spe-
cification for TE applications.The frequency toler-
ance limits span the conditions of full operating
temeprature range (commercial or industrial) and
effects due to aging and part parameter variation-
s.

The crystal is connected between pin 5
(MCLK/XTAL) and pin 6 (XTAL2), with a 33pF
total capacitance from each pin to ground. The
external capacitors must be mica or high-Q ce-
ramic type. The use of NPO (Negative Positive
Zero coefficient) capacitors is highly recom-
mended to ensure tight tolerance over the opera-
ting temperature range. The 33pF capacitance in-
cludes the external capacitor plus any trace and
lead capacitance on the board. Nominal fre-
quency of 15.360MHz, frequency tolerance (accu-
racy, temperature and aging) less than 1.60ppm,
with Rs = 150, CL= 20pF, parallel mode, CO
(shunt capacitance) 7pF.An external circuit may
be driven directly from the pin XTAL2 (pin 6) pro-
vided that the load presented is greater than 50K
shunted by a total of 33pF of capacitance. Crystal
oscillator board layout is critical and should be de-
signed with short traces that do not run parallel
when in close proximity (to minimize coupling be-
tween adjacent pins). On multi-layered boards a
ground layer should be used to prevent coupling

from signals on adjacent board layers. Ground
traces on either side of the high frequency trace
also helps isolate the noise pickup.

EXTERNAL OSCILLATOR CONFIGURATION

An external 5V drive clock sourcxed may be con-
nected to the MCLK (pin 5) input pin of ST5421.
The nominal frequency should be 15.36MHz with
a tolerance of 1 80ppm. The ST5421 SID pro-
vides a load of about 7pF at the MCLK input pin.

LINE TRANSFORMER REQUIREMENTS

The electrical characteristics of the pulse transfor-
mer for the ISDN "S" interface are defined to
meet the output and input signal and the line iso-
lation and characteristics as defined in CCITT
reccommednation 1.430. The transformer pro-
vides isolation for the line card or terminal from
the line it lasi provides a means to transfer power
to the terminalb over the S-loop via the "phantom”
circuit created by center-tapping the line side
windings. A transformer is used both at the trans-
mit and the receive end of the loop. These notes
specify the tolerances of a transformer that is em-
ployed with ST5421 to meet the CCITT recom-
mendation on output pulse mask and impedance
requirements.

LINE TRANSFORMER RATIO

The transmit and th receive transformers can be
the same (with a winding ratio of 1:2) or option-
ally, the receive transformer could have a trans-
former ratio of 1:1. The primary of the transformer
is connected to the S loop while the secondary is
connected to the device.

EXTERNAL PROTECTION CIRCUITRY

Precautions are to be taken to ensure that
ST5421 SID-GCI is protected against electrical
surges and other interferences due to electro-
magnetic fields, power line faults and lightening
discharge that may occur in the transmission me-
dium. Protection circuits that are external to the
device are recommended on both the primary and
secondary sides of the line transformer.

DC BIAS CAPACITORS FOR ANALOG REFER-
ENCE

Two decoupling capacitors (0.1uF mica) and
10uF (electrolytic) are connected between pin 19
of the device and its ground connection. These
capacitors decouple the midpoint of a two-resistor
potential divider (inside the device) and provide
an internally buffered reference for the analog cir-
cuitry.

ﬁ SGS-THOMSON 25/26
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ST5421 EXCEEDING 1.430 TRANSMISSION RE-
QUIREMENTS

This ST5421 is designed with the goal of substan-
tially exceeding the transmission performance re-
quirements as specified in the 1.430. This is made
possible in the ST5421 SID design by employing
superior analog front end designs. For example,
in the receive path, an analog prefiter removes
<200kHz noise signals, which is then followed by

26126 Lyy SGS-THOMSON

an adaptive line equalizer to accomodate varying
line conditions with superior performance. A con-
tinuously tracking adaptive threshold circuit pro-
vides the slicing levels for the detection circuits for
correct interpretation of transmission bits even on
long lossy loops. This implementation results in
longer ranges of S interface cables compared to
1.430 requirements.
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kyg SESTHOMSON ST5451

ISDN HDLC AND GCI CONTROLLER

ADVANCE DATA

MONOLITHIC ISDN ORIENTED HDLC AND

GCI CONTROLLER.

= GCI AND pW/DSI COMPATIBLE.

o FULLY CONTROLLING GCI AND GCI-SCIT
M & C/l CHANNELS MANAGEMENT.

= FULLY SUPPORTING LAPB AND LAPD
PROTOCOL ON B OR D CHANNEL.

o EASILY INTERFACEABLE WITH ANY KIND
OF STANDARD NON MULTIPLEXED OR
MULTIPLEXED BUS MICROPROCESSOR.

= DMA ACCESS WITH MULTIPLEXED BUS P

o CAN HANDLE AND STORE AT THE SAME
TIME TWO FRAMES IN TRANSMISSION .
(64bytes FIFO Tx) AND EIGHT FRAMES IN ORDERING NUMBERS:
RECEPTION (64bytes FIFO Rx) ST5451N ST5451D

o COMPATIBLE WITH ALL THE SGS-THOM-

SON ISDN PRODUCT FAMILY.

DIP28 S028

PIN CONNECTION (Top view)
GENERAL DESCRIPTION

ST5451 HDLC and GCI controller is a CMOS cir-

cuit fully developed by SGS-THOMSON and dif-

fused in advanced 1.2 pm HCMOS3 technology.

The device is intended to be used mainly in ISDN

applications, in Terminal (TE) and in Line Termi- TS/CE 1 1 ~ 28 [J uoD
nations (LT). MULT [ 2 27 1 R/U/UR
ST5451 can handle HDLC packets either on —
16Kbit/s D channel or 64 Kbit/s B channel; it can AD/AS/ALE [ 3 26 [1 E/DS/RD
work with a wide range of PCM signals A1/I/M O 4 25 [ INT
going  from GCI (General Circuit Interface) to A2/REQR [ 5 24 [1 DB/ADG
SDtrSeIaI(1I13|g|'taI System Interface) to any PCM-like A3/ACKR O 6 23 b D1/ap1
ST5451 is a complete GCI controller designed to A4/REQX [0 7 22 [1 D2/AD2
comply with the GCI and GCI-SCIT (Special Cir- AS/ACKX [ 8 21 |1 D3/AD3
|c\:ﬂuit 'Itnterfl\allce f(:jr germinaI)d/clzo?plftelyc/il*aancri]ling sTCl9 28 [0 p4saD4
nec:;lor (M) an ommand/Indicate (C/l) chan- DEN O 18 19 b ps/0805
ST5451 can be easily controlled by many differ- CLK [ 11 18 [1 D6/AD6
ent kind of microprocessors or microcontrollers DIN [ 12 17 [J D?/AD?
zﬁngr:ither non-multiplexed or multiplexed bus Fs O 13 16 11 RST
ST5451 can be used in connection with ST5420/1 Uss [} 14 15 H1 pouTt

S Interface Devices (SID-uW and SID-GCI) and HB95T5451-64

ST5080 Programmable ISDN Combo (PIC) in

Terminals and with ST5410 U Interface Device

(UID) in Line Terminations.

