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Information furnished by AMI in this publication is believed to be accurate. Devices sold by AMI
are covered by the warranty and patent indemnification provisions appearing in its Terms of Sale
only. AMI makes no warranty, express, statutory,implied, or by description regarding the infor-
mation set forth herein or regarding the freedom of the described devices from patent infringe-
ment. AMI makes no warranty of merchantability or fitness for any purposes. AMI reserves the
right to discontinue production and change specifications and prices at any time and without
notice.

Advanced Product Description means that this product has not been produced in volume, the
specifications are preliminary and subject to change, and device characterization has not been
done. Therefore, prior to programming or designing this product into a system, it is necessary to
check with AMI for current information.

Preliminary means that this product is in limited production, the specifications are preliminary
and subject to change. Therefore, prior to programming or designing this product into a system, it
is necessary to check with AMI for current information.

These products are intended for use in normal commercial applications. Applications requiring
extended temperature range, unusual environmental requirements, or high reliability applications,
such as military, medical life-support or life-sustaining equipment are specifically not recommend-
ed without additional processing by AMI for such application.
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NMII Introduction

American Microsystems, Inc. (AMI) headquartered in Santa Clara, California is the semiconductor industry leader in
the design and manufacture of custom MOS/VLSI (metal-oxide-silicon very-large-scale-integrated) circuits. It manu-
factures special circuits for the leading computer manufacturers, telecommunications companies, automobile manu-
facturers and consumer product companies worldwide. AMI is a wholly owned subsidiary of Gould, Inc.

. Along with being the leading designer of custom VLSI, AMI is a major alternate source for the S6800 8-bit micropro-
cessor family and the only alternate source for the S9900 16-bit family of microprocessors. The company provides the
market with selected low power CMOS Static RAMs, and 8K, 16K, 32K, 64K and 128K ROMs for all JEDEC pin-
outs or as EPROM replacements.

The most experienced designer of systems-oriented MOS/VLSI communication circuits, AMI provides components
for station equipment, PABX and Central Office Switching systems, data communications and advanced signal pro-
cessing applications.

AMI is a leading innovator in combining digital and analog circuitry on a single silicon chip, and is a recognized
leader in switched capacitor filter technology.

Processing technologies range from the mature PMOS metal gate, to silicon gate N-Channel to the advanced, small
geometry, high performance silicon gate CMOS. Over 25 variations are available.

Headquartered in Santa Clara, California, AMI has design centers in Santa Clara; Pocatello, Idaho; and Swindon,
England. Wafer fabricating plants are in Santa Clara and Pocatello, and assembly facilities are in Seoul, Korea and
the Philippines. A joint venture company in Graz, Austria will include complete design and manufacturing facilities.

Field sales offices are located throughout the United States, in Europe and in the Far East. Their listing, plus those of
domestic and international representatives and distributors appear on pages B.32 through B.35 of this publication.
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Cross Reference by Manufacturer

Communication Products

AMI Functional

AMI Functional

Manufacturer Part Number Equivalent Part Manufacturer Part Number Equivalent Part
G.I. SPR 128 3630 Mostek MK 50982 2560A

G.I. ACF 7310,12,7410 3526 Mostek MK 50991 2560A

G.IL ACF 7323C 3525 Mostek MK 50992 2560A

G.I. ACF 7363C 3525 Mostek MK 5116 3501/3502, 3507
G.I. ACF 7383C 3525 Mostek MK 5151 3501/3502, 3507
G.IL AY5-9100 2560A Mostek MK 5156 3503/3504, 3506
G.I. AY5-9151 2560A Mostek MK 5170 2562/2563
G.I. AY5-9152 2560A Mostek MK 5175 25610

G.I AY5-9153 25604 | Mostek MK 5387 2559

G.1. AY5-9154 2560A Mostek MK 5389 25089 )
G.I. AY5-9158 2560A Motorola MC 14400 R
G.L AY5-9200 2562/2563 Motorola MC 14401 a0
G.I. AY3-9400 2559 Motorola MC 14402 3507

G.I. AY3-9401 2559 Motorola MC 14406 3501/3502
G.L AY3-9410 2559 Motorola MC 14408 2560A

G.I. AY5-9800 3525 Motorola MC 14409 2560A
G.L. AY3-9900 3501/3502 National - MM 5393 2560A
Hitachi HD 44211 3507 National MM 5395 2559
Hitachi HD 44231 3506 NEC wPD 7720 2811

Intel 2364 3630 Nitron NC 320 2560A
Intel 2910/2912 3501/2 OKI MSM 38128 3630
Intel 2913 3507 Phillips TDA 1077 2559
Intel 2914 3507 RCA CD 22859 2559
Intersil ICM 7206 2559 SSI SSI 201 3525
Mitel MT 4320 3525 Siliconix DF 320 2560A
Mitel ML 8204 2561A Siliconix DF 321 2560A
Mitel ML 8205 2561A Siliconix DF 322 2560A
Mitel MT 8865 3525 Siliconix DF 341 3501/3502
Mostek MK 5087 2559 Siliconix DF 342 3501/3502
Mostek MK 5089 25089 Supertex CM 1310 3630
Mostek MK 50981 2560A
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Communication Products
Cross Reference by Part Number

AMI Functional AMI Functional
Part Number Manufacturer Equivalent Part Part Number Manufacturer Equivalent Part
TDA 1077 Phillips 2559 MK 50992 Mostek 2560A
SPR 128 G.L 3630 MK 5116 Mostek 3501/3502, 3507
CM 1310 Supertex 3630 MK 5151 Mostek 3501/3502, 3507
MC 14400 Motorola 3507 MK 5156 Mostek 3503/3504, 3506
MC 14401 Motorola 3507 MK 5170 Mostek 2562/2563
MC 14402 Motorola 3507 MK 5175 Mostek 25610
MC 14406 Motorola 3501/3502 MK 5387 Mostek 2559
MC 14408 Motorola 2560A MK 5389 Mostek 25089
MC 14409 Motorola 2560A MM 5393 National 2560A
SSI 201 SSI 3525 MM 5395 National 2559
CD 22859 RCA 2559 ICM 7206 Intersil 2559
2364 Intel 3630 ACF 7310,12,7410 G.I. 3526
2910/2912 Intel 3501/2 ACF 7323C G.I. 3525
2913 Intel 3507 ACF 7363C G.I. 3525
2914 Intel 3507 ACF 7383C G.I. 3525
DF 320 Siliconix 2560A uPD 7720 NEC 2811
NC 320 Nitron 2560A ML 8204 Mitel 2561A
DF 321 Siliconix 2560A ML 8205 Mitel 2561A
DF 322 Siliconix 2560A MT 8865 Mitel 3525
DF 328 Siliconix 2560A AY5 9100 G.L 2560A
DF 341 Siliconix - 3501/3502 AY5 9151 G.L 2560A
DF 342 Siliconix 3501/3502 AY5 9152 G.L 2560A
MSM 38128 OKI 3630 AY5 9153 G.L 2560A
MT 4320 Mitel 3525 AY5 9154 G.L 2560A
HD 44211 Hitachi 3507 AY5 9158 G.I 2560A
HD 44231 Hitachi 3506 AY5 9200 G.I. 2562/2563
MK 5087 Mostek 2559 AY3 9400 G.I. 2559
MK 5089 Mostek 25089 AY3 9401 G.I 2559
MK 50981 Mostek 2560A AY3 9410 G.I. 2559
MK 50982 Mostek 2560A AY5 9800 G.I. 3525
MK 50991 Mostek 2560A AY3 9900 G.L 3501/3502
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Memory Products

CMOS RAMs
Vendor 256X 4 1K X1 1K X4 4K X1
AMI S5101 S6508 S6514% S6504*
FUJITSU — - 6514/8414 8404
HARRIS 6561 6508 6514 6504
HITACHI 435101 - 4334 4315
INTERSIL 6551 6508 6514 6504
MOTOROLA 145101 146508 - 146504
NATIONAL 74C920 74C929 6514 6504
NEC 5101 6508 444/6514 -
OKI 573 574 5115 —
RCA 5101 1821 1825 5104
SSS 5101 5102 - -
TOSHIBA 5101 5508 5514 5504
*To Be Announced

BYTE WIDE NMOS ROMs

Vendor 1K X8-24 Pin 2K X 8-24 Pin 4K X8-24 Pin *4K X 8-24 Pin 8K X8-24 Pin 8K X8-28 Pin
AMI S68308 S6831B 568332 S2333 S68A364 S$2364
AMD AM9208 AM9216 AM9232 AM9233
EA EA8308 EA8316 EA8332 EA8333
FAIRCHILD F68B308 3516
FUJITSU MB8364
GI R03-9332 RO3-9333 R03-9364
HITACHI HN46830 HN462532
INTEL 2608 2616 (2332) (2364)
MARUMAN MIC2316 MIC2332 MIC2364
MITSUBISHI M58730 M58333
MOS MPS2316 MPS2332 MPS2364
MOSTEK MK34000 MK36000 MK37000
MOTOROLA MCM68308 MCM68316 MCM68332 MCM68364
NATIONAL MM52116 MM52132 MM52164
NEC PD2308 PD2316 PD2332 PD2364
NITRON NC6550
OKI1 MSM3770 MSM3870
PANASONIC MN2332
ROCKWELL RO3-9316
SGS M2316
SIEMENS SAB8316 SAB8332
SIGNETICS 2608 2616 2632 2664
SMC ROM4732
SYNERTEK SY2316 SY2332 SY2333 SY2364
TI TMS4732 TMS4764
TOSHIBA . TMM334 TMM333 TMM2364

*Pin compatible with 2732 EPROM

AT

Source: IC Master 1980
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$6800 Family

General
AMI Fairchild Instruments Hitachi Motorola National Texas Instruments
S$1602 - AY-3-1014 — - MM5303N TMS6011
52350 - . . . - .
S6800 F6800 - HD46800 MC6800 - -
S6801 — — — MC6801 — —
S6802 F6802 - HD46802 MC6802 - —
56805 - - HD46805 MC6805 — -
S6808 F6808 — HD46808 MC6808 - —
56809 — — — MC6809 - —
$6810 F6810 — HD46810 MC6810 — —
S6821 F6821 —_ HD46821 MC6821 — -
S6840 F6840 — HD46840 MC6840 - -
56846 F6846 — HD46846 MC6846 - .
56850 F6850 — HD46850 MC6850 - -
S6852 F6852 — HD46852 MC6852 — .
S6854 F6854 — HD46854 MC6854 — —
568488 F68488 — HD468488 MC68488 — —
S68045 - o — — - —
S9900 Family

AMI Texas Instruments

$9900 TMS9900

$9901 TMS9901

59902 TMS92902

59980 TMS9980

59981 TMS9981
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AMERICAN MICROSYSTEMS, INC.

Alterable Microcomputer Family

Contact factory for complete data sheet.

AMT’s all-CMOS Alterable Microcomputer Family con-
tains four products: the AMU/PR, a prototyping device;
the S99C91, a 16-bit CMOS microprocessor; the
S$99C923, a general-purpose I/O (GPIO) chip with 16
single-bit I/O ports; and the S99C922 containing all the
functions of the GPIO in addition to a versatile counter/
timer subsystem.

The S99C91, S99C922 and S99C923 have been topologi-
cally designed so that they can be integrated on a single
chip, together with additional peripheral modules and
memory, to form a customized CMOS 16-bit Alterable
Microcomputer Unit (AMU). The Alterable Microcom-
puter thus offers volume users a low-cost upward migra-
tion path towards system implementations with minimal
package count — a feature unmatched by any other
microcomputer product family.



PRELIMINARY DATA SHEET
AMU/PR

AMERICAN MICROSYSTEMS, INC.

CMOS 16-BIT MICROPROCESSOR
ALTERABLE MICROCOMPUTER FAMILY

Features General Description
O CMOS Silicon-Gate Technology The AMU/PR is a single-chip 16-bit central processing
5 2K Bytes ROM, 128 Bytes RAM On Chi Siicomgath eehnology. Tho intruction set incudes capa
es s es n silicon-gal ology. The instruction set includes capa-
O Ful g’linicomputer Ins{ruction Set Capalgility bilit-,iesg offered bygyfull minicomputers. The uni(?l?e
Including Multiply and Divide memory-to-memory architecture features multiple register
g gﬁ-ﬁ?ﬁgtﬁi :;f 3‘:1:"533"19 Memory files (resident in memory) which allow faster response to
v . interrupts and increase programming flexibility. Separate
S 1S§edvanet:dMMemory-It/8Me1:olr y tArChltt_ eBcture bus structures simplify the system design. AMI provides
para emory, 1/0, and Interrupt-Bus \ L
Structures a compatible set of CMOS memory and support circuits to
O 16 General Registers be used with the AMU/ PR system, The AMU/PR is the
O 5 Prioritized Interrupts prototyping chip for the AMI Alterable Microcomputer
O Programmed and DMA I/O Capability Family. The Alterable Micomputer Family system is fully
O 0n~Chi|5) é)lsock (i'}enerator supported by software and hardware development
O Single | systems.
0 16 (g?reneral Psll')pise Flags Y
O Power Down State (IDLE)
O Compatible With All S9900 Peripherals
O 48-Pin Package
Alterable Microcomputer Functional Block Diagram Pin Configuration
———
p, (1 48 [Jo,
n; (2 47 [Jo,
o, (3 46 [JoaiN
o O 0 O 0O a4 0O O 0O 0O m] o s (s 45 ] A5/CRUOUT
o, (5 a4 v
a ] o, e 43 [Jod
ap O7 42 [Ine.
] O Ay s 41 [ THOLDA
1 A o 40 [JibLE
o '//’(‘ O A O1o 39 [INmiack
Ay Ont 38 [ Jo
o b A 2 37 [JiNT3
as C]13 AMUPR 36 [ JiNT1
o s A []1e 35 [1iNT2
o a A 15 34 [INm
as (16 33 [ JRESET
=] o ok 17 32 [JCRUIN
vss []18 31 [JcRuctk
m] =) vee 19 30 [Ja,
XTAL, (20 29 [Ja;
o — Q5 &t 5 &t o 5 ©o 5 =5 0 xaL, OJ21 28 [,
ms, [C]22 27 [Ja,
ms, []23 26 [Jag
WEMEN []24 25 [WE

1.2



AMERICAN MICROSYSTEMS, INC.