September 1993 1/32

This is advanced information on a new product now in development or undergoing evaluation Details are subject to change without notice.
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BLOCK DIAGRAM

DIN CLK FSYNC DoUT DEN
| | | 3 |
22 [ 2 | v
| DEMULTIPLEXER l—l | cHANNEL SELECT | r] MULTIPLEXER |
FLAG FLAG
PI PI
DETECTION GENERATION
ZERO ZERO
C/1
DELETION c/1 INSERTION
CRC16 M.E.A M.E.A CRC16
ADDRESS :‘3— SAPI,TEI
RECOGNITION REGISTERS
R x FIFO STATUS COMMAND T x FIFO
64 BYTES REGISTERS REGISTERS 64 BYTES
MICROPROCESSOR
|_° AND DMA INTERFACE _'|
| | |
1 | | 14 48 _ A |
Ucc USS MULT A@ A1R2/5STDB/7 E R/W CS INT RESET
ALEI/MDMA ADB/7 RD UWR CE
NB89ST5451-65
PIN DESCRIPTION
NAME PIN TYPE FUNCTION
cs 1 | Chip Select. A low level enables ST5451 for read/write operations.
e Interrupt request 1s asserted by ST5451 when 1t request a service.
INT 25 ° Open drain output.
Multiplexed Bus. Indicates the pP bus interface selected.
MULT 2 | MULT = 1: multiplexed bus and DMA available.
MULT = 0: address and data bus separated.
m 4 I Intel/Motorola. When MULT = 1 this pin selects either Intel or
Motorola 6805 bus.

2/32
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DEMULTIPLEXED MICROPROCESSOR BUS INTERFACE (MULT = 0)

NAME PIN TYPE FUNCTION
AO0/A5 3-8 | Address Bus. To transfer addresses from [P to ST5451.
D0/D7 17-24 /0 Data Bus. To transfer data between UP and ST5451.
RIW 27 | Read/Write. "1" indicates a read operation; "0" a write operation.

I Enable. Read/write operations are synchronized with this signal; its

E 26 falling edge marks the end of an operation.

MULTIPLEXED MICROPROCESSOR BUS INTERFACE (MULT =1 I/M =1)

NAME PIN TYPE FUNCTION
Address Data Bus. To transfer addresses and data between uP
ADO/AD7 17-24 110 and ST5451.
WR 27 | Write. This signal indicates a write operation.
RD 26 | Read. This signal indicates a read operation.
ALE 3 | Falling edge latches the address from the external A/D Bus.

MULTIPLEXED MICROPROCESSOR BUS INTERFACE (MULT = 1; /M = 0)

NAME PIN TYPE FUNCTION
Address Data Bus. To transfer addresses and data between uP
ADO/AD7 17-24 110 and ST5451.

R/W 27 | Read/Write. "1" Indicates a write operation; "0" a write operation.
Data Strobe. Read/Write operations are synchronized with this

DS 26 | . )
signal: its falling edge marks the end of an operation.

AS 3 | Address Strobe. Falling edge latches the address from the external

A/D Bus.

DMA (direct memory access): only when MULT = 1

NAME PIN TYPE FUNCTION
DMA REQ X 7 (o] Direct Memory Access Requests: these outputs are asserted by
DMA REQ R 5 O the device to request an exchange of byte from the memory.
DMA ACK X 8 | Direct Memory Access Acknowledge: these inputs are asserted by
DMA ACK R 6 | the DMA controller to signal to the HDLC controller that a byte I1s

being transferred in response to a previous transfer request.

GCI INTERFACE

NAME PIN TYPE FUNCTION
Data output for B and D channels. In GCI mode i1t outputs B1,
Dout 15 /10 B2, M and C/I channels. In TE mode (GCI-SCIT) 1t can invert to

input data for M’ and C/I' channels (See Table 2).

Data input for B and D channels. In GCI mode it inputs B1, B2, M
Din 12 110 and C/l channels In TE mode (GCI-SCIT) it can invert to output
data for M’ and C/I' channels (See Table 2).

Data Clock It determines the data shift rate for GCI channels on
the module interface.

Frame synchronization. This signal is a 8 kHz signal for frame
FS 13 | synchronization. The front edge gives the time reference of the first
bitin the frame.

Data Enable. In TE mode, this pin is a normally low input pulsing
high to indicate the active bit times for D channel transmit at DOUT
pin. Itis intended to be gated with CLK to control the shifting of
data from HDLC controller to S interface device.

CLk 11 |

DEN 10 |

[ SGs-THOMSON i
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NON GCI INTERFACE

NAME PIN TYPE FUNCTION
Data output. Digital output for serial data. Three modes:
D 15 o) - HDLC Protocol multiplexed link
out - HDLC Protocol non multiplexed link
- Non HDLC protocol (transparent Mode).
DiN 12 | Data input. Digital input for serial data. Three modes (See Dour).
c 11 | Data Clock. It determines the data shift rate. Two modes: Single or
LK double bit rate.
Frame synchronization. Used in mode HDCL protocol multiplexed
FS 13 | link. Don’t care in other modes. The nising edge gives the time
reference of the first bit of the frame.
DEN 10 | Data Enable. When high, enable the data transfer. on Doyt
OTHERS
NAME PIN TYPE FUNCTION
Vop 28 | Positive power supply = 5V +5%
Vss 14 | Signal ground
Rst 16 | Reset
ST 9 | Spectal Test. (Reserved) must be tied to Vss

2 - FUNCTIONS
2 -1 - Basic HDLC Functions

2 -1-1-In Receive Direction:

- Channel selection
In GCl channel B1 or B2 or D may be selected.
B1 or B2 may be selected without M and C/I
channels

- Flag detection
A zero followed by six consecutive ones and an-
other zero is recognized as a flag

- Zero delete
A zero, after five consecutive ones within an
HDLC frame, is deleted

- CRC checking
The CRC field is checked according to the gen-
erator polynomial

X184 X2 x5 41

- Check for abort
Seven or more consecutive ones are interpreted
as an abort flag

- Check for idle
Fifteen or more consecutive ones are inter-
preted as "idle"

- Minimum lenght checking
HDLC frames with less than n bytes between

This value is set by a programmable register

- Address Field recognition
4 SAPI and/or 3 TEl may be recognized. Sev-
eral programmable registers indicate the recog-
nized address types.

2 -1-2-In Transmit Direction:

- Shift control in TE mode
D channel data are signalled by DEN pin.

- Flag generation
A flag is generated at the beginning and at the
end of every frame.

- Zero insert
A zero is inserted after five consecutive ones
within an HDLC frame

- CRC generation
The CRC field of the transmitted frame is gener-
ated according to the generator polynomial

X1 L X124 x5 41

- Abort sequence generation
An HDLC frame may be terminated with an
abort sequence under microprocessor control

- Interframe time fill
Flags or idle (consecutive ones) may be trans-
mitted during the interframe time. A programm-

start and end flag are ignored: allowed .

values are 3<n<6. able bit selects the mode.
4132 57 SGS-THOMSON
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2 - 2 - FIFO Structure

2 -2 -1 -Receive FIFO Structure

In receive direction, a 64 byte FIFO memory is
used. It is divided in 8 blocks of 8 bytes automat-
ically chained.

In case of a frame length of 64 bytes or less, the
whole frame can be stored in the FIFO. After the
first 32 bytes have been received pP is inter-
rupted and may read the available data.

In case of frames longer than 64 bytes, the uP is
interrupted to read out the FIFO by 32 byte block.

In case of several short frames, up to eight may be
stored inside the FIFO. After an interrupt, one frame
is available for the pP. The eventual other seven
frames are queued and transferred one by one.

2 -2 -2 - Transmit FIFO Structure
In transmit direction, a 64 byte FIFO memory is

TABLE 1 - ST5451 Internal Registers

used, structured in 2 blocks of 32 bytes. ST5451
is requested to transmit after 32 bytes have been
written into the FIFO.

If a transmission request does not include a
message end, the HDLC controller will request
the next data block by an interrupt.

2 - 3 - Microprocessor Interface

Three types of microprocessor interfaces are
available (MULT and I/M control pins set the
desired interface).

- Motorola non multiplexed families.

- Motorola multiplexed family (6805 type)

- Intel family.

You can connect ST5451 to a Direct Memory Ac-
cess Controller as MC68440 or MC6450 (dual or
quad channels).

A programmabile register indicates DMA Interface
enabling.

Address Hexa Read Write
00 Receive FIFO Transmit FIFO
1F - -

20 ISTAO ISTAO
21 ISTA1 ISTA1
22 ISTA2 ISTA2
23 STAR CMDR
24 MODE MODE
25 RFBC TSR
26 CA CA
27 CB cB
28 CcC CcC
29 CD CD
2A CE CE
2B CF CF
2C CIR1 CIX1
2D CIR2 CIX2
2E MONR1 MONX1/0
2F - MONX1/1
30 MONR2 MONX2/0
31 - MONX2/1
32 - MASKO
33 - MASK1
34 - MASK2
3E CCR CCR
ST L —
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CF REGISTER C/1 M 8KB/s 16KB/s S6KB/s 64KB/s c/1’ M’ cI=
MAS cHs vz
M
TE | 6cc| €68 | ssc | PT [pour|MS0|Hs08| RX I ™™ | RX | T® | RX | ™ | DR | ox | RX I ™ | RX | ™ RX r ™ RX | ™ ™
X x| x| x| x| x|x]e RX ON DIN TX ON DOUT CONTINUDUS
MODE
X | x|le|es| x| x]|e |1 DIN | DOUT
DIN | DOUT
X|e|ea|a1|x]|x]|e]|1 | o
DIN| DOUT
X|1]e]|]1|x]|x]|]e]|1 o I MULTIPLEXED
X x| 1]e|x[x]e]1 S — DIN| DouT NON GCI HODE
xXle|l1|lalx]x]|e]1 N I
DIN| DoUT
X121 x| x|[e]1 w |
1 1] e ]| e8| . ]es1] 1 | 1 [oIN] DOUT |DIN| DOUT DIN| DOUT
DOUT DouT DouT
11 fe]|1]efess] 1|1 |oINf" " |DIN]| DOUT DINf '6) TERMINAL
oouT | bIN | pout | DIN GCI MODE
1 |1|e]| o]t ]|es1] 1| 1 |DIN| DOUT |DIN| DOUT DIN | DOUT (5) s s s (D NASTER)
DOUT DoUT DOUT | DIN | pouT | DIN | DOUT
1] 1]e| 1|t fers] 1| fornf " |DIN| DOUT DIN| ) sy | s s (51 8
1 | e[ e8] e8] .8 |esa] 1] 1 [DIN| DOUT DIN | DouT
1|efe|1]e|es]| ]| 1 om0 pn | 2OUT pout TERMINAL
(6) (6) 16) o1 MODE
1 |e e8| 1t]e1] 1| 1 [oIN] ooOUT DIN | DouT DIN | oouT | DIN | pout
oouT DouT DOUT (D SLAVE)
8 0 N
1|8 11 jesa) 1 [ 2 0Ny " LELT I DIN | DOUT | DI pout | o
1 | x {118 |6 |esa] 1| 14 [0IN] DOUT DIN| DouT
DIN [ DOUT
1|18 | 1|18 |es1| 1| 1 [DIN| DOUT @ | o
1 (1] 1] 1] e |e1] 1|1 |0IN]|DOUT ?:’: D(O‘U,T TERMINAL
X | 1 e[ 1 esa] 1 | 1 [poIN] pour DIN| pouT | DIN [ DOUT | DIN | pout GC1 ropE
oIN | DoUT (B1 or B2)
1@ | 1] 1|1t ]|es1] 1 | 1 |DIN|DOUT O H DIN | DOUT | DIN | DOUT
111111t ]esa] 1| 1 [DIN]| DOUT ?i'; D&"')T DIN | pbout | DIN | DOUT
REGULAR
] 8
X X | x {er1] 1 | 1 |pIN| DOUT [DIN| DOUT DIN | DOUT eI MODE
(1) FIRST BIT OF 16KB/S CHANNEL SELECTED
(2) SECOND BIT OF THE 16KB/S CHANNEL SELECTED THIS TABLE SHOWS THE USED CHANNELS ACCORDING TO THE CONFIGURATION OF THE CF
(3) LAST BIT OF THE 64KB/S CHANNEL SELECTED REGISTER AND THE PINS USED (DIN. DOUT) VHERE THE RECEIVERS RX AND THE

(4)
(5)

SEVEN FIRST BITS OF THE 64KB/S CHANNEL SELECTED
TO INSURE THE EXCHANGING OF MESSAGES WITH THE OTHERS

(6) ONLY THROUGH THE ACCESS PROCEDURE

STS451 PERIPHERAL DEVICES THE MASTER DEVICE USES THE C/I' AND N'
DIN PIN FOR THE OUTPUT SERIAL DATA DOUT PIN FOR THE INPUT SERIAL DATA

TRANSMITTERS TX GET OR PUT THE DATA

CHANNELS ON

N988T5451-31
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3 - REGISTER DESCRIPTION

For all the register pictures MSB is on the left and
LSB on the right
If not otherwise stated bit are considered active at 1.

FIFOS
RFIFO (read), XFIFO (write).

The address range of the two FIFOs are identical.
All the 32 addresses give access to the "current”
FIFO location.

When the closing Flag of a receive frame is de-
tected, a status byte is available in the RFIFO.
This byte has the following format:

[ rBc [RDO [cRc|RAB] 0 [ 0 [ o | o |

RBC Receive Byte Count.
The length of the received frame is n
time 8 bits (n=3,4,5,...)

RDO Receive Data Overflow
A part of the frame has not been lost
because the receive FIFO was full
CRC CRC Check

The received CRC bytes were not correct

RAB Receive Abort
The received frame was not aborted

A status byte equal to DOH indicates a correctly
received frame

ISTAO Interrupt Status Register 0

After RESET 10H

[ RME [ RPF [ RFO [ xPR [ xpu [ Exi2 [Exit | o ]

RME Receive Message End
One complete frame of length less than
or equal to 32 bytes, or the last part of
a frame of length greater than 32 bytes
is stored in the RFIFO.

RPF Receive Pool Full
32 bytes of a frame are in RFIFO. The
frame is not yet completely received.

RFO Receive Frame Overflow
A complete frame was lost because no
storage space was available in the
RFIFO.

XPR Transmit Pool Ready
One data block (32 bytes max) may be

entered into the XFIFO.

XDU Transmit Data Underrun

A transmitted frame was terminated
with an abort sequence because no
data were available for transmission in
XFIFO and no XME command was is-
sued. It is not possible to transmit
frame when that interrupt remains un-
acknowledged and XRES has not been
set.

EXI2 Extended Interrupt 2
The interrupt reason is indicated in reg-
ister ISTA2

EXI1 Extented Interrupt1
The interrupt reason is indicated in reg-
ister ISTAT.

ISTA1 Interrupt Status Register 1
After RESET 01H

(GCI mode only)

[ 0 ] o]cict [eomi]xaB1 [RMR1] RAB1 [XMR1 ]

CIC1 Comman/Indicate Change
A change in the value of CIR1 is de-

tected

EOM1 End of Message 1 (monitor channel)
MON1 has received an end of mess-
age.