PRELIMINARY DATA SHEET
S99C91

CMOS 16-BIT MICROPROCESSOR

ALTERABLE MICROCOMPUTER FAMILY

Features O Compatible With All S9300 Peripherals
O 40-Pin Package
00 CMOS Silicon-Gate Technology
[J 16-Bit Instruction Word General Description
O Full Minicomputer Instruction Set Capability
Including Multiply and Divide The S99C91 is a single-chip 16-bit central processing unit
0O Up to 64K Bytes of Addressable Memory (CPU) produced using an advanced dual-poly CMOS sili-
O 8Bit Memory Data Bus con-gate technology. The instruction set includes capa-
0O Advanced Memory-to-Memory Architecture bilities offered by full minicomputers and is S9940 com-
[] Separate Memory, I/O, and Interrupt-Bus patible. The unique memory-to-memory architecture fea-
Structures tures multiple register files (resident in memory) which
[J 16 General Registers allow faster response to interrupts and increase program-
[ 4 Prioritized Interrupts ming flexibility. The separate bus structure simplifies the
O Programmed and DMA 1/O Capability system design. AMI provides a compatible set of CMOS
O On-Chip Clock Generator memory and support circuits to be used with the S39C91
{J Single 5V Supply system. The S99C91 is a member of AMI’s Alterable
O 16 General Purpose Flags Microcomputer Family.
[0 Power Down State (IDLE)
Alterable Microcomputer Functional Block Diagram Pin Configuration
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PRELIMINARY DATA SHEET
$99C922

GENERAL PURPOSE
INPUT/OUTPUT (GPIO) AND
VERSATILE COUNTER MODULE

ALTERABLE MICROCOMPUTER FAMILY

Features

oooooon ooooo

Advanced CMOS Technology

AMI S99C91 and AMU/PR Family Compatible
General-Purpose CRU Interface

16 Dedicated Single-Bit I/0 Ports

Ports Individually Software-Configurable as
Input or Output

Software Read of Input/Output Port Status

16 Bit Versatile Counter

Two Modulus Registers

Programmable Counter Output Pin
Programmable Counter Interrupt Output

Two Programmable External Gate/Count Inputs
Single +5V Supply

General Description

The S99C922 General Purpose I/0 and Versatile Counter
Module is designed to provide counter/timer functions
and expandable I/O ports in an AMU or S9900 family
microprocessor system. It is fabricated in dual polysilicon
CMOS technology and is completely CMOS-compatible.
The S99C922 is a member of AMI’s Alterable Microcom-
puter family.
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PRELIMINARY DATA SHEET
$99C923

AMERICAN MICROSYSTEMS, INC.

GENERAL PURPOSE
INPUT/OUTPUT (GPIO) MODULE
ALTERABLE MICROCOMPUTER FAMILY

Features General Description
O Advanced CMOS Technology The S99C923 General Purpose 1/0O module is designed to
O AMI S99C91 and AMU/PR Family Compatible provide expandable I/O ports in an AMU or S9900 family
O Genera-l-Purpos.e CRU' Interface microprocessor system. It is fabricated in CMOS silicon-
016 Dedicated Single-Bit 1/0 Ports gate technology and is completely CMOS-compatible on
O Ports Individually Software-Configurable as all inputs. The S99C923 is a member of AMI's Alterable
Input or Qutput Microcomputer family
O Software Read of Input/OQutput Port Status '
O Single +5V Supply
Alterable Microcomputer Functional Block Diagram Pin Configuration
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No other company can match AMI’s track record in
developing state-of-the-art custom MOS products. With
more than 1500 custom devices designed and manufac-
tured since 1967, AMI has more experience than any
other integrated circuit company in building a wide vari-
ety of custom microcircuits.

AMI not only has the experience, but the design
engineering organization and the advanced production
and testing facilities to produce the highest quality
MOS/VLSI circuits. And because AMI also offers stan-
dard memory, microprocessor, telecommunication and
consumer products and the widest variety of custom LSI
processes in the industry, we're able to be objective in
helping customers determine their most cost effective
approach.

THE ADVANTAGES OF CUSTOM CIRCUITS

Since a single custom MOS/VLSI chip can replace expen-
sive electromechanical devices, discrete logic compo-
nents, or less efficient general purpose LSI circuits, it
offers a number of benefits not available with standard
logic.

Custom circuits save money. Grouping functions onto a
single chip lowers production and inventory costs drama-
tically. That reduces your product manufacturing costs
as well.

Custom circuits are more reliable. Putting a complete
system on a chip trims component count, improving both
product reliability and production yields. Rework, repair
and replacements are minimized.

Custom circuits reduce space and power requirements.
Fewer components means both space and power require-
ments are reduced.

Custom circuits offer superior performance. Since the cir-
cuit is designed to your requirements, features and func-
tions can be incorporated which are not available in
general purpose chips. Special tailoring reduces test
requirements as well.

Custom circuits offer proprietary protection. Being
tailored exactly to your requirements, a custom circuit
cannot be easily duplicated. This can help put you ahead

— and keep you ahead — of your competition.

THE SPECTRUM OF SOLUTIONS

The decision to use a custom circuit depends on your
system design requirements — such things as complex-
ity, features, size and power limitations. But no longer is
your custom decision limited by low volume or short
development time — not when you come to AMI.

AMI has a full spectrum of custom solutions to assure
you get that solution which meets your system perfor-
mance and time-to-market requirements at the lowest
possible cost.

AMTI’s spectrum of solutions bridges the total span of
volume, timing and interface needs of our customers.
From semi-custom designs, to full custom design —
somewhere on the spectrum, your development time and
volume requirements can be met. For customers who
already have their designs, AMI can provide custom
fabrication for the customer’s tooling. We will even teach
custom design if that’s what our customers need. And we
can even go a step further and license the technology for
a customer to set up his own fabrication capability. No
other company offers such a spectrum of solutions. And
no other company has more experience at helping you
pick the best solution for your needs.

LOGIC ARRAYS

Our semi-custom logic arrays are the best solution for cir-
cuits of moderate complexity in low-to-medium volume
applications.

AMI CMOS semi-custom logic arrays are standard logic
layouts of everything except the final metal interconnect
pattern. Since only the final pattern needs to be deve-
loped to customize your circuits, both development time
spans and development costs are dramatically reduced.
Because wafers containing arrays are preprocessed and
inventoried, production lead times are short. Logic
arrays are especially attractive for applications requiring
circuit volumes from 1,000 to 50,000 units per year.

For more details on AMI'’s logic arrays, refer to the
“Logic Array” section of this catalog.
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STANDARD CELL CUSTOM

Standard cells are full custom circuits which are designed
from computer stored modular cells. The computer
assembles the cells into a collection of functional blocks
to form a custom circuit. Since standard cells utilize pre-
designed cells, development time is reduced dramatically
and development costs are cut 30 to 50 percent over con-
ventional custom design. Circuit size is likely to be slight-
ly larger than a conventional custom circuit, so they are
most appropriate where rapid development is more
important than minimal size. Standard cells are cost
effective in volume levels beginning around 10,000 cir-
cuits.

For more details on AMI standard cells refer to page
of this section.

CONVENTIONAL CUSTOM DESIGN

With conventional custom, circuit size is shrunk to the
absolute minimum. Since less silicon is used, production
costs are dramatically reduced. Where end product
volume is high — beyond 50,000 units per year — or
where special requirements for lowest power, minimal
space or highest performance exist, the solution is likely
to be conventional custom design.

Instrumental in the design of custom circuits is our
Symbolic Interactive Design System (SIDS). The design
is done primarily with SIDS where a layout designer
works with symbols directly at a large screen alpha-
numeric color CRT. After the SIDS circuit design has
been completed and verified, the symbols are converted
to polygons and a 10X reticle tape is prepared.

SIDS uses on-line, real-time design rule checking capa-
bility to isolate design rule errors in the layout. This
allows immediate correction which greatly reduces the
development span time.

Also a nodal trace function permits a designer to trace
and highlight a given electrical node. In this way, the
designer can manually insure that the node is connected
as specified in the master logic description.

Full background real-time design rule checking on win-
dows, cells, and chips is supported, as is full background
continuity checking against the master logic description.
This eliminates the delay from digitizing and batch pro-
cessed computer checking of circuits for accuracy.

With SIDS, error correction, circuit modification and
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area relocations take only minutes. That significantly
reduces design cycle time and development costs.

Computer-aided hand-drawn layouts are used to reduce
extremely complex circuits to the absolute smallest size.
Development time and costs are higher, but in certain
cases, size or complexity requirements may require the
hand-drawn approach.

CUSTOMER DESIGNED SOLUTIONS

Many of our customers have their own circuit designs. In
this case AMI can provide custom circuit fabrication for
customer-owned tooling. We can accept a customer’s
fabrication job at any level: working plates, pattern .
generation tape or data base tapes accompanied with a
developed test program and specification. Close coopera-
tion between the customer and AMI simplifies circuit
debug and facilitates manufacture at circuit completion.
At the same time it gives the customer complete pro-
prietary protection and control over design and produc-
tion scheduling.

Through AMI's diversity of MOS process types,
engineering support, test equipment and package
options, we provide you a degree of flexibility no one else
can offer. For more details on AMI's MOS processes,
refer to the ‘““General Information” section of this
catalog.

JOINT DEVELOPMENT TEAMS

Through a Joint Development Team (JDT) we can teach
a customer to design his own MOS/VLSI circuits. The
JDT is a combination of technically skilled people from
the partner company and AMI who function as a design
group concentrating on the customer’s products alone.
The JDT partner brings his system design staff and
AMI brings the MOS/VLSI staff and its design tech-
nology. The partner becomes part of an in-house AMI
design group. The end result is a design capability for the
partner company for circuits that AMI will fabricate.

If the customer wants to go beyond designing his own
circuits to operating his own manufacturing/pilot line,
AMI will license the necessary technology in those situa-
tions where a long-term business relationship can be
established between the partner company and AMI.

AMI PROVIDES LEADING CAD TECHNOLOGY

At almost all levels of the spectrum, computer-aided
design (CAD) software and hardware aids are employed
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to assure correctness of design each step of the way and
to shorten design spans reducing customer risk and
lowering design cost. Highly efficient programs have
been implemented to assist in logic design and simula-
tion, layout planning, switched capacitor analysis
routines and symbolic interactive design layout, to name
just a few.

Hardware design aids include:

* Onssite Burroughs 7760 computer with multiprocess-
ing capability.

¢ Computer terminals built around a Prime computer
and engineering design facilities which tie into the on-site
7760 and time-sharing services.

e Computervision interactive graphics system which
provide on-line generation and editing of composite draw-
ings; includes drafting surfaces and CRT displays.

e Calma graphics system for both production digitizing
and on-line changes.

¢ Calma GDS-11 high speed electrostatic plotter.

¢ High speed, high resolution Electromask 9-track pat-
tern generator.

Software design aids include:
Logic Design

¢ Register Transfer Language (RTL) Simulation — Pro-

vides a system behavior description to define instruction

sets, optimize data paths, control hardware algorithm

design and establish register designs.

¢ Glide — Permits user to design layout, simulate,

generate patterns and develop test programs for logic

arrays.

¢ Path Analysis Program (PATH) — Permits gross logic
. checks to be made before desxgn, and final logic checks

from the ultimate design.

¢ Logic Simulator (SIMAD) (SIMulator with

Assignable Delays) simulates logic network behavior for

design verification and propagation delays.

* Programmable Logic Array Designs Aids (PLAID) —

Uses state tables and Boolean equations to generate the

optimum physical structure for random logic designs.

¢ Block Oriented Logic Translator (BOLT)) — A logic

description compiler that generates a common data base

used by SIDS, SIMAD, LPA, continuity check, PATH

and CIPAR.

¢ Design Rule Checking (DRC)
¢ Trace and Continuity Checking

Circuit Design

¢ Circuit Simulator (ASPEC) — Analyzes DC operation,
DC transfer functions, time domain or transients and fre-
quency domain or small signal AC characteristics.

¢ Pole Zero Analysis (PZSLIC) — Program analyzes the
frequency domain of linear integrated circuits.

¢ Switched Capacitor Analysis Routine (SCAR) —
Analyzes switched capacitor filter designs for telecom-
munications and other analog circuits.

¢ Data Analysis Program (DAP) — Analyzes data from
circuit fabrication to maintain the parameters of circuit
designs.

Mask Design

¢ Layout Planning Aid (LPA) — Lays out the chip plan
and interconnection between functional blocks of an inte-
grated circuit.

¢ Symbolic Interactive Design System (SIDS) — Per-
mits a layout designer to work directly with a computer
to lay out and check a circuit on a CRT screen, dramati-
cally shortening layout time requirements.

e Circuit Interactive Place and Route (CIPAR) — Auto-
matically creates error-free mask designs in extremely
short time spans.

Test Generation

AMI utilizes numerous software programs to generate
test programs for integrated circuits. All serve to reduce
the time needed to develop test programs to. meet
customer specifications.

DIGITAL AND ANALOG COMBINATIONS

AMI is a leading innovator in combining digital and
analog functions on a single chip. We can combine any of
the functions below into an optimum circuit configura-
tion to meet your needs. Unique combinations of these
functions are already used in many applications in the
communications, consumer, and industrial marketplace.

DIGITAL ANALOG
PLA OP AMP
ALU Oscillator

Inverter Comparator
RAM and ROM Voltage Reference

Shift Register
Interface Driver
Automatic Power Down

A/D and D/A Converters
Switched Capacitor Filters
Programmable Power Down
Phase Locked Loops
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STATE OF THE ART PACKAGING

AMT’s packaging capability spans a broad spectrum,
beginning with plastic, ceramic and CERDIP and going
on to chip carriers, die bonding to PC boards and, most
recently, mini-flat packs. As well as being a leader in
plastic packaging for the high volume, low cost consumer
industry, AMI’s high reliability plastic packages and
chip carriers are accepted under the stringent require-
ments in the Telecom and Automotive industries. As
many industry segments move toward space-saving
packages, AMI remains in the forefront in packaging us-
ing chip carriers. AMI now is developing a family of
mini-flat packs which are a plastic alternative to a chip
carrier.

AMI DELIVERS QUALITY

AMI quality controls for in-process wafer inspection and
final assembly and test are the best in the industry. Our
care in fabrication, assembly and test mean that you get
products that meet your specifications for reliability.
Because over 70 percent of our total production is
custom, we perform many checks routinely that would
only be done on special orders and at additional cost by
other manufacturers. In fact, our own in-house standards
are tougher than most of our customers require. Most
importantly, AMI is committed to making sure that
everything we do is done right, every time we do it.