XAB1 Monitor Transmit ABORT
The received byte has not been de-
tected in two successive frames.
MONT1 has sent an ABORT (A bit) to
the remote transmitter.

RMR1 Receive Monitor Register 1 ready
A byte has been received in register
MONR?1.

RAB1 Receive Abort
MON1 received an ABORT from the
remote receiver.

XMR1 Transmit Monitor Register 1 ready
A byte can be stored in register
MONX1

ISTA2 Interrupt Status Register 2

After RESET 01H
(GCIl and TE mode only)

[ o [ o] cice [eomz] xaB2 [rRMR2]| RAB2 [ xMR2 |
CiCc2

Command/Indicate Change
A change in the value of CIR2 is de-
tected.

L3y S5s-THOMSON 7132
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EOM2 End of Message 2 (monitor channel)
MON2 has received an end of mess-

age.

Monitor Transmit ABORT

The received byte has not been de-
tected in two successive frames.

MON2 has sent an ABORT (A bit) to
the remote transmitter.

XAB2

RMR2  Receive Monitor Register 2 ready
A byte has been received in register

MONR2.

Receive ABORT
MON2 received an ABORT from the
remote receiver.

RAB2

XMR2 Transmit Monitor Register 2 ready
A byte can be stored in register

MONXa2.

MASKO, MASK1, MASK2

After Reset FF; the three mask registers MASKO,
MASK1, MASK2 are associated respectively to
the three interrupt registers ISTAO, ISTA1,and
ISTA2.

Each interrupt source in ISTA registers can be se-
lectively masked by setting to "1" the correspond-
ing bit in MASK1. Interrupt sources (masked or
not) are indicated when ISTA is read by the
microprocessor. When an interrupt source is not
masked, INT goes low.

STAR Status Register

After Reset 48H

[xpov [ xFw [ibLe [ RLA Jocio] o | o | o |
XDOV

Transmit Data Overflow
More than 32 bytes have been written
into the XFIFO.

CMDR Command Register

After Reset 00

[xHF | xMmE |RMc |rRMD | RHR [XRES [M2RES | M1RES |

XHF HDLC frame transmission can start.

XME Transmit Message End
The last part of the frame was entered

in XFIFO and can be sent.

RMC Receive Message Complete

Reaction to RPF or RME interrupt. The
received frame (or one pool of data)
has been read and the corresponding

RFIFQ is free.

Receive Message Delete

Reaction to RPF or RME interrupt. The
entire frame will be ignored. The part of
frame already stored is deleted.

RMD

RHR
XRES

Reset HDLC receiver

Reset HDLC transmitter
XFIFO is cleared and the transmitted
frame (if any) is aborted.

M2RES Monitor 2 Reset
Reset MONITOR and C/I channels (TX

and RX).

Monitor 1 Reset
Reset MONITOR and C/I channels (TX
and RX).

* For the four first bits (XHF, XME, RMC,
RMD), the reset is done by the device;
the other bits level sensitive

M1RES

MODE HDLC Mode Register

After Reset 00

[oma] i [ Fro | it [ Rac [cac [ nHF [ FLa |

DMA DMA Interface activation
XFW XFIFO Write enable
Data can be entered into the XFIFO. FL1/0. Frame Length
Minimum frame length accepted
IDLE IDLE State FL1 FLO
15 or more consecutive ones have 3 bytes 0 0
been detected on the input data line. 4 bites 0 1
RLA Receive Line Active g gytes ! 0
¥ . ytes 1 1
Frames or interframe flags are being
received ITF InterframeTime Fill
. ITF= 1 : Flags are transmitted
DCIO D and C/I Channels are occupied ITF= 0 : IDLE is transmitted
RAC RAC= 1 : Activate RX
RAC= 0 : deactivate RX
8132 L7 SGS-THOMSOR
Y4 ricroElECTRONICS
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CAC Channel Activation
CAC =1 : Activate RX and TX

CAC =0 : deactivate RX and TX

NHF HDLC Function Select
NHF = 1 : disable HDLC function

FLA Flag
FLA =1 : transmit shared flags
FLA = 0 : transmit two flags between
consecutive frames.

RFBC Receive Frame Byte Counter

After reset 00

[roc7|Rocs| Rocs |RDc4| RDC3] RDC2|RDC1[RDCO]

MONX1 Monitor Transmit Register 1
After reset FFH

(GClI only)

[m1 [ m2 w3 [ ma]ms] me|m7]ms|

The value written in MONX1 is trans-
mitted in the outgoing Monitor channel
according to GCI transfer protocol.
XMR1 interrupt indicates when MONX1
is again available.

MONR1 Monitor Receive Register 1
After reset FFH

(GCl only)

RDC 0/7 Receive Data Count

Total number of bytes of received
frame without CRC.

RDC 0/4 Indicate the number of bytes in the cur-
rent block available in RFIFO.

RDC 5/7 Indicate the number of 32 bytes blocks
received. If the frame exceeds 223
bytes, RDC 5/7 hold the value "111",
only RDC 4/0 continue to count modulo
32.

See Table 3.

The contents of the register are valid after an

RME interrupt. The pP must read N+1 bytes to

transfer the number of bytes received and the

status byte into the memory.

Cix1 Command/Indicate Transmit Register 1
After reset FFH
(GCl only)
[+ ] 1] 1] 1 Jct]oca]ca]ocal
C1,C2,C3, C4:
Code to be transmitted permanently

in the outgoing GCI C/I channel.

CIR1 Command/Indicate Receive Register 1

After reset FFH

[ M1 [ m2 [ M3 | mMa[ms ] me ] m7]wms]

The value read from MONR1 gives the
value of the byte received in the moni-
tor channel according to GCI transfer
protocol. RMR1 interrupt indicates
when a new byte is available in
MONRT1 register.

CiX2 Command/Indicate Transmit Register 2
After Reset FFH

(GCI and TE mode only)

[+ ]+ [pt[P2]P3a]rPa]prs]epe|

P1/P6 Code transmitted permanently in the
2nd GCI C/I channel.
CIR2 Command/Indicate Receive Register 2

After reset FFH
(GCl and TE mode selected only)

[+ ] 1 e ]pr2]Ps]pPa]ps]ops|
P1/P6

The contents of the 2nd C/I channel;
they are the different requests received
from TE peripheral devices to pP.

Six peripherals can make a simulta-
neous request.

(GCl only) MONX2 Monitor Transmit Register 2
After reset FFH
[+ 1+ [ 1]+ fct]cefca]ocal] (GCl and TE mode only)
The value written in MONX2 is trans-
C1,02,C3, C4: mitted in the 2nd GCI M channel to a
Incoming GCI C/I channel. peripheral (if Pl= 1; register CF).
57 SGS-THOMSON i
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TABLE 3
N (number of bytes in the Counter n (number of 32 bytes blocks
frame received without CRC) 765 43210 received )

N n m n

1 Min 000 00001 0

2 000 00010 0

3 000 00011 0

30 000 11110 0

31 000 11111 0

32 001 00000 1

33 001 00001 1

62 001 11110 1

63 001 11111 1

64 010 00000 2

222 110 11110 6

223 110 11111 6

224 111 11111 7

256 111 00000 7

257 111 00001 7

111 7

MONR2 Monitor Receive Register 2 CA Configurationn Register A

After reset FFH
(GCl and TE mode only)

The value read from MONR2 gives the

After reset 00

[ ca7 ] cas [ cas [ caa ] cas [ caz [ cat [ cao |

value of the byte received from M

channel in 2nd GCI channel.

TSR Time Slot Register
After reset 00

|Tsr7[TsRe|TsRs[TsR4[TSR3]TSR2[TSR1]TSR0|

In GCl mode (MDS1= 1 in CF Register)
a) CCS=1 in CF Reg. (64 Kbit/s)
Then: TSR2 indicates B1 or B2

TSR4/7 indicate position of

GClI channel

b) CCS=0 in CF Reg. (16 Kbit/s)
Then: TSR4/7 indicate position of
GCl and its D channel

In Multiplexed Mode
(MDS1=0 in CF Register)

a) CCS=1 in CF Reg. (64 Kbit/s)
Then: TSR2/7 indicate channel

position in the 64 time slots
multiplex

b) CCS=0 in CF Reg. (16 Kbit/s)
Then: TSRO/7 indicate channel
position in the 256 time slots

multiplex.

10/32 E
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CAO SAPI 0 1s recognized CAO =1
CA1 SAPI 63 CA1 =1
CA2 SAPIx CA2 =1
CA3 SAPly CA3 =1
CA4 TEI 127 CA4 =1
CA5 TElz CA5 =1
CA6 TEIt CA6 =1
CA7 Address filter active CA7 =1
CB Configuration register B
After reset 00
Content of CB indicate SAPI x value
High Order 6 Bits
| SAPI l o [ o]
CC Configuration Register C
After reset 00
Content of CC indicate SAPly value
High Order 6 Bits
SAPI [ o ] o]
SGS-THORISOR
MICROELECTRONICS
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CD Configuration Register D
After reset 00
Content of CD indicate TEI z value.
- 7 High Order Bits

| TEI [ o |

CE Configuration Register E
After reset 00
Content of CE indicate TEI t value.
7 High Order Bits

TEI [ o |

CF Configuration Register F
After 00

[Te|masssscces|emssc]pilvzoouT|mps i Mbso)

TE TE mode
TE = 1 : the frame is constitued by
three GCI channels (GCI-SCIT)

MAS/SSC If CCS =0, TE = 1, MDS0 and MDS1 = 1
(i.e. GCl mode, TE mode, 16 Kbit/s)
MAS/SSc is MAS and:
MAS = 0 means "Slave device"
MAS = 1 means "Master device"

If SC = 1 (i.e. a sub-channel is se-
lected) MAS/SSC is SSC; if 16Kb is se-
lected SSC chooses between first on
second bit of the stream while, if 64Kb
is selected SSC chooses between first
or last seven bits of the stream (see
TABLE 2 and CMS/SC)

CCS Channel Capacity Selection
CCS =1:64 Kb/s
CCS = 0: 16 Kb/s.

CMS/SC 1fCCS =0, TE =1, MDS0 and MDS1 = 1
(i.e. GCl mode, TE mode, 16Kbit/s)
CMS/SC is CMS (Contention mode se-
lection) and:
CMS =1 means "D and C/I channel

access procedure active”
CMS =0 means "D and C/Z channel
access procedure active"

If CCS =1 and TE = 1 CMS/SC is SC

(Subchannel) and:

SC = 0 means "16Kbit/s or 64Kbit/s is
used"

Pl

VZDOUT

MDSH1

MDS0

CCR

SC =1 means "an 8Kbit/s or 56Kbit/s
subchannel inside a 16Kbit/s or
64kbit/s is used" (see MAS/SSC)

Peripheral Interface (only if TE=1)
Pl = 1: CIX2, CIR2, MONX2, MONR2,
active

When level 1 device is inactive (i.e.
CIR1 = DI = 1111) and GCI has to be
waken up (i.e. TIM = 0000 in CIX1),
DOUT is setto zero requiring FS
and CLK if VZ DOUT=1.

Mode Bit 1
MDS1 = 1:GCl mode
MDS1 = 0: Multiplexed mode

Mode Bit 0

MDS0 = 1: Multiplexer and Demulti-
plexer are active.

MDS=0 No multiplexer.

Configuration Register 00
After reset 00

[ 7P |aDDR] AD3 [ AD2 [ AD1 [ AD0 [cRs [ TRI |

TLP

ADDR

ADO0/3

ADO/2

CRS

TRI

‘7—’ SGS-THOMSON

MICROELECTRONICS

Test Loop

TLP = 1: The transmitter is internally
connected to the receiver; the transmit
output is not activated. The digital inter-
face must be activated to provide the
bit clock and frame Synchro.

Address Recognized
fTE=1andPl=1

ADDR = 1: The first byte received in
MONR2 is compared with ADO/3. If
equal the message is accepted, other-
wise is ignored.

ADDR = 0: The message is always ac-
cepted.

When Pl = 1, is the component ad-
dress.

Address bit used to access D and C/I
channels (TE = CMS =1, CCS = 0).

Clock Rate Selection

CRS = 1: Clock frequency is twice the
data rate (GCI).

CRS = 0: Clock frequency and data
rate are identical.

Tristate
TRI = 1: DOUT in tristate
TRI = 0: DOUT in open drain.

11/32
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4 - WORKING PROCEDURES
4 -1 - RECEIVE FRAME

Recognized frame (by means of SAPI and/or TEI
identification), having a minimum length is stored
in the RFIFO with all bytes between the opening
flag and CRC field.

When the frame is less than or equal to 32 bytes,
is transferred in one block, and just after the re-
ceiving completion interrupt (RME), a status byte
is appended at the end. The frame and its status
byte remain stored until uP acknowledgement
(RMC).

When the frame is longer than 32 bytes, blocks of
32 bytes plus one remainder block of lenght 1 to
32 are transferred to the microprocessor. The re-
ceiving 32 byte block generates a RPF interrupt
and the data in RFIFO remains valid until pP ac-
knowledgement (RMC).

The uP can ignore a received frame by meaning
RMD (Receive Memory Delete), reaction to RPF
or RME. The part of frame already stored is

Figure 1: Receiving of an HDCL frame

deleted and the remainder frame is ignored by the
HDLC Controller.

The last block of the frame generates the RME in-
terrupt.

RFBC register bits 0 to 4 indicate the number of
bytes currently stored in the RFIFO. Bits 5 to 7 in-
dicate the total number of 32 byte blocks already
received. Bits 5 to 7 do not overflow. When the
counter status 7 has been reached, it indicates a
frame length greater than 223 bytes (see Table
3).

RFBC register is valid only after the RME inter-
rupt and remains valid unti RMC acknow-
ledgement by pP.

At each read access by the uP, RFBC 5/7 bits re-
main unchanged, RFBC 0/4 bits are decreased to
reach value 0 when the whole block is read.

Interrupts are queued inside the device. They are
sent one by one to the microprocessor after each
acknowledgement RMC. If a frame is lost be-
cause the RFIFO was full, a RFO interrupt is
generated.

RPF

—>

V

DATA
RMC
RECEPTION OF
RPF

32 BYTES

HDLC DATA

RMC

—

RECEIUVER

RME
RFBC IS READ

DATA+STATUS BYTE )

RMC

MICROPROCESSOR

FRAME ACKNOWLEDGED

RPF

DMA REQ R

DMA ACK R

DATA
RECEPTION OF 32 BYTES

HDLC

DMA REQ R
DMA ACK R

DATA+STATUS )

RECEIVER

EOP

RMC

CONTROLLER MICROPROCESSOR

END OF
PROCESS

EOP

RME

RFBC IS READ + RMC
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4- 2 - TRANSMIT FRAME

After polling bit XFW or after a XPR interrupt, up
to 32 bytes may be stored in XFIFO. Trans-
mission begins after that XHF command is issued
by uP. ST5451 will request another data block by
an XPR interrupt if the XFIFO contains less than
32 bytes.