The Industry’s Highest Standard

AMI has consistently pursued product excellence and
has reached for higher quality levels in finished products
shipped. Circuits are inspected to 0.1% AQL or your
specifications, whichever is more stringent.

This 0.1% AQL can put you in a superior competitive
position. Your incoming test and assembly costs come
down since there is less reworking on the line. And your
customers receive a more reliable product.

Quality Checks

Among the routine quality controls exercised over every
product at AMI are:

¢ Full logic design checks against system specifications

e Circuit simulation to verify performance against
objectives

e Working plates check on automatic checkers
¢ Automated mask fabrication checks

* In-process wafer fabrication checks

e Wafer sort tests

* 100% optical inspection at dicing

* 100% die attach checking

¢ 100% lead bonding inspection prior to package sealing
¢ Seal checks, fine and gross leak tests

¢ Final digital and analog tests

¢ Customer specified environmental tests

Meticulous in-process checks are performed on design
and workmanship at every step, to ensure a fully manu-
facturable device. In manufacture, lot process and yield
data are captured and examined as a matter of routine.

CUSTOM MOS/VLSI FROM AMI

The information in this section has been presented to
show not only how and why custom can be used, but also
to explain the types of commitment at AMI to total
custom circuit development and to customer tooling pro-
cessing. Whatever your requirements or questions about
a custom or semicustom MOS/VLSI circuit, we can help
you find the right solution. Because no other company
offers you more services, experience and capability in a
single place than AMI.

SUPPLEMENT — AMI'S STANDARD CELL
PROGRAM

Program Description

The cells in the Standard Cell Program are basic logic
elements such as gates, flip-flops; register counter bits
and I/0 devices. Each cell has been previously designed
and analyzed for performance. Complex digital functions
can be rapidly implemented by interconnecting the var-
ious cells. Most cells have a series 4000 CMOS equivalent
and a 74LS TTL equivalent for ease of bread boarding.

The cells are initially designed on an interactive color
graphics terminal — AMI’s SIDS (Symbolic Interactive
Design) system. The cell library is maintained within the
SIDS data base. If other CAD (Computer-Aided Design)
systems are used internally by a customer, the cell
library can be digitized onto these systems.

Using the SIDS system, new cells or modifications of
existing cells can be generated and added to the cell
library rapidly, without any hand layout. Similarly, non-
cell functions such as analog elements or memory arrays,
RAM or ROM, can be designed using SIDS and merged
with standard cells.

2.5
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This ability to add special features efficiently, makes
AMTI’s standard cell program far more flexible than other
manufacturer’s cell development systems.

PERFORMANCE

AMTI’s standard cell circuits can be successfully used in
digital circuits with operating speeds up to 10MHz for
NMOS (or CMOS at 10V V) and 8MHz for CMOS (5V
Vo). It should be emphasized that if only a small portion
of the circuit requires faster performance, this portion
can be “customized”’ either by creating special cells or by
designing circuitry outside of the cell structure. AMI will
review customer logic without obligation to determine if
a cell design is feasible.

NMOS Cells

The NMOS cells (Table I) are implemented using a 4
micron silicon gate process and can be used over the full
military temperature range (—55°C to 125°C). Operating
voltage is 5V+10%. The NMOS cells have been designed
with three power/speed options. The fastest cells also
have the highest power consumption and use the most
area, Therefore, the fast cells should be used only where
circuit performance requires high speed. Most circuits
are optimized by using a combination of low power, stan-
dard and high speed cells.

CMOS Cells

The CMOS cells are designed using a 5 micron silicon
gate oxide-isolated process. This process is well suited for
analog circuitry and some analog cells will be added to
the digital cells shown. CMOS cells (Table II) are charac-
terized for 3V to 12V operation over the full military
temperature range (—55°C to 125°C). CMOS cells are
generally used where low power battery operation or
backup are required. As in 4000 series CMOS, power for
static operation is near zero. The typical power shown in
Table II is for operation at 1MHz.

TOPOLOGY

Both CMOS and NMOS standard cells are fixed height
(except I/O cells with width varying with cell
complexity). Inputs and outputs to internal cells are
available at both the top and bottom of cells. In addition,
cells may be “flipped” from left to right when this orien-
tation results in a shorter connection.

Most interconnection is accomplished by metal and poly-
silicon although diffusion can be used if required. At pre-

sent, both NMOS and CMOS cells use single layer poly
and metal. Input and output cells (for external pinouts)
are arranged (no fixed spacing) around the cell periphery.
These external cells generally are available in two dif-
ferent shapes. The long, narrow version is used where
chip area is restricted by the number of pinouts. This ver-
sion results in minimum bonding pad spacing. For
designs that are not ‘“‘pad-limited”, the other version
(approximately equal width and height) is used to
minimize die size.

NMOS Cells

The cell height for the NMOS cells is 161.5 microns. Vpp,
and Vgg connections are metal lines across the cell. Two
other metal lines cross the cell. These additional metal
lines are used for clocks. The use of wide metal clock lines
minimizes clock skew to maintain synchronous opera-
tion. Since the multiplexer cell does not require clocks,
there is no connection to the cell itself and the clock lines
are simply routed across the cell.

CMOS Cells

The CMOS cells have a cell height of 144 microns. In the
CMOS cells, a 16 micron grid is used. All cell boundaries
and cell input/output locations are located in 16 micron
increments. This grid system increases cell area, but has
several important advantages.

A relatively simple place and route software routine can
be used for automatic circuit layout. Manual layout
(primarily for user not having access to AMI CAD
systems) is greatly simplified since any gridded paper
can be used for rapid layout plan and trial interconnect.
Computer assisted interconnect on SIDS (AMI
Computer-Aided Design System) does not require the fix-
ed grid.

DEVELOPING YOUR STANDARD CELL DESIGN

AMI offers three basic options for developing a standard
cell custom circuit.

AMI Standard Development

The circuit user provides a completed logic diagram and
a circuit specification. AMI performs all other design
activity including MOS logic design, circuit design,
layout, mask generation and fabrication of wafers. This
development option is recommended for most users
desiring to build a single LSI device and for multiple cir-
cuit users who do not wish to become directly involved in
the MOS circuit development. '
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Shared Development

For those users who want to participate in the design of a
standard cell circuit, a Design Manual is provided for
either the NMOS or CMOS cell family. The Design
Manual has complete performance data over temperature
and voltage for all the cells. The manual contains infor-
mation for calculating speed, power and die size. In addi-
tion, guidelines for logic design, breadboarding and
developing test programs are provided. In a typical
“shared” development, the user designs the logic using
the available cells and performs preliminary power and
speed calculations. The user may then identify or even
lay out areas of the circuit requiring special attention to
guarantee performance. The Design Manual is provided
without obligation, but AMI does require the user to sign
a “Non-Disclosure” agreement. A shared development is
recommended for users who are considering multiple cir-
cuit developments, but who do not have an internal MOS
design capability.

Customer Designed Input by Terminal

Users who wish to design their standard cell circuits, but
do not want to invest in a CAD (Computer-Aided Design)
system, can design their circuit on a low cost terminal.
AMT’s logic simulator SIMAD (SIMulator with Assign-
able Delays) is available for the users to simulate their
desired logic on a time share terminal. The standard cells
have been stored as logic MACROS. When the users are
satisfied with the logic simulation they notify AMI, and
AMI uses this data base to run the customer’s software
programs. A plot of the circuit is returned to the user for
approval. After approval, AMI will deliver samples of
the device in a short time period.

Customer Designed Circuits

For those users who wish to design custom circuits en-
tirely within their own facility, AMI licenses the use of
both (NMOS & CMOS) cell families. Standard cell tooling
is provided in the form of a data base tape containing the
topological information of the cells. AMI also licenses the
use of several powerful CAD tools used in developing cell
circuits. The user does the complete circuit design and
develops a pattern generator tape which is used to make
the wafer processing masks. Customer designed stan-
dard cell circuits require the user to have or be willing to
develop a MOS design capability. However, a mask mak-
ing or wafer fabrication facility is not required.

DEVELOPMENT SCHEDULE

One of the primary objectives of a cell program is to
design a LSI circuit in a minimum time span. Circuit
design is almost eliminated since both function and per-
formance of the cells have been previously determined.
Some effort is still required to verify that timing and
power requirements are met. When cells are used, layout
consists of arranging the cells in rows and making the
required interconnections either on the computer assisted
SIDS system or using a software place and route routine.
In a conventional custom circuit layout, seven or eight
mask layers must be carefully layed out and checked for
possible layout errors. This layout simplicity greatly
reduces the possibility of a layout error causing a time
consuming second iteration of the design cycle.

DEVELOPMENT COST

Most AMI cell developments costs between $20,000 and
$65,000. The factors that determine the cost of a stan-
dard cell circuit are:

Size

The number of cells required to implement the required
function affects the development cost. Tables I and II
show both the area of the cells and also the number of
“2-input gate equivalents.” This gate equivalent number
is a short cut method of estimating size of a circuit
without analysis of the logic. The yield of good die per
wafer decreases rapidly as die size increases above 200
mils on a side. For most commercial applications, die size
should be limited to less than 230 mils square. Figure 9
shows an approximation of die size vs. equivalent gate
count.

Complexity

The following factors can affect circuit development
costs: areas within the circuit that have critical timing
require special layout attention; portions of the design
that cannot be implemented with existing cells; special
functions which must be added to a cell circuit.

Completeness of Design
The type of information provided by the circuit user is a

major cost factor. For most circuits, AMI prefers to work
from finished logic that has either been ‘‘breadboarded”
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or analyzed by computer simulation. However, AMI will
develop custom circuits (standard cell or conventional)
from a detailed specification of the intended circuit.

Test Plan Development

Regardless of the design or layout method, production

shipments of a custom device are dependent on a test
program to test devices at wafer sort and after final
assembly. A substantial portion (up to 20%) of the
development cost is required for generating and ‘“‘debug-
ging”’ the test program. For users who are able to provide
detailed test information, the development cost is reduc-
ed.

DEVELOPMENT OPTIONS AMI
Standard Shared Customer
Development | Development | Development

Functional Specification C C C
Logic Diagram C c - C
Breadboard (if built) C C C
MOS Logic Diagram (Logic Using Cell Elements) 0 C C
Logic Simulation A C C
Circuit Design A (6] C
Layout Plan (Cell Location) A O (0}
Layout (Interconnection) A A (]
Pattern Generator Tape (Computer Tape of Layout) A A 0
Photo Masks A A A
Wafer Fabrication A A A
Assembly A A A
Test Vectors A (0] C
Complete Test Program A O O

A = AMI Task
C = Customer Task
O = Optional - Customer or AMI Task
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NMOS Standard Cells Summary

Table 1. Combinational Elements

CELL CMOS EQUIV  TTL EQUIV  GATE EQUIV AREA SPEED POWER
DESCRIPTION

NAME . U] (1) @ @) @

ADDRL1 FULL ADDER 4008 741582 9.7 49.8 176 619
ADDRL3 58.1 48 2750
ADDRS5 58.1 58.1 7150
ANRIL1 AND-NOR-INV GATE 4019 741851 2.3 19.7 88 124
ANRIL3 18.5 24 550
ANRIS5 22.6 12 1788
INVRL1 INVERTER 4069 74LS04 0.7 7.6 57 124
INVRL3 8.4 15 550
INVRL5 11.7 5 1788
INVRL? ‘ 11.7 3 4675
MUXA4L1 4 T0 1 MULTIPLEXER 4052 7415153 6.3 35.9 83 495
MUX4L3 41.3 26 2200
MUX4S5 36.3 25 7150
NND2L 1 2-INPUT NAND 4011 741500 1.0 10.0 54 124
NND2L3 10.0 16 550
NND2L5 14.5 6 1788
NND3LA1 3-INPUT NAND 4023 741810 1.3 13.0 62 124
NND3L3 13.0 16 550
NND3L5 14.5 8 1788
NND4L1 4-INPUT NAND 4012 741520 1.7 15.4 65 124
NND4L3 15.0 25 550
NND4L5 19.7 12 1788
NOR2L1 2-INPUT NOR 4001 74LS02 1.0 9.6 67 124
NOR2L3 10.3 15 550
NOR2L5 1.7 6 1788
NOR2L7 17.1 4 4675
NOR3L1 3-INPUT NOR 4025 74L827 1.3 12.3 92 124
NOR3L3 14.2 18 550
NOR3L5 1741 7 1788
NOR2L7 22.6 5 4675
NOR4L1 4-INPUT NOR 4002 1.3 16.9 79 124
NOR4L3 17.7 18 550
NOR4L5 17.1 6 1788
NOR4L7 25.4 5 4675
XNR2S1 EXCLUSIVE NOR 4077 7415266 2.3 15.0 86 248
XNR2S3 15.4 22 1100
XNR2S5 19.7 10 3575
XOR2§1 EXCLUSIVE OR 4070 7415136 2.3 14.7 69 248
XOR2S3 15.0 19 1100
XOR2S5 171 9 3575
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NMOS Standard Cells Summary

Table 2. /O Elements

CELL CMOS EQUIV TTL EQUIV GATE EQUV AREA  SPEED  POWER
DESCRIPTION

NAME U] U @ @ 4

IPUPFO TTL INPUT BUFFER W/PULL UP 2.7 95.6 51 663
IPUPF1 95.6 17 2172
IPUPF2 95.6 16 2172
IPUPTO 91.0 41 663
IPUPT1 91.0 12 2172

IPUPT2 91.0 11 2172

ISTRFO SCHMITT TRIGGER INPUT BUFFER 2.7 79.2 a7 248
ISTRF1 79.2 14 1100
ISTRTO 91.0 47 248
ISTRT1 91.0 14 1100
ITTLFO TTL INPUT BUFFER 2.0 79.1 37 525
ITTLF1 79.1 15 2035

ITTLF2 79.1 12 2035

ITTLF3 88.8 10 5500

ITTLTO 87.6 34 525
ITTLTY 87.6 16 2035

ITTLT2 87.6 10 2035

ITTLT3 91.0 9 5500
OBAAF1 TTL QUTPUT BUFFER (6) 4050 2.0 91.0 86 550
OBAAF2 95.4 30 4152
0BAAF3 102.0 18 6875
OBAATH 91.0 87 550
OBAAT2 95.5 29 4152
OBAAT3 100.0 17 6875
OBODF1 OPEN DRAIN OUTPUT BUFFER (7) 741505 1.0 95.4 o1 550
0BODF2 95.4 30 1980
0BODF3 95.4 17 4675
0BODT! 89.3 92 550
0B0DT2 89.3 30 1980
0BODT3 89.3 16 4675
OBTSF1 TTL TRI-STATE OUTPUT BUFFER (6) 2.0 124.8 74 550
OBTSF2 2.3 124.8 36 1980
OBTSF3 2.3 134.6 23 4675
OBTSTH 2.0 113.4 76 550
0BTST2 2.3 117.9 33 1980
0BTST3 2.3 126.9 22 4675
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NMOS Standard Cells Summary

Table 3. Flip Flops

CMOS TTL  GATE MAX
CELL DESCRIPTION EQUV EQUV EQUIV AREA  FREQ POWER
NAME () (1) ) () ()
BBSRD1 ~ DYNAMIC SERIAL SHIFT REGISTER 4015 7415164 2.0 9.6 10.5 124
BBSRD3 11.9 16.7 550
BBSRD5 145 31.2 1980
BBSRD7 22.6 454 4875
CKDRL1  CLOCK DRIVER 2.7 13.0 3.8 248
CKDRL3 3.3 17.3 22.4 1100
CKDRL5 3.3 19.7 369 3575
CKDRL7 3.3 47.2 37.6 9350
DFFLS1 D-FLIP FLOP W/ASYN SET & RESET 4013 74LS74 6.0 31.6 7.7 371
DFFLS3 6.0 33.6 13.3 1650
DFFLS5 53 36.3 23.5 2998
DFSCSH D-FLIP FLOP W/ASYN SET & RESET SINGLE CLOCK 4013 74LS74 6.7 30.6 3.2 37
DFSCS3 33.4 13.7 1650
DFSCS5 49.8 22.0 2998
JKFFS1 J-K--FLIP FLOP W/ASYN SET & RESET 4027 7415112 9.7 417 5.1 743
JKFFS3 9.7 44.8 143 3300
JKFFS5 8.0 55.2 220 7535
LTCHSH D-LATCH 4042 74LS75 2.7 13.4 8.3 248
LTCHS3 13.8 16.6 1100
LTCHS5 171 17.2 1980
RIFCS1 RIPPLE COUNTER BIT W/ASYN SET & RESET 4020 74LS93 6.0 24.7 5.7 371
RIFCS3 27.0 13.3 1650
RIFCS5 36.3 23.2 2998
SRPLS1 SHIFT REGISTER BIT W/SYNC PARALLEL 4035 74LS166 6.0 28.9 6.3 3n
LOAD + COMMON ASYN RESET
SRPLS3 28.9 11.8 1650
SRPLS5 38.9 20.6 4798
Table 4. Counters
CMOS TTL  GATE MAX
CELL DESCRIPTION EQUV EQUV EQUIV AREA FREQ POWER
NAME (1) (1) (2) (5) (4)
SNCAS1  SYNCHRONOQUS COUNTER BIT; Cascadeable W/Asyn Reset 4518 7415193 8.3 359 5.7 619
SNCAS3 40.7 10.5 2750
SNCBS1 33.8 5.0 619
SNCBS3 40.6 125 2750
SNCRS5 7.7 47.2 21.7 4978
UDCAST  UP/DOWN COUNTER BIT; Cascadeable Alternating A & B Sync. 4518 74LS193 9.0 359 5.0 619
Parallel Load, W/Asyn Reset

UDCAS3 40.6 11.1 2750
UDCBS1 37.8 5.7 619
uDCBS3 38.9 11.8 2750
UDCRS5 10.0 58.1 206 4978
NOTES:

(1) All Standard CMOS & TTL parts are (3) tpd=0.25 (tp1 +1p0) ns *‘typical” (5) Pmax =2/(twc+twc! +20) MHz *typical’’

NEAREST Equivalent LOAD =2 gates of same speed (6) CL=15pF
(2) 1E-6sq. in. (4) 1E-6W '‘typical”’ (7) Falling Edge Delay, Cl=15pF
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CMOS Standard Cells Performance Data

Table 2. Combinational and /O El

CELL CMOS TTL 2-IN GATE AREA SPEED (TYP) POWER (TYP)
NAME DESCRIFTION EQUIV EQUIV EQUIV IN2X 108 nsec @1MHz, W
INV1 Inverter : 4069 74L804 5 10.7 15 66
INV2 Inverting Driver 4049 74L506 15 321 23 495
D1 Non-inverting Driver 4050 74L807 1.0 28.6 18 400
PD1 Non-Inverting Pad Driver W/Pad 4050 74LS807 - 201.2 29 1850
PD1A Non-inverting Pad Driver W/Pad 4050 741507 — 2333 29 1850
TD1 Non-tnverting 3-State Driver 40097 7418125 25 42.9 26 390
TPD1 Non-Inverting 3-State Driver 40097 74L8125 27 227.0 41 1650
TPD1A Non-Inverting 3-State Drive W/Pad 40097 7415125 —_ 266.7 a1 1650
8T1 Schmitt-Trigger CMOS Level W/Pad 40108 741814 - 138.3 24 150
INP1 Input Pad W/Protection Device 4069 74L504 — 113.5 10 150

and Inverter
TG2 Transfer Gate —_ — _ 14.3 32 57
ND21 2-Input NAND 4011 74LS00 1.0 14.3 19 70
ND31 3-Input NAND 4023 74LS10 15 25.0 18 48
ND41 4-input NAND 4012 74L820 20 214 31 39
ND51 5-input NAND 4068 74LS30 25 28.6 31 40
NR21 2-Input NOR 4001 741502 1.0 14.3 23 99
NR31 3-{nput NOR 4025 74Ls27 1.5 17.9 28 69
NR41 4-Input NOR 4030 74L586 25 28.6 32 33
ANRS51 3 NAND-2 NOR 4073 74LS15

Combo 4025 74L827 25 25.0 34 92
OND41 20R+ 4071 74L810

2 NAND Combo 4023 74L32 2.0 214 26 47
OND42 2-2 OR - NAND 4071 74LS00

4011 74L832 20 214 26. 72

8US1 Bus Pad W/3-State Non-inverting Driver 4097 + 74L8125 —_ 263.1 13in

+ Input inv 4069 741504 - 288.9 510ut 1650
BUS2 Bus Pad W/3-State Non-Inverting Driver 4097 74L8125 288.9 13In

+ Cell Aspect Ratio 4069 741804 - 510ut 1650
JKL2 JK Logic for D-FF 4027 74LS76 25 28.6 32 46

Storage Etements t

DR1 D-FF With Reset (Master-Slave) 4013 74LS74 6.0 714 15 486
DRS1 D-FF With Resst and Set 4013 741874 70 85.7 15 590
LSR1 D-Latch With Reset and Set 4042 74L875 4.0 50.0 15 360
DR2 D-FF With Reset and Clock 4013 74L874 6.0 75.0 15 460
DR3 D-FF With Reset and Ciock 40174 748174 6.0 75.0 15 560
DRS2 D-FF With Reset, Set Clock 4013 741874 70 85.7 15 510
DFFt D-FF With Clock 4013 741574 5.0 60.7 15 620
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Communication Products

For more information on those data sheets which are
not included in their entirety refer to AMI'’s
Telecom Design Manual or contact Telecom

Marketing at (408} 554-2070.
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Communication Products Selection Guide

'AMERICAN MICROSYSTEMS, INC.

STATION PRODUCTS

Part No. Description Process Power Suppli Packag
S2559A/B Digital Tone Generator CMOS 3.5V to 13V 16 Pin
$2559C/D Digital Tone Generator CMOS 2.75V to 10V 16 Pin
S2559E/F/G/H Digital Tone Generator CMOS 2.5V to 10V 16 Pin
52859 Digital Tone Generator CMOS 3.0V to 10.0V 16 Pin
S2860 Digital Tone Generator CMOS 3.5V 16 Pin
S2560A Pulse Dialer CMOS 1.5V to 3.5V 18 Pin
S$2561, S2561C Tone Ringer CMOS 4.0V to 12.0V 18 Pin
S2561A Tone Ringer CMOS 4.0V to 12.0V 8 Pin
526562 Repertory Dialer CMOS 3.5V to 7.5V 40 Pin
52563 Repertory Dialer, Line Powered CMOS 2V to 5.5V 40 Pin
S25089 DTMF Generator CMOS 2.5V to 10V 16 Pin
S25610 Repertory Dialer CMOS 1.5V to 3.5V 18 Pin

PCM PRODUCTS

S3501/S3501A w-Law Encoder with Filter CMOS +*5V 18 Pin
S53502/S3502A wu-Law Decoder with Filter CMOS +5V 16 Pin
S$3503 A-Law Encoder with Filter CMOS +5V 18 Pin
S$3504 A-Law Decoder with Filter CMOS +5V 16 Pin
S3506 A-Law Combo Codec with Filters CMOS *5V 22 Pin
S3507/A u-Law Combo Codec with Filters CMOS +5V 22/28 Pin

SIGNAL PROCESSORS

RTDS2811 Real-Time Development System

SSPP2811 Software Simulator Assembly Program Package

S28211 Signal Processing Peripheral NMOS 5V 28 Pin

S28214A Fast Fourier Transformer NMOS 5V 28 Pin

S28215 Digital Filter/Utility Peripheral NMOS 5V 28 Pin

528216 Echo Cancellor Processor NMOS 5V 28 Pin
FILTER PRODUCTS

S3525A/B DTMF Bandsplit Filter CMOS 10.0V to 13.5V 18 Pin

S3526A/B 2600Hz Band-Pass/Notch Filter CMOS 9V to 13.5V 14 Pin
SPEECH PRODUCTS

S3630A 128K ROM NMOS +5V 28 Pin

S3630B 128K ROM NMOS +5V 24 Pin

S3610 Speech Synthesizer CMOS +6V 24 Pin

53620 Speech Synthesizer CMOS +6V 22 Pin
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S2559A/B/C/ID

Features

O

d

|

O 0O OO

04

Wide Operating Supply Voltage Range: 3.5 to
13.0 Volts (A, B) 2.75 to 10 Volts (C, D)
Low Power CMOS Circuitry Allows Device
Power to be Derived Directly from the Tele-
phone Lines or from Small Batteries, e.g., 9V
Uses TV Crystal Standard (3.58 MHz) to Derive
all Frequencies thus Providing Very High
Accuracy and Stability
Maute Drivers On Chip
Interfaces Directly to a Standard Telephone
Push-Button or Calculator Type X-Y Keyboard
The Total Harmonic Distortion is Below
Industry Specification
On Chip Generation of a Reference Voltage to
Assure Amplitude Stability of the Dual Tones
Over the Operating Voltage and Temperature
Range
Dual Tone as Well as Single Tone Capability
Four Options Available:

A:3.5 to 13.0V Mode Select

B:3.5 to 13.0V Chip Disable

C: 2.75 to 10V Mode Select

D:2.75 to 10V Chip Disable

DTMF TONE GENERATOR

General Description

The S2559 DTMF Tone Genrator is specifically designed
to implement a dual tone telephone dialing system. The
device caninterface directly to a standard pushbutton tele-
phone keyboard or calculator type X-Y keyboard and
operates directly from the telephone lines. All necessary
dual-tone frequencies are derived from the widely used TV
crystal standard providing very high accuracy and stabi-
lity. The required sinudsoidal waveform for the individual
tones is digitally synthesized on the chip. The waveform so
generated has very low total harmonic distortion. A volt-
age reference is generated on the chip which is stable over
the operating voltage and temperature range and regu-
lates the signal levels of the dual tones to meet the recom-
mended telephone industry specifications. These features
permit the S2559 to be incorporated with a slight modifica-
tion of the standard 500 type telephone basic circuitry to
form a pushbutton dual-tone telephone. Other applica-
tions of the device include radio and mobile telephones,
remote control, Point-of-Sale, and Credit Card Verification
Terminals and process control.

XTAL
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Absolute Maximum Ratings

DC Supply Voltage (VDD —VGS) S2559 A, B ...\ttt titertent et entitenetsatsreenseernrisensnnonns +13.5V
DC Supply Voltage (VDD = VS8) S2559 C, D ...ttt ittt it ittt et i r i eneanes +10.5V
Operating TempPerature . ... ........c.ututnreneaneaneneeneeteateenaueaneaseareseaseneesseneaeanens —25°C to +70°C
Storage TempPerature .. ..........oueniieinuen ittt tetteraeeneraeaneaneneeeeaeeneeneneeanons —65°C to +140°C
Power Dissipation b 25%C ... .. ittt ittt it e e e et e ey 500mW
Input Voltage .. ..oviiii i i et i i e e e e —0.6<ViN<Vpp+0.6

S2559A & B Electrical Characteristics:

{Specifications apply over the operating temperature range of —25°C to 70°C unless otherwise noted. Absolute
values of measured parameters are specified.)