When XME is set, all remaining XFIFO bytes are

Figure 2: Transmission of an HDCL frame

transmitted, the CRC field and the closing flag are
added. The HDLC controller then generates a
new XPR interrupt.

If the XFIFO becomes empty while XME com-
mand has not been set, an abort sequence is
generated, followed by interframe time fill and
XDU interrupt is generated.

A frame may be aborted by XRES command as
well.

XPR

< DATA

XHF

XPR

TRANSMISS.OF 32 BYTES)

HDLC /; DATA

TRANSHMITTER RHF

XPR

< DATA

XME

END OF FRAME

MICROPROCESSOR

XPR

DMA REQ T

DMA ACK T

DATA

HDLC <
DMA REQ T

S
TRANSMITTER DHA ACK T

< DATA

END OF FRAME

DMA

CONTROLLER MICROPROCESSOR

EOP

XME
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4 - 3 - COMMAND/INDICATE PROCEDURE

The exchange of information in the C/I channel
runs as follows:

The two circuits (i.e. ST5421 and ST5451) con-
nected on the GClI interface send one each other
a permanent four bit command code in C/I field.

RECEIVE C/I

The ST5451 stores on every frame the four bits of
C/l channel coming from level 1 circuit in a first
register CIR. This value is compared with the pre-
vious one. If a one new appears during two con-
secutive frames, this new value is loaded in regis-
ter CIR1 and a CIC1 interrupt is generated.

TRANSMIT C/I

The transmit register CIX1 can be written at any
time by the pP. Its content is continuously sent in
the C/l channel.

Note: The TIM command (0000) forces a low
level on DOUT, if CIR1 = DI (1111) when VZ
DOUT = 1 to require FS and CLK.

4 -4 - MONITOR CHANNEL

The GCI Monitor channel procedure allows full
duplex data transmission with acknowledgement
using A bit.

MESSAGE RECEIVING

An interrupt (bit RMR1 in ISTA1 register) is
generated when a new byte is available in regis-
ter MONRT1.

ST5451 generates an interrupt bit (XAB1 in
ISTA1) if it does not read twice the same bytes
meanwhile sending an ABORT to the remote
transmitter.

It performs an interrupt (EOM in ISTA1) also
when it has received an End Of Message. Ac-
knowledgement to remote transmitter is sent if:

- the byte was received twice with the same value
- the microprocessor reads the previous byte
stored in register MONR1.

This procedure performs flow control between S
interface device and pP.

MESSAGE TRANSMISSION

ST5451generates an interrupt (XMR1 in ISTA1)
when register MONX1 is available.

Writing register MONX1/0 generates a message
transmission. When the last byte is stored in the
register MONX1/1, ST5451 sends the End of
Message to remote receiver. If an Abort is re-
ceived, one interrupt (RAB1) is generated.

4 -5-M and C/I' CHANNELS

The procedure allows a full duplex data trans-
mission between microprocessor and the periphe-
ral devices connected on C/I' local and M’ chan-
nel through GCI-SCIT channel 1.

Receive Interrupt on CG/I' (DOUT is an input).

A new value on C/I’ indicates to ST5451 master

i (5 SGs-THOMSOR

that one device in the terminal wants to send a
message. Up to six peripherals may generate
such an interrupt to the microprocessor.

ST5451 writes at every frame the six bits of C/I’
channel coming from peripherals in register CIR’.
This value is compared with the previous one and
if a new one appears during two consecutive
frames, is loaded in register CIR2 and CIC2 inter-
rupt (ISTA2 register) is generated.

uP may send a message on M’ channel (DIN
becomes an output) to allow the peripheral device
to transmit.

MESSAGE TRANSMISSION ON M’ CHANNEL

ST5451 sets interrupt XMR2 (ISTA2 register) if
register MONX2/0 is available. Writing MONX2/0
generates a message transmission. When the
last byte is stored in register MONX2/1,
ST5451sends End of Message to remote periphe-
ral.

If an ABORT is received, interrupt RAB2 (ISTA2
register) is issued. Then microprocessor may
send its message again.

MESSAGE RECEPTION ON M’ CHANNEL

Interrupt bit RMR2 (ISTA2 register) is generated
when a new byte is available in MONR2 register.
ST5451 sets interrupt bit XAB2 (ISTA2 register) if
it does not read twice the same byte; in this case,
it sends an ABORT to remote peripheral.

The controller generates interrupt bit EOM2
(ISTA2 register) when End Of Message is re-
ceived.

4 - 6 - ACCESS PROCEDURE TO D AND C/I
CHANNELS (GCIl and TE mode selected only)

Up to eight HDLC controllers may be connected
to D channel and C/I channel. A contention resol-
ution mechanism is used if bit CMS (Contention
Mode Selection) is set.

The mechanism allows to give an access without
losing data.

An access request may be generated, if CIX1
(Command/Indicate Register 1) contains a differ-
ent code from DI (1111). During the procedure, M
channel (with A and E bits) may be used. On
input DIN, the GCI controller checks the CMS4 bit
(CMS channel - Third GCI channel) (see Fig. 4).
CMS4 indicates the status of C/I and D channels
CMS4= 1 "channels free"; CMS4= 0 channels oc-
cupied.

If the channels are free, the HDLC controller
starts transmitting its individual address AD2 on
CMS1, AD1 on CMS2, ADO on CMSa. If an erro-
neous address is detected, the procedure is ter-
minated immediately. If the complete address can
be read without error, the D and C/I channels are
occupied: the ST5451 transmits CMS4 = 0: The
HDLC controller which has the lowest address
has priority over the others.

The access request is withdrawn if the HDLC
controller transmits code DI = 1111. the CMS4 bit
(CMS field) is set.
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Figure 3: GCI-SCIT Frame Timing
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4 -7-DMA ACCESS

The HDLC controller has a DMA interface which
is activated by DMA bit in MODE register.The
DMA interface is available only when multiplexed
bus is selected.

ST 5451 asserts DMA REQR or DMA REQX to
request an exchange of bytes between the FIFOS
and the external memory.

The external DMA controller asserts DMA ACKR
or DMA ACKX to access the FIFOS.

These signals are equivalent to E/DS/RD func-
tions.

During DMA access, CS/CE pin must be inactive;
AS and E/DS/RD signals can be present.
Outside DMA Access, all registers are accessible

Figure 5: D and C/I channels Access Procedure

by the uP except the FIFOS.

FRAME RECEPTION:

When one block has been stored in RFIFO, DMA
REQ R pin goes low and RPF (or RME) interrupts
the uP. The DMA controller reads the RFIFO.
After the RME interrupt, the frame length will be
available in RFBC register. The block is acknow-
ledged by RMC command.

FRAME TRANSMISSION:

When a 32 byte block is free in XFIFO, DMA re-
quest goes low and XPR interrupts the pP. The
DMA controller can write data in the XFIFO. At
the end of the frame, the uP send XME to HDLC
controller; CRC and closing flag will be sent by
the HDLC controller.
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4 -8 - INTERRUPT PROCEDURE
4-8-1-HDLC CHANNELS
4-8-1-1-RECEIVE DIRECTION
RRE and RPF interrupts

RPF bit (register ISTAO) set high to indicate the
HDLC controller has received a block of 32 bytes
which is not a complete message.

This bit remains high until it is erased by the
microprocessor.