Symbol Parameter/Conditions (VDI‘;O_“Z ss) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 3.5 13.0 \Y
VDD Non Tone Out Mode (No Key Depressed) 3.0 13.0 v
Supply Current
Standby (No Key Selected, Tone, XMIT 3.5 0.4 40 HA
and MUTE Outputs Unloaded) 13.0 1.5 130 A
Ipp Operating (One Key Selected, Tone, XMIT 3.5 0.95 2.9 mA
and MUTE Outputs Unloaded) 13.0 11 33 mA
Tone Output
Single Tone
VoR Mode Output Row Tone, Rj,=390Q 5.0 417 596 789 mVrms
Voltage Row Tone, Ry =240Q 12.0 378 551 725 mVrms
dBcr Ratio of Column to Row Tone 3.5—13.0 1.75 2.54 3.75 dB
%DIS Distortion* 3.5—13.0 10 %
~ XMIT, MUTE Outputs
v XMIT, Output Voltage, High | (Iog=15mA) 3.5 2.0 2.3 \
OH {(No Key Depressed)(Pin 2) ToH=50mA) 13.0 12.0 12.3 v
Iop §g;lzbgutput Source Leakage Current, 13.0 100 A
v MUTE (Pin 10) Output Voltage, Low, 3.5 0 0.4 v
OL (No Key Depressed), No Load 13.0 0 0.5 v
v MUTE, Output Voltage, High, 3.5 3.0 3.5 \J
OH {One Key Depressed) No Load 13.0 13.0 13.5 v
MUTE, Output Sink _ 3.5 0.66 1.7 mA
foL Curront VoL=05V 13.0 3.0 8.0 mA
Iox MUTE, Output Source Vou=2.5V 3.5 0.18 0.46 mA
Current Vog=9.5V 13.0 0.78 1.9 mA
Oscillator Input/OQutput
Tor Output Sink Current VoL=0.5V 3.5 0.26 0.65 mA
One Key Selected VoL=0.5V 13.0 1.2 3.1 mA
Tou Output Source Current Vog=2.5V 3.5 0.14 0.34 mA
One Key Selected Vog=9.5V 13.0 0.55 1.4 mA

*Distortion measured in accordance with the specifications described in Ref. 1 as the ‘‘ratio of the total power of all extraneous frequencies in
the voiceband above 500Hz accompanying the signal to the total power of the frequency pair”.
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S$2559A & B Electrical Characteristics: (Continued)

Symbol Parameter/Conditions ‘VD&;‘: ss) Min. Typ. Max. Units
Input Current
L Le*’kaOne Ki;SSe‘T‘ll;cS:;‘em' VIL=13.0V 13.0 1.0 A
Leakage Source Current _
Iin One Key Selected Vig=0.0V 13.0 1.0 HA -
I Sink Current ViL=0.5V 3.5 24 93 uA 2o
1L No Key Selected VIL=05V 13.0 27 130 WA 2z
tg Oscillator Startup Time 3.5 3 6 mS "
TART 13.0 08 16 mS S
Cro Input/Output Capacitance 1(2) 12 g?
Input Currents
Sink Current,
I Vi1,=3.5V (Pull-down) 85 7 17 HA
Sink Current
Row & ViL= 130V (Pulldown) | 30 150 400 uA
Column Inputs Source Current,
- Vi1 =3.0V (Pull-up) 8.5 90 230 uA
Source Current,
ViH=125V (Pullup) | 30 870 960 HA
Source Current,
I Mode Select Via=0.0V (Pull-up) 3.5 15 3.6 A
Input (S2559C) Source Current,
ppuc Vig=0.0V (Pullup) | 130 z 4 HA
Source Current,
I Chip Disable Vi1, =3.5V (Pull-down) 8.5 4 10 uA
Input (S2559D; . Sink Current,
put | ) VIL=13.0V (Pull-down) 13.0 90 240 HA

$2559C & D Electrical Characteristics:

(Specifications apply over the operating temperature range of —25°C to 70°C unless otherwise noted. Absolute
values of measured parameters are specified.)

Symbol Parameter/Conditions (VD&)_“ZSS) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 2.75 10.0 \'
VoD Non Tone Out Mode (No Key Depressed) 2.5 10.0 \%
Supply Current
Standby (No Key Selected, Tone, XMIT 3.0 0.3 30 uA
and MUTE Outputs Unloaded) 10.0 1.0 100 uA
Ipp Operating (One Key Selected, Tone, XMIT 3.0 10 2.0 ™A
and MUTE Outputs Unloaded) 10.0 8 16.0 mA
Tone Output
Single Tone 3.5 250 362 474 mVrms
Vor Mode Output Row Tone, Rp,=390Q 5.0 367 546 739 mVrms
Voltage Row Tone, Ry =240Q 10.0 350 580 730 mVrms
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S$2559A/B/CID
S§2558C & D Electrical Characteristics: (Continued)
Symbol Parameter/Conditions (VD%;]?SISS, Min. Typ. Max Units
dBcr Ratio of Column to Row Tone 3.0—10.0 1.75 2.54 3.75 dB
%DIS Distortion* 3.0—10.0 10 %
XMIT, MUTE Outputs
v XMIT, Output Voltage, High | (Igg=15mA) 3.0 15 18 v
OH (No Key Depressed){Pin 2) {Tog=50mA) 10.0 85 8.8 v
XMIT, Output Source Leakage Current,
Ior Vop=0V 10.0 100 uA
V. MUTE (Pin 10) Output Voltage, Low, 2.75 0 0.5 \
OL {No Key Depressed), No Load 10.0 0 0.5 v
- MUTE, Output Voltage, High, 2.75 2.5 2.75 \4
OH (One Key Depressed) No Load 10.0 9.5 10.0 \i
MUTE, Output Sink 3.0 0.53 1.3 mA
I ’ =0.5
OL Current VoL=05V 10.0 2.0 5.3 mA
Tox MUTE, Output Source Vou=2.5V 3.0 0.17 0.41 mA
Current Vou=9.5v 10.0 0.57 15 mA
Oscillator Input/Output
ToL Output Sink Current VoL =0.5V 3.0 0.21 0.52 mA
One Key Selected VoL=0.5V 10.0 0.80 2.1 mA
Io Output Source Current Vou=2.5V 3.0 0.13 0.31 mA
H One Key Selected Vor=95V 100 0.42 1.1 mA
Input Current
Leakage Sink Current, _
IiL One Key Selected Vi, =10.0V 10.0 1.0 HA
Leakage Source Current _
Ity One Key Selected Vig=0.0V 10.0 1.0 HA
I, Sink Current ViL=0.5V 3.0 24 93 uA
No Key Selected ViL=0.5V 10.0 27 130 KA
tSTART Oscillator Startup Time 3.5 2 5 mS
10.0 0.25 4 mS
. 3.0 12 16 pF
C Input/Output
1/0 nput/Output Capacitance 100 10 3 oF
Input Currents
Sink Current,
InL Vy1,=3.0V (Pull-down) 8.0 16 uA
Sink Current
Row & ViL=10.0V (Pulldown) | 100 24 uA
Column Inputs Source Current,
- Vig=25V (Pullup) | 30 210 uA
Source Current,
Vig=95V (Pullup) | 100 740 HA
Source Current,
- Mode Select Vig=00V (Pullup) | >0 14 33 pA
Input (S2559C) Source Current
P Vig=3.0V (Pullup} 10.0 18 46 KA
Source Current, 3.0 3.9 95 WA
I Chip Disable Vi = 3.0V (Pull-down) . i i
Input (S2559D) Sink Current
P ViL=100V (Pulldown} | 100 55 143 uA

*Distortion measured in accordance with the specifications described in Ref. 1 as the “ratio of the total power of all extraneous frequencies in the

voiceband above 500Hz accompanying the signal to the total power of the frequency pair’.
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Table 1. Comparisons of Specified vs Actual Tone
Frequencies Generated by S$2559

Table 2. XMIT and MUTE Output Functional Relationship

ACTIVE OUTPUT FREQUENCY Hz % ERROR outpu | ‘DIBIT’ KEY DIBIT KEY | oo
INPUT SPECIFIED ACTUAL SEE NOTE RELEASED DEPRESSED
R1 697 699.1 +0.30
R2 770 766.2 —0.49 XMIT Vbp High Impedance | Can source at
R3 852 847.4 —-0.54 least S0mA at
R4 941 948.0 +0.74 10V with 1.5V
C1 1,209 1,215.9 +0.57 max. drop
C2 1,336 1,331.7 -0.32
C3 1,477 1,471.9 -0.35 MUTE Vss Vbp Can source or
C4 1,633 1,645.0 +0.73 sink current
NOTE: % Error does not include oscillator drift.
Circuit Description Oscillator

The S2559 is designed so that it can be interfaced easily
to the dual tone signaling telephone system and that it
will more than adequately meet the recommended
telephone industry specifications regarding the dual
tone signaling scheme.

Design Objectives

The specifications that are important to the design of the
DTMF Generator are summarized below: the dual tone
signal consists of linear addition of two voice frequency
signals. One of the two signals is selected from a group of
frequencies called the ‘“Low Group’ and the other is selec-
ted from a group of frequencies called the “High Group”.
The low group consists of four frequencies 697, 770, 852
and 941 Hz. The high group consists of four frequencies
1209, 1336, 1477 and 1633 Hz. A keyboard arranged in a
row, column format (4 rows x 3 or 4 columns) is used for
number entry. When a push button corresponding to a
digit (0 thru 9) is pushed, one appropriate row (R1 thru R4)
and one appropriate column (C1 thru C4) is selected. The
active row input selects one of the low group frequencies
and the active column input selects one of the high group
frequencies. In standard dual tone telephone systems, the
highest high group frequency of 1633Hz (Col. 4) is not
used. The frequency tolerance must be £1.0%. However,
the S2559 provides a better than .75% accuracy. The total
harmonic and intermodulation distortion of the dual tone
must be less than 10% as seen at the telephone terminals.
(Ref. 1.} The high group to low group signal amplitude
ratio should be 2.0 =2dB and the absolute amplitude of
the low group and high group tones must be within the
allowed range. (Ref. 1.) These requirements apply when
the telephone is used over a short loop or long loop and
over the operating temperature range. The design of the
S2559 takes into account these considerations.

The device contains an oscillator circuit with the
necessary parasitic capacitances on chip so that it is only
necessary to connect a 10M<Q feedback resistor and the
standard 3.58 MHz TV crystal across the OSCI and OSCO
terminals to implement the oscillator function. The
oscillator functions whenever a row input is activated. The
reference frequency is divided by 2 and then drives two
sets of programmable dividers, the high group and the low
group.

Keyboard Interface

The 82559 employs a calculator type scanning circuitry
to determine key closures. When no key is depressed, ac-
tive pull-down resistors are “‘on” on the row inputs and
active pull-up resistors are “on” on the column inputs.
When a key is pushed a high level is seen on one of the
row inputs, the oscillator starts and the keyboard scan
logic turns on. The active pull-up or pull-down resistors
are selectively switched on and off as the keyboard scan
logic determines the row and the column inputs that are
selected. The advantage of the scanning techniqueis that
a keyboard arrangement of SPST switches are shown in
Figure 2 without the need for a common line, can be used.
Conventional telephone push button keyboards as
shown in Figure 1 or X-Y keyboards with common can
also be used. The common line of these keyboards can be
left unconnected or wired “high”.

Logic Interface

The S2559 can also interface with CMOS logic outputs
directly. The S2559 requires active “High” logic levels.
Since the active pull-up resistors present in the S2559 are
fairly low value (5002 typ), diodes can be used as shown
in Figure 3 to eliminate excessive sink current flowing in-
to the logic outputs in their ‘“Low” state.
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Tone Generation

When a valid key closure is detected, the keyboard logic
programs the high and low group dividers with appro-
priate divider ratios so that the output of these dividers
cycle at 16 times the desired high group and low group
frequencies. The outputs of the programmable dividers
drive two 8-stage Johnson counters. The symmetry of
the clock input to the two divide by 16 Johnson counters
allows 32 equal time segments to be generated within
each output cycle. The 32 segments are used to digitally

synthesize a stair-step waveform to approximate the
sinewave function (see Figure 3). This is done by connec-
ting a weighted resistor ladder network between the out-
puts of the Johnson counter, Vpp and Vggp. VREF
closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude Vp (Vpp — Vygr) of the stairstep function is
fairly constant. Vggris so chosen that Vp falls within the
allowed range of the high group and low group tones.

Figure 1. Standard Telephone Push Button Keyboard
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Figure 3. Logic Interface for Keyboard Inputs of the $2559
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The individual tones generated by the sinewave synthe-
sizer are then linearly added and drive a bipolar NPN
transistor connected as emitter follower to allow
proper impedance transformation, at the same time
preserving signal level.

Dual Tone Mode

When one row and one column is selected dual tone
output consisting of an appropriate low group and
high group tone is generated. If two digit keys, that
are not either in the same row or in the same column,
are depressed, the dual tone mode is disabled and no
output is provided.

Single Tone Mode

Single tones either in the low group or the high group
can be generated as follows. A low group tone can be
generated by activating the appropriate row input or
by depressing two digit keys in the appropriate row.
A high group tone can be generated by depressing
two digit keys in the appropriate column, i.e., select-
ing.the appropriate column input and two row inputs
in that column.

Mode Select

S2559A and 82559C have a Mode Select (MDSL)
input (Pin 15). When MDSL is left floating (uncon-
nected) or connected to VDD, both the dual tone and
single tone modes are available. If MDSL is connected
to Vgg, the single tone mode is disabled and no out-
put tone is produced if an attempt for single tone is
made. The S2559B and S2559D do not have the
Mode Select option.

Chip Disable

The S2559B and S2559D have a Chip Disable input
at Pin 15 instead of the Mode Select input. The chip
disable for the S2559B and S2559D is active ‘“‘high.”
When the chip disable is active, the tone output goes
to Vgg, the row, column inputs go into a high imped-
ance state, the oscillator is inhibited and the MUTE
and XMIT outputs go into active states. The effect is
the device essentially disconnects from the keyboard.
This allows one keyboard to be shared among several
devices.

Crystal Specification

A standard television color burst crystal is specified
to have much tighter tolerance than necessary for

tone generation application. By relaxing the tolerance
specification the cost of the crystal can be reduced.
The recommended crystal specification is as follows:

Frequency: 3.579545MHz £0.02%
Rg <10082, Ly = 96MHY
CM = 0.02pF Cp, = 5pF

MUTE, XMIT Outputs

The S2559 A, B, C, D have a CMOS buffer for the
MUTE output and a bipolar NPN transistor for the
XMIT output. With no keys depressed, the MUTE out-
put is “low” and the XMIT output is in the active
state so that substantial current can be sourced to a
load. When a key is depressed, the MUTE output goes
high, while the XMIT output goes into a high imped-
ance state. When Chip Disable is “high” the MUTE
output is forced “low” and the XMIT output is in
active state regardless of the state of the keyboard
inputs.

Amplitude/Distortion Measurements

Amplitude and distortion are two important para-
meters in all applications of the Digital Tone Gen-
erator. Amplitude depends upon the operating supply
voltage as well as the load resistance connected on
the Tone Output pin. The on-chip reference circuit
is fully operational when the supply voltage equals or
exceeds 5 volts and as a consequence the tone ampli-
tude is regulated in the supply voltage range above
5 volts. The load resistor value also controls the
amplitude. If Ry, is low the reflected impedance into
the base of the output transistor is low and the tone
output amplitude is lower. For Ry, greater than
5K the reflected impedance is sufficiently large and
highest amplitude is produced. Individual tone ampli-
tudes can be measured by applying the dual tone signal
to a wave analyzer (H-P type 3581A) and amplitudes
at the selected frequencies can be noted. This measur-
ment also permits verification of the preemphasis
between the individual frequency tones.

Distortion is defined as ‘“‘the ratio of the total power
of all extraneous frequencies in the voiceband above
500Hz accompanying the signal to the power of the
frequency pair.” This ratio must be less than 10% or
when expressed in dB must be lower than —20dB.
(Ref. 1.) Voiceband is conventionally the frequency
band of 300Hz to 3400Hz. Mathematically distortion
can be expressed as:

V/(V1)2+(V9)2+ . . +(Vy)2

Dist. =
V(VL)2+(VH)2
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where (V1) ... (Vp) are extraneous frequency (i.e.,
intermodulation and harmonic) components in the
500Hz to 3400Hz band and V7, and VH are the indivi-
dual frequency components of the DTMF signal. The
expression can be expressed in dB as:

. V(V1)2+(V)2+ . . (V)2
VI(VL)2H(VR)2

DISTgB = 20 lo

=10{1log [(V1)2+.. (Vn)2] - log [(VL)2+(VE)2]} ... (1)

An accurate way of measuring distortion is to plot
a spectrum of the signal by using a spectrum analyzer
(H-P type 3580A) and an X-Y plotter (H-P type
7046A). Individual extraneous and signal frequency
components are then noted and distortion is calcu-
lated by using the expression (1) above. Figure 6
shows a spectrum plot of a typical signal obtained
from a S2559D device operating from a fixed supply
of 4Vdc and Ry, = 10k in the test circuit of Figure
5. Mathematical analysis of the spectrum shows

distortion to be —30dB (3.2%). For quick estimate of
distortion, a rule of thumb as outlined below can
be used.

“As a first approximation distortion in dB equals the
difference between the amplitude (dB) of the extra-
neous component that has the highest amplitude and
the amplitude (dB) of the low frequency signal.”
This rule of thumb would give an estimate of -28dB
as distortion for the spectrum plot of Figure 6 which
is close to the computed result of —30dB.

In a telephone application amplitude and distortion
are affected by several factors that are interdependent.
For detailed discussion of the telephone application
and other applications of the 2559 Tone Generator,
refer to the applications note “Applications of Digital
Tone Generator.”

Ref. 1: Bell System Communications Technical
Reference, PUB 47001, “Electrical Characteristics
of Bell System Network Facilities at the Interface
with Voiceband Ancillary and Data Equipment,”
August 1976.

Figure 5. Test Circuit for Distortion Measurement
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Figure 6. A Typical Spectrum Plot
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ADVANCED PRODUCT DESCRIPTION
S2559E/FIG/H

AMERICAN MICROSYSTEMS, INC.

DTMF TONE GENERATOR

Features General Description
O Low Output Tone Distortion: 7% The S2559E, F, G and H are improved members of the <
O Wide Operating Supply 52559 Tone Generator Family. The new devices feature z
Voltage Range: 2.5 to 10 Volts extended operating voltage range, lower tone distortion, s
O Oscillator Bias Resistor On-Chip and an on-chip oscillator bias resistor. The S2559E and F z
O Can be Powered Directly from Telephone Line or are pin and functionally compatible with the S2559C and >
from Small Batteries D, respectively.
0 Interfaces Directly to a Standard Telephone The S2559 G and H are identical to the E and F, except
Push-Button or Calculator Type X-Y Keyboard that there is a Darlington amplifier configuration on the
O Four Options Available on Pin 15; tone out pin, rather than a single bipolar transistor as
Bipolar Output shown in the block diagram. In many applications this
E: Mode Select eliminates the need for a transistor in the telephone cir-
F: Chip Disable cuit. Tone distortion in the telephore is also likely to be
Darlington Output lower.

G: Mode Select
H: Chip Disable

Block Diagram Pin Configuration
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3 samnr 1| ] L06 fia] wute
INH
500Kty |r— SINE WAVE SYNTHESIZER jl U
| |
e o Vo [} 1 16 [7] TONE OUT
| o
5 kaaceard I ol KENI B RUCER R i ] 2 15 [ Mosuien
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Absolute Maximum Ratings

DC Supply Voltage (VpD-Vsg) - - - o oo +10.5V
Operating Temperature . . .. ... ... ... —25°Cto +70°C
Storage Temperature . . .. .. .. ... ... —30°C to +125°C
Power Dissipation at 25°C . . . ... ... .. 1000mW
Dig'ital Input ........................................................ VSS_0'3 SVIN SVDD +0.3
Analog Input . ........ ... ... Vgs—0.3 £ Viny <Vpp +0.3

S2559E, F, G and H Electrical Characteristics:

(Specifications apply over the operating temperature range of —25°C to +70°C unless otherwise noted. Absolute
values of measured parameters are specified.)

Symbol Parameter/Conditions Vpp-Vss) | Min. Typ. | Max. | Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 2.5 10.0 \'
VoD Non Tone Out Mode (No Key Depressed) 1.6 10.0 v
Supply Current
Standby (No Key Selected, Tone, XMIT 3.0 0.3 30 uA
and MUTE Outputs Unloaded) 10.0 1.0 100 uA
Ipp Operating (One Key Selected, Tone, XMIT 3.0 1.0 2.0 mA
and MUTE Outputs Unloaded) 10.0 8 16.0 mA
Tone Output
Single Tone 3.5 335 465 565 mVrms
SPSOEF|  yrodl Output Row Tone, Ry, =3902 5.0 380 540 710 | mVrms
Vor Voltage Row Tone, Ry =240Q 10.0 380 550 | 735 mVrms
Single Tone _ 35 110 315 495 mVrms
S§2559GH  Node Output Row Tane, Ry,=3%00 5.0 340 540 675 | mVrms
Vor Voltage Row Tone, Ry, =240Q 10.0 415 590 770 mVrms
dBeg gltztéz)of column to Row Tone (Dual Tone 3.5—10.0 1.0 20 3.0 dB
%DIS Distortion* 2559E/F 3.5—10.0 7 %
2559G/H 4.0—10.0 7 %
XMIT, MUTE Outputs
XMIT, Output Voltage, High | (Ipg=15mA) 3.0 1.5 1.8 \4
Vou (No Key Depressed)(Pin 2) | (loH=50mA) 100 85 88 v
IoF §£lzb$tput Source Leakage Current, 10.0 100 WA
v MUTE (Pin 10) Output Voltage, Low, 2.75 0 0.5 \'%
OL (No Key Depressed), No Load 10.0 0 0.5 \4
MUTE, Output Voltage, High, 2.75 2.5 2,756 \4
Vou {One Key Depressed) No Load 100 95 100 v
MUTE, Output Sink _ 3.0 0.53 1.3 mA
ToL Curent, VoL=05V 10.0 2.0 5.3 mA
Ton MUTE, Output Source Vou=2.5V 3.0 0.17 0.41 mA
Current Voug=9.5V 10.0 0.57 1.5 mA
Oscillator Input/Qutput
IoL Output Sink Current VoL =05V 3.0 0.21 0.52 mA
One Key Selected VoL =0.5V 10.0 0.80 2.1 mA
Ion Output Source Current ‘ Vou=2.5V 3.0 0.13 0.31 mA
One Key Selected Vou=9.5V 10.0 0.42 1.1 mA

*Distortion is defined as “‘the ratio of the total power of all extraneous frequencies, in the VOICE and above 500Hz, to the total power of
the DTMF frequency pair™.
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S2559E, F, G and H Electrical Characteristics (Continued)

Symbol Parameter/Conditions Vop-Vss) | Min, Typ. Max. | Units
Oscillator Input/Qutput
Io Output Sink Current Vor=0.5V 3.0 0.21 0.562 mA
L One Key Selected VoL =05V 10.0 0.80 2.1 mA
I Output Source Current Voug=2.5V 3.0 0.13 0.31 mA po
OH One Key Selected Vou=95V 10.0 0.42 11 mA 2
t Oscillator Startup Time 3.5 2 5 ms 3
START 10.0 0.25 4 ms z
. 3.0 12 16 pF =
Crio Input/Output Capacitance 0.0 o " oF
Input Currents
Sink Current,
I VIL=3.0V (Pulldown)|  >* 16 uA
Sink Current,
| Row & VIL=100V (Pulkdown)| %7 2 uA
Column Inputs Source Current,
- VIH=25V (Pull-up) 30 210 uA
Source Current,
VIH=9.5V (Pull-up) 100 740 uA
Source Current,
! 3.0 14 3.3
I Mode Select VIH=0.0V (Pull-up) uA
IH
Input (S2559E,G) Source Current,
VIH=3.0V (Pull-up) 10.0 18 46 A
Source Current,
\ 3.0 3.9 9.5
IL .
Input (S2559F,H) Sink Current, 100 55 143 A
VIL=10.0V (Pull-down) ’
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AMERICAN MICROSYSTEMS, INC.

$25089

DTMF TONE GENERATOR

Features General Description
O Wide Operating Voltage Range: 2.5 to 10 Volts The S25089 DTMF Generator is specifically designed to
O Optimized for Constant Operating Supply implement a dual tone telephone dialing system in appli-
Voltages, Typically 3.5V cations requiring fixed supply operation and high sta-
O Tone Amplitude Stability is Within +1.5dB of bility tone output level, making it well suited for elec-
Nominal Over Operating Temperature Range tronic telephone applications. The device can interface
O Low Power CMOS Circuitry Allows Device directly to a standard pushbutton telephone keyboard
Power to be Derived Directly From the Tele- with common terminal connected to Vgg and operates
phone Lines or From Small Batteries directly from the telephone lines. All necessary dual-tone
O Uses TV Crystal Standard (3.58MHz) to Derive frequencies are derived from the widely used TV crystal
All Frequencies Thus Providing Very High Accu- standard providing very high accuracy and stability. The
racy and Stability required sinusoidal waveform for the individual tones is
O Specifically Designed for Electronic Telephone digitally synthesized on the chip. The waveform so gene-
Applications rated has very low total harmonic distortion. A voltage
O Interfaces Directly to a Standard Telephone reference is generated on the chip which is very stable
Push-Button Keyboard With Common Terminal over the operating temperature range and regulates the
O Low Total Harmonic Distortion signal levels of the dual tones to meet the recommended
O Dual Tone as Well as Single Tone Capability telephone industry specifications.
O Direct Replacement for Mostek MK5089 Tone
Generator
Block Diagram Pin Configuration
Yoo [T}
a.;::ié—g g i OSCILLATOR |-> +4 | MUTE L0GKC Ir [10] ax0
WH e 5 —
: I Voo |: 1 16 [T} TONE OUT
Ay [ . | | ce] 2 B
P2 B ow revaoano bl | b || e | Clu ik uwAm
w [i2} Loee LoW Ghoup | 100 1 COUNTER NETWORK i — _
-T. eeTes | o ' %O 4 sosos PP
57 13} 1 | | PImi} 2R
l ! ; b vis [ 6 nHOa
Gl e | | | AR osci ] 7 10 [ ko
- [ ! ! b 056, (] 8 sl
e L | el -
2 (A — t R
o ] e I e
& [i}— +46,42,38,34 : :
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Absolute Maximum Ratings:

DC Supply Voltage (VDD -VSS) - ¢« vt vv ettt ittt ettt e et et it i e ae e +10.5V
Operating Temperature ... .. .... ..ottt i ittt iaeaen —25°C to +70°C
Storage TemMPEratULe . . ..ottt ettt ettt et et e e s —65°C to +150°C
Power Dissipation at 25°C ... ... . .ttt s 500mW
INPUL VOIEAZE . .o o ettt e e e e e —06<ViN<Vpp +0.6
Input/Output Current (except tone output) ... ... ... i e 15mA
Tone QUEPUE CUITENE . . .ottt ettt ettt it e e e et ettt ettt et e et ettt aeeeaeeaneennianneanneenns 50mA
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Electrical Characteristics:

(Specifications apply over the operating temperature range of —25°C to 70°C unless otherwise noted. Absolute
values of measured parameters are specified.)

Symbol | Parameter/Conditions (V]%,’giysss) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 2.5 — 10.0
VoD Non Tone Out Mode (AKD Outputs toggle
with key depressed) 1.6 - 10.0 v
Supply Current
Standby (No Key Selected, 3.0 — 1 20 uA
Ipb Tone and AKD Outputs Unloaded) 10.0 - 5 100 uA
Operating (One Key Selected, 3.0 — .9 1.25 mA
Tone and AKD Outputs Unloaded) 10.0 — 4.5 10.0 mA
Tone Output
Vor Dual Tone Row Ry, =10kR 3.0 —-11.0 —8.0 dBm
Mode Output | Tone RL=100kQ 3.5 —10.0 —-17.0 dBm
dBcr Ratio of Column to Row Tone 2.5-10.0 2.4 2.7 3.0 dB
%DIS Distortion* 2.5-10.0 - - 10 %
NKD Tone Output—No Key Down —80 dBm
AKD Output
IoL Output On Sink Current VoL=0.5V 3.0 0.5 1.0 - mA
IoH Output Off Leakage Current 10.00 1 10 uA
OSCILLATOR Input/Output
ToL One Key Selected VoL=0.5V 3.0 0.21 0.52 - mA
Output Sink Current VoL=0.5V 10.0 0.80 2.1 - mA
o Output Source Current Vou=2.5V 3.0 0.13 0.31 - mA
One Key Selected Vou=9.56V 10.0 0.42 1.1 — mA

*Distortion measured in accordance with the specifications described in REF. 1 as the ‘“‘ratio of the total power of all extraneous frequen-
cies in the voiceband above 500Hz accompanying the signal to the total power of the frequency pair”’.
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Electrical Characteristics: (Continued)

Symbol | Parameter/Conditions (V]%I());:'SSS) Min. Typ. Max. Units
OSCILLATOR Input/Output (Continued)
Oscillator Startup 3.0-10.0 — 2 5 ms
tsTART Time with Crystal as Specified
C1o Input/Output 3.0 - 12 16 pF
Capacitance 10.0 - 10 14 pF
Row, Column and Chip Enable Inputs
2(Vpp
v Input Voltage, L —
1L nput Voltage, Low Vss —Vgg) v
. -8(Vpp -
N Input Voltage, High -
IH nput Voltage, Hig —Vsg) Vbp v
i Input Current Vig=0.0V 3.0 30 20 150 uA
(Pull up) Vig=0.0V 10.0 100 300 500 HA
Oscillator

The S25089 contains an oscillator circuit with the
necessary parasitic capacitances and feedback resistor on
chip so that it is only necessary to connect a standard
3.568MHz TV crystal across the OSC; and OSCy termi-
nals to implement the oscillator function. The oscillator
functions whenever a row input is activated. The refer-
ence frequency is divided by 4 and then drives two sets of
programmable dividers, the high group and the low
group.

Crystal Specification

A standard television color burst crystal is specified to
have much tighter tolerance than necessary for tone
generation application. By relaxing the tolerance specifi-
cation the cost of the crystal can be reduced. The recom-
mended crystal specification is as follows:

Frequency: 3.579545MHz +0.02%
Rg 100Q, Ly;=96mH
Cy=0.02pF Cgy=5pF C,=12pF
Keyboard Interface
The S25089 can interface with the standard telephone

pushbutton keyboard (see Figure 1) with common. The
common of the keyboard must be connected to Vgg.