As for each bit of ISTAO register, except the ex-
tension bits of ISTA1 and ISTA2 (EXI1, EXI2), the
way to erase RPF is to write a "0" at its location
and to write a "1" at the location of the others (for
example 7FH into ISTAO to erase RME). The pro-
cessing order is:
- put Mask0 on ISTAO (if Mask Off)
- (Read FIFOR) X 32
- Write ISTAO to erase RPF (BFH)
- Write RMC to "1" for asking for another block
of the frame
(NB: RMC, RMD are automatically erased
by the controller)
- Remove Mask0

RME bit (register ISTAO) set high to indicate the
HDLC controller has received a short frame or the
last block of a large frame. The message is now
complete, the bit remains high until it is erased by
the microprocessor. The processing order is:
- put Mask0 on ISTAO (if upper level Mask Off)
- Read RFBC with a mask on the 3 most signi-
ficant bits, to know the number "N" of trans-
fers to do
- (Read FIFOR) x N for data
- Read FIFOR for status on the frame
- Write ISTAO to erase RME (7FH)
- Write RMC or RMD to "1" for asking for an-
other frame.

RFO interrupts

RFO is a bit of the interrupt register ISTAQ set
high to indicate an overflow of the receive FIFO
has been detected, either because more than 8
frames cannot be stored or because more than
64 bytes can’t be stored. This information is also
stored into the status of the concerned frame
(RDO).

The processing order of the microprocessar is:

- Looking for RPF and RME bits and pop - up
the frames. Then look for the status and
throw down the frame concerned. In general
case, only one frame is lost.

4-8-1-2-TRANSMIT DIRECTION
XPR Interrupt

XPR is a bit of the interrupt register ISTAO coming
high to indicate HDLC controller has a free block
of 32 bytes. This bit remains high until the micro-

processor write a byte into the block and erase
this bit into ISTAO; if another block is free, XPR
get high again immediately.
The processing order of the microprocessor is in
non DMA Mode:
- Put Mask0 on ISTAO (if upper level Mask Off)
- Write at least one byte into FIFOX
- Write ISTAQ to erase XPR
- Write XHF to "1" for launching the transmit
operation of block (a block is not necessarily
32 bytes)
or write XME to "1" for launching the trans-
mit of a short frame or of the last part of a
frame
- Remove masks

In DMA Mode two general cases are possible:

1) The external DMA controller works by "pages”
less or equal to 32 bytes. The "process" of the
DMAC is a short frame transmission and the pro-
cessor must give an XME at the end of the DMAC
process (refer to figure 2).

2) The DMA controller works by "pages" of more
than 32 bytes. It's process is the transfer of the
whole frame.
The circuit doesn't need an XHF at the end of an
intermediate 32 byte block; since it has reached
32 bytes written into the current fifo, it begins the
transfer and toggles on the second fifo as soon as
the first is full. éAt this moment an XME is
possible if the 32" byte was the end of the frame
- case 1) and then, a 33" write operation into the
fifo generates an internal XHF and the frame fol-
lowing blocks are expected.
- In the two cases the flow control is done be-
tween DMAC and ST5451 by the way of
REQX and ACKX signals

The processing order is:

- Put Mask0

- Give order to DMAC to begin transfer

- Wait for DMAC end of process

- Write ISTA to erase on XPR

- Write XME to signal the end of the frame to
the ST5451 (otherwise the ST5451 will put
"underrun" interrupt, as soon as its two
blocks are free).

XDU Interrupt

XDU is a bit of the interrupt register ISTAO com-
ing high to indicate HDLC controller has detected
an underrun (a frame is being transmitted and no
more bytes are available into the FIFO).

The HDLC controller finish the frame by transmit-
ting an "Abort" and no more data can be trans-
mitted even in NHF mode. To be sure XDU is
seen by the Milcroprocessor, XDU interrupt bit
must be erased in ISTAO in addition of XRES se-
curity procedure

The transmit control is frozen and the only way to
reinitialize a transmit session is to write an XRES,
after erasing XDU.

L5 SGS:THOMSOR 1732
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4 -8-2-M CHANNELS INTERRUPTS EOM,
RMR, XMR, RAB

Receive Direction

RMR 1/2 is a bit of interrupt register ISTA 1/2
coming high to indicate the M (or M’) channel
controller has received a valid byte on receiving
channel (two identical consecutive bytes).

The microprocessor processing order is;

1. Erasing RMR 1/2 interrupt into ISTA 1/2
2. Read MONR 1/2 register.

This order can’t be inverted because, as long as
MONR isn't read, the receive state machine is
locked in wait state, a new byte can’t be acknow-
ledged and so, a new interrupt can’t be done.

More, if MONR is read first, the receive state ma-
chine is ready for receiving a new byte and create
another interrupt. So, if the interrupt bit corre-
sponding to the previous frame isn’t erased be-
fore a new byte arrives, this byte won't be seen
(the microprocessor won't be informed) and the
controller will be locked waiting for MONR read.

XAB 1/2 is a bit of the interrupt register coming
high to indicate the receive controller has de-
tected an abort (two conscutive bytes not identi-
cal) as long as this interrupt isn’t erased, the re-
ceiver is locked in wait state.

EOM 1/2 is a bit of the interrupt register coming
high to indicate the receive controller has de-
tected an end of message. As long as the inter-
rupt isn't erased, the receiver is locked in wait
state.

Transmit Direction

XMR 1/2 is a bit of the interrupt register coming
high to indicate a byte can be written into MONX.
The processing order is:

1. Erasing XMR bit
2. Writing a new byte into MONX.

If this order is inverted, the new byte will be trans-
mitted and a new XMR may be erased before
being seen by the microprocessor.

RAB 1/2 is a bit of the interrupt register coming
high to indicate the remote receiver has reported
an abort detection. The processing order is:

1. Erasing RAB bit
2. Erasing XMR bit
3. Writing a new byte into MONX.

If a write operation of the new byte is done before
the RAB erasing, the byte will be lost and the
transmitter will stay waiting for it.

18/32 ﬁ SGS-THONSOMN

4 -8-3-CICHANNEL INTERRUPTS

CIC 1/2 is a bit of ISTA 1/2 interrupt register com-
ing high to indicate a valid byte has been de-
tected by the command indicate receive control-
ler, and readable into CIR 1/2 register. The
processing order is:

1. Erasing CIC bit
2. Reading CIR register.

If this order is inverted, a next byte may be un-
seen by the microprocessor. It is recommended
to work with "Ping Pong" protocol on Cl channels,
as non flow control is done.

4 -9 - SOFTWARE RESET PROCEDURES
4 -9 -1 -XRES (Transmit Direction)

XRES is a level sensitve command of CMDR
which initialize the transmit process.
- XPR interrupt bit is erased
- XDU interrupt bit is not erased (security pro-
cedure)
- All data in FIFOs are lost
- After an XRES, the microprocessor must wait
for an XPR before writing new data.

The processing order is:
- Writing a "1" into XRES (CMDR)
- Writing a "0" into XRES (CMDR)
- Read ISTAO waiting XPR or enable XPR in-
terrupt

4 -9 -2 -RHR (Receive Direction)
RHR is a level sensitive command of CMDR,
which reinitialize the receive process.
- RME, RPF bits are erased
- RFO bit is erased
- All frames in FIFO R are lost
- If RHR is released (got down) at the time a
frame is on line, the HDLC controller waits
for a flag.

4-9-3-M1RES, M2RES M/CI channels

MRES is a level sensitve command of CMDR
which initialize the M/CI channel protocole in both
directions.