Logic Interface

The $25089 can also interface with CMOS logic outputs
directly (see Figure 2). The S25089 requires active “Low”

Figure 1. Standard Telephone Push Button Keyboard

(}c}
| S

O
O~
0
o

COMMON
(CONNECT TO Vss)

% = — = — MECHANICAL
LINKAGE

Ron (Contact Resistance} < 1kQ

877290

logic levels. Low levels on a row and a column input
corresponds to a key closure. The pull-up resistors pre-
sent on the row and column inputs are in the range of
20kQ -100kQ.

Tone Generation

When a valid key closure is detected, the keyboard logic
programs the high and low group dividers with appro-
priate divider ratios so that the output of these dividers
cycle at 16 times the desired high group and low group
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frequencies. The outputs of the programmable dividers
drive two 8-stage Johnson counters. The symmetry of
the clock input to the two divided by 16 Johnson
counters allows 32 equal time segments to be generated
within each output cycle. The 32 segments are used to
digitally synthesize a stair-step waveform to approxi-
mate the sinewave function (see Figure 3). This is done by
connecting a weighted resistor ladder network between
the outputs of the Johnson counter, Vpp and Vggp.
VRer closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude VP (Vpp-Vgpr) of the stair-step function is
fairly constant. Vggy is so chosen that VP falls within
the allowed range of the high group and low group tones.

The individual tones generated by the sinewave syn-
thesizer are then linearly added and drive an NPN tran-
sistor connected as an emitter follower to allow proper
impedance transformation at the same time preserving
signal level. This allows the device to drive varying
resistive loads without significant variation in tone
amplitude. For example, a load resistor change from
10kQ to 1kQ causes a decrease in tone amplitude of less
than 1dB.

Dual Tone Mode

When one row and one column is selected, dual tone out-
put consisting of an appropriate low group and high
group tone is generated. If two digit keys that are not
either in the same row or in the same column are depres-
sed, the dual tone mode is disabled and no output is pro-
vided.

Single Tone Mode

Single tones either in the low group or the high group can
be generated as follows. A low group tone can be
generated by depressing two digit keys in the appro-
priate row. A high group tone can be generated by
depressing two digit keys in the appropriate column, i.e.,
selecting the appropriate column input and two row in-
puts in that column.

Inhibiting Single Tones

The STT input (pin 15) is used to inhibit the generation of
other than dual tones. It has an internal pull down to Vgg
supply. When this input is left unconnected or connected
to Vgg, single tone generation as described in the
preceding paragraph (Single Tone Mode) is suppressed
with all other functions operating normally. When this
input is connected to Vpp supply, single or dual tones
may be generated as previously described (Single Tone
Mode, Dual Tone Mode).

Chip Enable Input (CE, Pin 2)

The chip enable input has an internal pull-up to Vpp sup-
ply. When this pin is left unconnected or connected to
Vpp supply the chip operates normally. When connected
to Vgg supply, tone generation is inhibited. All other chip
functions operate normally.

Table 1. Comparison of Specified Vs. Actual
Tone Frequencies Generated by $25089

ACTIVE OUTPUT FREQUENCY Hz | °%ERROR
INPUT SPECIFIED | ACTUAL | SEE NOTE
R1 697 699.1 +0.30
R2 770 766.2 —0.49
R3 852 847.4 —-0.54
R4 941 948.0 +0.74
C1 1209 1215.9 +0.57
Cc2 1336 1331.7 -0.32
C3 1477 1471.9 -0.35
C4 1633 1645.0 +0.73

NOTE: % ERROR DOES NOT INCLUDE OSCILLATOR DRIFT

Figure 2. Logic Interface for Keyboard
Inputs of the $25089
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Figure 3. Stairstep Waveform of the Digitally Synthesized Sinewave
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Reference Voltage

The structure of the reference voltage employed in the
S25089 is shown in Figure 4. It has the following
characteristics:

a) Vggr is proportional to the supply voltage. Output
tone amplitude, which is a function of (Vpp - Vgygy), in-
creases with supply voltage (Figure 5).

b) The temperature coefficient of Vg is low due to a
single Vgg drop. Use of a resistive divider also provides
an accuracy of better than 1%. As a result, tone ampli-
tude variations over temperature and unit to unit are
held to less than +1.0dB over nominal.

¢} Resistor values in the divider network are so chosen
that Vygp is above the Vgg drop of the tone output tran-
sistor even at the low end of the supply voltage range.
The tone output clipping at low supply voltages is thus
eliminated, which improves distortion performance.

AKD (Any Key Down or Mute) Output

The AKD output (pin 10) consists of an open drain N
channel device (see Figure 6.) When no key is depressed

the AKD output is open. When a key is depressed the
AKD output goes to Vgg. The device is large enough to sink
a minimum of 500pA with voltage drop of 0.2V at a supp-
ly voltage of 3.5V.

Figure 4. Structure of the Reference Voltage
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Figure 5. Typical Single Tone Output Amplitude Vs Supply Voltage (R =10k)
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Features

O

0

Wide Operating Supply Voltage Range:

3.0 to 10 Volts

Low Power CMOS Circuitry Allows Device
Power to be Derived Directly from the Tele-
phone Lines or from Small Batteries, e.g., 9V

Uses TV Crystal Standard (3.58 MHz) to Derive
all Frequencies thus Providing Very High
Accuracy and Stability

Timing Sequence for XMIT, REC MUTE
Outputs

Interfaces Directly to a Standard Telephone
Push-Button or Calculator Type X-Y Key-
board with Common Terminal

The Total Harmonic Distortion is Below
Industry Specification

On Chip Generation of a Reference Voltage to
Assure Amplitude Stability of the Dual Tones
Over the Operating Voltage and Temperature
Range

Dual Tone as Well as Single Tone Capability

Darlington Configuration Tone Qutput

DTMF TONE GENERATOR

General Description

The S2859 DTMF Generator is specifically designed to
implement a dual tone telephone dialing system. The
device can interface directly to a standard pushbutton
telephone keyboard or X-Y keyboard with common ter-
minal connected to Vgg and operates directly from the
telephone lines. All necessary dual-tone frequencies are
derived from the widely used TV crystal standard provi-
ding very high accuracy and stability. The required sinu-
soidal waveform for the individual tones is digitally syn-
thesized on the chip. The waveform so generated has very
low total harmonic distortion. A voltage reference is
generated on the chip which is stable over the operating
voltage and temperature range and regulates the signal
levels of the dual tones to meet the recommended tele-
phone industry specifications. These features permit the
52859 to be incorporated with a slight modification of the
standard 500 type telephone basic circuitry to form a
pushbutton dual-tone telephone. Other applications of the
device include radio and mobile telephones, remote con-
trol, point-of-sale, and credit card verification terminals
and process control.

Block Diagram

Pin Configuration

Yoo [1]

[7] xmir mute
fi] mecmure

XTAL 7 b
= OSCILLATOR MUTE LOGIC I
3 580H) :gjl‘w:: ) q 8 I ,->| - —
o)
re—d_——————
: Voo [ 1vone qur
a1 [
PROSRAKMABLE | XMIT MUTE Fce
a2 [[3}=+] ROW KEVB0ARD e 16, | § STAGE RESISTOR
- wonnson  |e] LADDER - D
& EL’l Loci 160148 132 118 | COUNTER NETWORK
a [Tl 4 : EN ] (&2
l_. L] [ 13
»;E E INHIBIT | REF
| vosic l GEN I———q Ve B
| o T 1~___v
¢ E‘« Lfex “ m ; ascl {_]Rec mute
o _
2 [afesy PROCRAKIABLE | ot 8STAGE RESISTOR 0sco [ ]ca
corumm WioH GROUP o L1 soiwnson [ Lanoen
_ H
& Eh—u <EYBOARD LOGIC 92 89, 76,58 | COUNTER NETWORK
& [Tlenf i I L———rﬂ TONE OUT
12v
Vss E———VJ’%———‘—' Voo
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Absolute Maximum Ratings:

DC Supply Voltage (Vpp —Vss)
Operating Temperature
Storage Temperature

~25°C to +70°C

+10.5V

—55°C to +125°C

Power Dissipation @t 25°C .. .. ..uiuu ittt e 500mW
LR T L ) YT TR —06<VIN<VpDD + 0.6
Input/Output Current (except tone OULPUL) ... ovuuieenteen ittt 15mA

50mA

Tone Output Current

Electrical Characteristics:
(Specifications apply over the operating temperature range of —25°C to 70°C unless otherwise noted. Absolute
values of measured parameters are specified.)

<
=
z
=)
=
=
=
=)

(VDD —Vss)

Symbol Parameter/Conditions Volts Min Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 3.0 — 10.0 v

VoD Non Tone Out Mode (Mute Outputs Toggle 2.2 - 10.0 v
With Key Depressed)

Vg Internal Zener Diode Voltage, Iz = 5mA — — 12.0 — A\
Supply Current
Standby (No Key Selected, 3.0 - 0.001 0.3 mA
Tone and Mute Outputs Unloaded) 10.0 — 0.003 1.0 mA

Ipp Operating (One Key Selected, 3.0 — 1.3 2.0 mA
Tone and Mute Outputs Unloaded) 10.0 —_ 11 18 mA
Tone Output

Vor Single Tone Row R1,=100Q 5.0 366 462 581 mVrms
Mode Output Tone Ry,=100Q 10.0 370 482 661 mVrms
Voltage

dBcr Ratio of Column to Row Tone 3.0—10.0 1.0 2.0 3.0 dB

%DIS Distortion* 3.0—10.0 — - 10 %
REC, XMIT MUTE Outputs

Ion QOutput Source Current Vog=1.2V 2.2 0.43 1.1 — mA

Vog=2.5V 3.0 1.3 3.1 - mA
Voug=9.5V 10.0 4.3 11 — mA

*Distortion measured in accordance with the specifications described in Ref. 1 as the “‘ratio of the total power of all extraneous

frequencies in the voiceband above 500Hz accompanying the signal to the total power of the frequency pair”’.
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the MUTE outputs are open. When a key is depressed,
the MUTE outputs go high. When chip enable is “‘Low”’
the MUTE outputs are forced in the ‘“‘open” state
regardless of the state of the keyboard.

Timing Sequence

Figure 4 illustrates the sequence in which the MUTE
outputs operate when a key is depressed and released.
When a valid key is depressed the REC MUTE output
goes high first. The XMIT MUTE output goes high after
a delay of about 1.6ms. This allows the receiver to be
muted prior to the muting of the transmitter and genera-
tion of the dual tone. This prevents an undesirable click
to be heard in the earpiece due to the momentary inter-
ruption of the direct current flowing through the net-
work during the transition time when the transmitter is
disconnected and dual tone applied. On release of the key
the XMIT MUTE output goes open first, simultaneously
the dual tone output is removed. The receiver at this
time is still muted so that the click due to the momentary
interruption of the direct current during the release of
the key is not heard at the earpiece. The REC MUTE
output goes open after a delay of about 1.7ms which
reconnects the receiver to the network. The leading and
trailing edge delays are guaranteed for supply voltages
exceeding 3.0 voits. Below 3.0 volts the REC, XMIT
MUTE outputs and tone output coincide with each other.

Amplitude/Distortion Measurements

Amplitude and distortion are two important parameters
in all applications of the digital tone generator.
Amplitude depends upon the operating supply voltage
as well as the load resistance connected on the tone out-
put pin. The on-chip reference circuit is fully operational

when the supply voltage equals or exceeds 4 volts and as
a consequence the tone amplitude is regulated in the sup-
ply voltage range above 4 volts. The load resistor value
also controls the amplitude. If Ry, is low the reflected
impedance into the base of the output transistor is low
and the tone output amplitude is lower. For Ry, greater
than 1KQ the reflected impedance is sufficiently large
and highest amplitude is produced. Individual tone
amplitudes can be measured by applying the dual tone
signal to a wave analyzer (H-P type 3580A) and
amplitudes at the selected frequencies can be noted. This
measurement also permits verification of the pre-
emphasis between the individual frequency tones.

Distortion is defined as ‘‘the ratio of the total power of
all extraneous frequencies in the voiceband above 500Hz
accompanying the signal to the power of the frequency
pair”’. This ratio must be less than 10% or when express-
ed in dB must be lower than —20dB. (Ref. 1.) Voiceband
is conventionally the frequency band of 300Hz to
3400Hz. Mathematically distortion can be expressed as:

V (V)2 +(Vg)2+. . +(Vy)2

Dist. =

V (V)2 +(Vyg)2

where (V;) . . . (V) are extraneous frequency (i.e., inter-
modulation and harmonic) components in the 500 Hz to
3400Hz band and Vi, and Vy are the individual fre-
quency components of the DTMF signal. The expres-
sion can be expressed in dB as:

V (V)2 +(Vg)2+. . +(Vy)2

DIST4g = 20 log

V (V)2 +(Vi)2
=10{log[(V12+. . (Vy)2] —log[(VL)2+(Vgg)?] }. - - (1)

Table 2. Truth Table

INPUTS OUTPUTS

KEYS DEPRESSED NUMBER OF COLUMNS LOW NUMBER OF ROWS LOW CHIP ENABLE  TONE REC MUTE  XMIT MUTE
X X X 0 0 OPEN OPEN
NONE 0 0 1 0 OPEN OPEN

ONE , 1 1 1 R+C 1 1

TWO OR MORE KEYS IN COLUMN 1 20R30R4 1 C 1 1

TWO OR MORE KEYS IN ROW 20R 3 0R 4 1 1 R 1 1
MULTI KEY OTHER COMBINATIONS  OTHER COMBINATIONS 1 0 OPEN OPEN

NOTE 1 4 3 1 R+C A B

X DON'T CARE A: 16 (ROW FREQ) B: 16 (COL FREQ)

NOTE 1: THIS MODE IS USED FOR TEST PURPOSES ONLY. IT IS INITIATED BY CONNECTING ALL COLUMN INPUTS AND THREE QUT OF FOUR ROW INPUTS TQ Vss.
THE ROW INPUT THAT IS CONNECTED T0 Voo ROUTES THE CORRESPONDING 16 TIMES ROW FREQUENCY TO THE REC MUTE OUTPUT AND THE APPROPRIATE 16
TIMES COLUMN FREQUENCY (i.e., Ry SELECTS C; etc.) TO THE XMIT MUTE QUTPUT.
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Electrical Characteristics: (Continued)

Symbol Parameter/Conditions (VD% tZSS' Min. Typ. Max. Units
OSCILLATOR Input/Output
IoL One Key Selected VoL = 0.5V 3.0 0.21 0.52 - mA
Qutput Sink Current VoL = 0.5V 10.0 0.80 2.1 — mA
Ion Output Source Current Vou = 2.5V 3.0 0.13 0.31 — mA
One Key Selected Vo = 9.5V 10.0 0.42 1.1 - mA
Input Current
I Leakage Sink Current ViL = 10.0V 10.0 — - 1.0 uA
One Key Selected
In Leakage Source Current Vig = 0.0V 10.0 — — 1.0 HA
One Key Selected
I, Sink Current Vi = 0.5V 3.0 24 58 — uA
No Key Selected Vi = 0.5V 10.0 27 66 — uA
t Oscillator 3.0 — 2 5 ms
START Time 10.0 - 0.25 0.75 ms
C Input/Output 3.0 — 12 16 pF
110 Capacitance 10.0 — 10 14 pF
Row, Column and Chip Enable Inputs
v Input Voltage, 3.0 — — 0.75 \Y
1L Low 10.0 - - 3.0 4
v Input Voltage, 3.0 2.4 — Vv
TH High 10.0 7.0 — \4
I Input Current Vig = 0.0V 3.0 20 60 100 KA
(Pull up} Vig =0.0V 10.0 66 200 336 A

Circuit Description

The S2859 is designed so that it can be interfaced easily
to the dual tone signaling telephone system and that it
will more than adequately meet the recommended
telephone industry specifications regarding the dual
tone signaling scheme.