XMR, RAB, RMR, CIC, XAB, EOM bits are er-
ased by MRES.

After a clock programming (bit CRS), it's necess-
ary to put MRES bit to initialize properly the M
protocol.
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TYPICAL APPLICATIONS nel LAPB packet data are processed by the same
. uP. A DMA controller performs device to memory
ST5451 HDLC controller may be used in TE,  transfers. Itis a typical work station application.

NT2, NT12o0r LT. ) , . - .
) ) ) - Fig. 9 and 10 illustrate 2 typical applications in
Figures 6 to 8 illustrate three typical applications  NT2 or exchange.

in multifunctional TE. An NT2 or LT in fig.9 with eight D channel control-

The D channel containing only signaling is pro- |ers connected to the GCI interface handle sub-
cessed by the LAPD controlier and routed via a  geriber 0 to 7. Any GCI compatible transceiver (S
parallel uP interface to the terminal processor. . or U) may be used to do the subscriber line inter-
The support of the LAPD protocol which is im-  face; a GCI compatible exchange circuit may im-

plemented by the HDLC controller device allows  plement the system interface. This is one decen-
in cost senstive applications the use of a low cost tralized application.

mﬁlcropr.ocessor. See flg..6. . . Fig. 10 illustrates a centralized application. Using
Fig. 7 illustrates a configuration in which the D 4 switching net work, it is possible to connect:

channel containing signalling data (SAPI s) as 10 thirty two 64 Kbit/s ch | 5 Mby/
well as packet switched data (SAPI p) is pro- ~ UP 10 thiry two /S channels on a s

cessed by two controllers and two independent PCM highway to 32 B channel controllers
microprocessors. up to sixty four 64 Kbit/s channels on a 4 Mb/s
Fig. 8 illustrates a configuration in which one PCM highway to 64 B channel controliers
microprocessor is connected to two controllers via up to two hundred fifty six D channels on a 4 Mb/s
a DMA controller. highway to 256 D channel controllers.

D channel with LAPD signalling data and B chan-

Figure 6: Low cost GCI terminal application
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Figure 7: LAPB and LAPD protocol on the same D channel handlended with 2 different uPs
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Figure 8: LAPB and LAPD protocol handling an B and D channel
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Flgure 9: Decentralized D channel handling in NT2 or LT
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Figure 10: Centralized D channel handling in NT2 or LT
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Figure 11: HDCL Frame Transmission Procedure
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Figure 12: HDCL Frame Transmission Procedure in D Channel
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Figure 13: S Activation and Deactivation procedure
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ELECTRICAL CHARACTERISTICS (T from 0to 70°C, Vpp =5+ 0.25V).

Symbol Parameter Test Condition Min. Typ. Max. Unit
Is Supply Current CLK Freq. = 4MHz - 4 - mA
CLK Freq. = 2MHz - 2 4 mA
NO CLK Freq. - 20 300 HA

STATIC CHARACTERISTICS - GCI INTERFACE (T from 0to 70°C, Vpp =5+ 0.25V).

Symbol Parameter Condition Min. Max. Unit
VIH High Level Input Voltage Maximum leakage current : + 10 HA 2.4 VDD+0,4 )
VIL Low Level Input Voltage Maximum leakage current : + 10 HA VSS-0,4 0,8 \
VOH High Level Output Voltage | IOH =-0,4 1A 2,4 \
VOL Low Level Output Voltage | IOL = 2mA 0,45 \
VoL Low Level Output Voltage | IOL = 7mA 0,45 \Y

DOUT . Dm B |NT
C Input/Output Capacity 10 pF
Cout Load Capacity DIN/DOUT 150 pF
Load Capacity INT 150 pF
Load Capacity AD0/7 100 pF
DYNAMIC ELECTRICAL CHARACTERISTICS - GCl Interface
Symbol Parameter Min. Typ. Max. Unit
FSync | 8 KHz 8 KHz
FoLk 64x nx FSync1<n<8 512 4096 KHz
tweH Period of CLK High 80 ns
tweL Period of CLK Low 80 ns
trc Rise Time of CLK 10 ns
tFc Full Time of CLK 10 ns
tHCF Hold Time: CLK - FS 0 ns
tsFc Set-up Time: FS - CLK 30 ns
toco Delay Time: CLK High to data valid. out: 150 pF 80 ns
tbcz Delay Time: to Data Disabled 0 80 ns
torD Delay Time: FSync. High to data valid. count: 150 pF. Applies 80 ns
only if Sync rises later than CLK raising edge.
tsbc Set-up Time: Data valid to CLK receive edge. 30 ns
tHDC Hold Time: CLK low to data invalid. 30 ns
ST TR =
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DYNAMIC ELECTRICAL CHARACTERISTICS - Double Clock Interface

Symbol Parameter Min. Typ. Max. Unit
FSync | 8 KHz 8 KHz
Foik 16x nx FSync 1<n<64 128 8192 KHz
twCH Period of CLK High 50 ns
tweL Period of CLK Low 50 ns
tRC Rise Time of CLK 10 ns
trc Full Time of CLK 10 ns
tHCF Hold Time: CLK - FS 0 ns
tsFc Set-up Time: FS - CLK 30 ns
tbcp Delay Time: CLK High to data valid. out: 150 pF 80 ns
tbcz Delay Time: to Data Disabled 0 80 ns
torD Delay Time: FSync High to data valid. count: 150 pF. Applies 80 ns

only if Sync rises later than CLK raising edge.
tsbc Set-up Time: Data valid to CLK receive edge. 30 ns
tHDC Hold Time: CLK low to data invalid. 30 ns

ELECTRICAL CHARACTERISTICS - Single Clock Interface

Symbol Parameter Min. Typ. Max. Unit

FSync | 8 KHz 8 KHz
Fclk 8x nx FSync 1<n<64 64 4096 KHz
tweH Period of CLK High 80 ns
twol Period of CLK Low 80 ns
trc Rise Time of CLK 10 ns
trc Full Time of CLK 10 ns
tHeF Hold Time: CLK - FS 0 ns
tsFc Set-up Time: FS - CLK 100 ns
toco Delay Time: CLK High to data valid. out: 150 pF 80 ns
tocz Delay Time: to Data Disabled 0 80 ns
toFD Delay Time: FSync. High to data valid. count: 150 pF. Applies 80 ns

only if Sync rises later than CLK raising edge.
tsbc Set-up Time: Data valid to CLK receive edge. 30 ns
tHDC Hold Time: CLK low to data invalid. 30 ns
26/32 .
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Figure 14: GCI Timing
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Figure 15: Single Clock Diagram
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Figure 16: Non-multiplexed pP bus timing

READ CYCLE URITE CYCLE
“““““ XX .. XX
L4 _—— 4 ———
RV R/U \ /l
tAES  tUE tEAH tAES  tUE tEAH
E*CS E%CS
tacc tDES
o 1111 e ., =
tDF tEDH
NBISTS5451-22
READ CYCLE (Non-multiplexed mode)

Symbol Parameter Min. Max. Unit
teAH Address Hold After E 10 ns
tean | R/W Hold After E 10 ns
taES Address to E Setup 20 ns
tAES R/W to E. Setup 20 ns
tacc Data Delay from E 110 ns
toF Output Float Delay 25 ns
twe Minimum Width of E 110 ns

WRITE CYCLE (Non-multiplexed mode)

Symbol Parameter Min. Max. Unit
teaH Address Hold After 10 ns
teAH R/W Hold After E 10 ns
tAES Address to E Setup 20 ns
taes R/W to E.CS Setup 20 ns
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