Design Objectives

The specifications that are important to the design of
the Digital Tone Generator are summarized below: the
dual tone signal consists of linear addition of two voice
frequency signals. One of the two signals is selected
from a group of frequencies called the ‘‘Low Group’’ and
the other is selected from a group of frequencies called
the “High Group’’. The low group consists of four fre-
quencies 697, 770, 852 and 941 Hz. The high group con-
sists of four frequencies 1209, 1336, 1477 and 1633 Hz.
A keyboard arranged in a row, column format (4 rows x

3 or 4 columns) is used for number entry. When a push
button corresponding to a digit (0 thru 9) is pushed, one
appropriate row (R1 thru R4) and one appropriate col-
umn (C1 thru C4) is selected. The active row input
selects one of the low group frequencies and the active
column input selects one of the high group frequencies.
In standard dual tone telephone systems, the highest
high group frequency of 1633Hz (Col. 4) is not used. The
frequency tolerance must be +1.0%. However, the
S$2859 provides a better than .75% accuracy. The total
harmonic and intermodulation distortion of the dual
tone must be less than 10% as seen at the telephone
terminals. (Ref. 1.) The high group to low group signal
amplitude ratio should be 2.0 +2dB and the absolute
amplitude of the low group and high group tones must
be within the allowed range. (Ref. 1.) These require-
ments apply when the telephone is used over a short
loop or long loop and over the operating temperature
range. The design of the S2859 takesinto account these
considerations.
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Oscillator

The device contains an oscillator circuit with the
necessary parasitic capacitances on chip so that it is only
necessary to connect a 10MSQ feedback resistor and the
standard 3.58MHz TV crystal across the OSCI and OSCO
terminals to implement the oscillator function. The
oscillator functions whenever a row input is activated.
The reference frequency is divided by 2 and then drives
two sets of programmable dividers, the high group and
the low group.

Keyboard Interface

The S2859 can interface with either the standard
telephone pushbutton keyboard (see Figure 1) or an X-Y
keyboard with common. The common of the keyboard
must be connected to Vgg. :

Figure 1. Standard Telephone Push Button Keyboard
% &

[
|
i
|

O-0-0--0
O-O0-O0-0

FO-0-0-0

COMMON
(CONNECT TO Vss)

:

— == MECHANICAL
LINKAGE

«—O—e
21

O
S

Ron (Contact Resistance) < 1k

Logic Interface

The S2859 can also interface with CMOS logic ouputs
directly. (See Figure 2.) The S2859 requires active
“Low’’ logic levels. Low levels on a row and a column in-
put corresponds to a key closure. The pull-up resistors
present on the row and column inputs are in the range of
33k —150k Q.

Tone Generation

When a valid key closure is detected, the keyboard logic
programs the high and low group dividers with appro-
priate divider ratios so that the output of these dividers
cycle at 16 times the desired high group and low group
frequencies. The outputs of the programmable dividers
drive two 8-stage Johnson counters. The symmetry of

the clock input to the two divide by 16 Johnson counters
allows 32 equal time segments to be generated within
each output cycle. The 32 segments are used to digitally
synthesize a stair-step waveform to approximate the
sinewave function (see Figure 3). This is done by connec-
ting a weighted resistor ladder network between the
outputs of the Johnson counter, Vpp and Vggp. Vygp
closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude VP (Vpp — Vger) of the stair-step function is
fairly constant. Vg is so chosen that VP falls within the
allowed range of the high group and low group tones.

Table 1. Comparisons of Specified
Vs. Actual Tone Frequencies Generated by S2859

ACTIVE | OQUTPUT FREQUENCY Hz | %ERROR
INPUT SPECIFIED | ACTUAL | SEE NOTE
R1 697 699.1 +0.30
R2 770 766.2 —0.49
R3 852 847.4 —0.54
R4 9 948.0 +0.74
C1 1209 1215.9 +0.57
c2 1336 1331.7 -0.32
C3 1477 1471.9 —0.35
C4 1633 1645.0 +0.73

NOTE: %ERROR DOES NOT INCLUDE OSCILLATOR DRIFT

Figure 2. Logic Interface for Keyboard

Inputs of the $2859
| )1
v
6 Do " Voo
Ry
13
P Ry
12
Ry
1" Ry
52659
N .
1
4
| > L,
N 5 c
| > 3
e
, P 4
Vss Vss

G1 THRU G8 ANY TYPE CMOS GATE
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Figure 3. Stairstep Waveform of the Digitally Synthesized Sinewave
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The individual tones generated by the sinewave syn-
thesizer are then linearly added and drive a Darlington
NPN transistor connected as an emitter follower to
allow proper impedance transformation at the same time
preserving signal level.

Dual Tone Mode

When one row and one column is selected dual tone out-
put consisting of an appropriate low group and high
group tone is generated. If two digit keys, that are not
either in the same row or in the same column, are
depressed, the dual tone mode is disabled and no output
is provided.

Single Tone Mode

Single tones either in the low group or the high group
can be generated as follows. A low group tone can be
generated by depressing two digit keys in the appro-
priate row. A high group tone can be generated by de-
pressing two digit keys in the appropriate column, i.e.,
selecting the appropriate column input and two row in-
puts in that column.

Chip Enable

The S2859 has a chip enable input at pin 15. The chip
enable for the S2859 is active “High"’. When the chip
enable is “Low”, the tone output goes to Vgg, the
oscillator is inhibited and the MUTE outputs go into an
open state.

Crystal Specification

A standard television color burst crystal is specified to
have much tighter tolerance than necessary for tone
generation application. By relaxing the tolerance specifi-
cation the cost of the crystal can be reduced. The recom-
mended crystal specification is as follows:

Frequency: 3,579545MHz +0.02%
Rg 1002, Lyy=96MHY
CM = 0.02pF CH = 5pF CL= 12pF

MUTE Outputs

The $285Y has P-Channel buffers for the REC MUTE
and XMIT MUTE outputs. With no keys depressed.
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Figure 4. Timing Diagram for (Vpp-Vss)=>3.5V
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An accurate way of measuring distortion is to plot a spec-
trum of the signal by using a spectrum analyzer (H-P type
3580A) and an X-Y plotter (H-P type 7046A). Individual
extraneous and signal frequency components are then
noted and distortion is calculated by using the expression
(1) above. Figure 6 shows a spectrum plot of a typical
signal obtained from S2859 device operating from a fixed
supply of 4VDC and Ry, =1009 in the test circuit of
Figure 5. Mathematical analysis of the spectrum shows
distortion to be —30dB (3.2%). For quick estimate of
distortion, a rule of thumb as outlined below can be used.

““As a first approximation distortion in dB equals the dif-
ference between the amplitude (dB) of the extraneous
component that has the highest amplitude and the
amplitude (dB) of the low frequency signal.” This rule of
thumb would give an estimate of —28dB as distortion for
the spectrum plot of Figure 6 which is close to the com-
puted result of —30dB.

In a telephone application amplitude and distortion are
affected by several factors that are interdependent. For
detailed discussion of the telephone application and other
applications of the S2859 Tone Generator, refer to the
applications note ‘‘Applications of Digital Tone
Generator.”

Ref. 1: Bell System Communications Technical Reference, PUB
47001, “Electrical Characteristics of Bell System Network
Facilities at the Interface with Voiceband Ancillary and Data
Equipment,” August 1976.
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Figure 6. A Typical Spectrum Plot
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Features

O Optimized for Constant Operating Supply
Voltages, Typically 3.5V

O Tone Amplitude Stability is Within +1.3 dB of
Nominal Over Operating Temperature Range

0O Low Power CMOS Circuitry Allows Device
Power to be Derived Directly from the Tele-
phone Lines or from Small Batteries

O Uses TV Crystal Standard (3.58 MHz) to Derive
all Frequencies thus Providing Very High
Accuracy and Stability

O Specifically Designed for Electronic Telephone
Applications

O Interfaces Directly to a Standard Telephone
Push-Button or Calculator Type X-Y Key-
board with Common Terminal

[0 The Total Harmonic Distortion is Below
Industry Specification

0O Dual Tone as Well as Single Tone Capability

DTMF TONE GENERATOR

General Description

The S2860 Digital Tone Generator is specifically
designed to implement a dual tone telephone dialing
system in applications requiring fixed supply operation
and high stability tone output level, making it well
suited for electronic telephone applications. The device
can interface directly to a standard pushbutton
telephone keyboard or X-Y keyboard with common ter-
minal connected to VSS and operates directly from the
telephone lines. All necessary dual-tone frequencies are
derived from the widely used TV crystal standard pro-
viding very high accuracy and stability. The required
sinusoidal waveform for the individual tones is digitally
synthesized on the chip. The waveform so generated has
very low total harmonic distortion. A voltage reference
is generated on the chip which is very stable over the
operating temperature range and regulates the signal
levels of the dual tones to meet the recommended tele-
phone industry specifications.

Block Diagram

Pin Configuration
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F————————
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>t | —_
PROGRAMMABLE
A2 [13}++f Row ke vB0ARD ONIDER 181, | Detast N Registon ce] 2 15 ] AKD
; LOW GROUP — —
RI [‘lz“ Losic 160, 145, 132, 118 I COUNTER NETWORK c‘ E 3 14 D n‘
n i ! N — _
1 | 4 ¢ $2860 WOk
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& LE: | wisir | REF [ [: ] 12 :] R
| ocic GEN Fe
l L f ‘__——t Vss[O] 6 MR
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Figure 3. Stairstep Waveform of the Digitally Synthesized Sinewave
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Reference Voltage

The structure of the reference voltage employed in the
S2860 is shown in Figure 4. It has the following
characteristics:

a)

b)

¢

VREF is proportional to the supply voltage. Output
tone amplitude, which is a function of (Vpp
— VREFr), increases with supply voltage (Figure 5)

The temperature coefficient of Vygr is low due to a
single Vgg drop. Use of a resistive divider also prov-
vides an accuracy of better than 1%. As a result, tone
amplitude variations over temperature and unit to
unit are held to less than =+ 1.3dB over nominal.

Resistor values in the divider network are so chosen
that Vpgr is above the Vgg drop of the tone output
transistor even at the low end of the supply voltage
range. The tone output clipping at low supply volt-
ages is thus eliminated, which improves distortion
performance.

AKD (Any Key Down or Mute) Outputs

The AKD outputs (pin 15 and pin 10) are identical and con-
sist of open drain N channel devices (see Figure 6.)

When no key is depressed the AKD outputs are open.
When a key is depressed the AKD outputs go to Vgg.
The devices are large enough to sink a minimum of
100uA with voltage drop of 0.2V at a supply voltage of
3.5V.

<
|a

AKD

(17 ks2 Ry

d) PEAK TONE AMPLITUDE o [Vpp — Veef)

<
-3

(24 k2] Rz

R3{1k)

vss
Figure 4. Structure of the Reference Voltage
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Electrical Characteristics: (Continued)

Symbeol Parameter/Conditions (VD{)’o_ltZSS. Min. Typ. Max. Units
OSCILLATOR Input/Output (Continued)
te Oscillator 3.0 - 2 5 ms
START Time 10.0 - 0.25 0.75 ms :
C Input/Output 3.0 - 12 16 pF ba
Lo Capacitance 10.0 — 10 14 pF z
Row, Column and Chip Enable Inputs §
Input Voltage, - = 2(VDD 3
Vi, Low Vss—06 —Vss) v
Input Voltage, — .8(VDD -
Vin High ~Vss) Vpp+0.6| V
Ity Input Current Vig = 0.0V 3.0 20 60 100 KA
(Pull up) Vig = 0.0V 10.0 66 200 336 WA
Oscillator Figure 1. Standard Telephone Push Button Keyboard
&
The S2860 contains an oscillator circuit with the %

necessary parasitic capacitances on chip so that it is only
necessary to connect a 10MQ feedback resistor and the
standard 3.58MHz TV crystal across the OSCI and OSCO
terminals to implement the oscillator function. The i o3
oscillator functions whenever a row input is activated.
The reference frequency is divided by 2 and then drives
two sets of programmable dividers, the high group and
the low group.

Crystal Specification

|
! :i:lx___j\ COMMON
) [

A standard television color burst crystal is specified to . CONNEETTO Vs

have much tighter tolerance than necessary for tone %
generation application. By relaxing the tolerance specifi-
cation the cost of the crystal can be reduced. The recom-
mended crystal specification is as follows:

Frequency: 3,579545MHz +0.02% .
Rg 1009, Ly =96MHy Logic Interface
Cym=0.02pF Cy=5pF Cp,=12pF The S2860 can also interface with CMOS logic outputs
directly. (See Figure 2.) The S2860 requires active
“Low” logic levels. Low levels on a row and a column in-
put corresponds to a key closure. The pull-up resistors
present on the row and column inputs are in the range of
Keyboard Interface 3350 — 150k .

% . ——— MECHANICAL

b LINKAGE

Ron (Contact Resistance) = 1k(?

The S2860 can interface with either the standard

telephone pushbutton keyboard (see Figure 1) or an X-Y .

keyboard with common. The common of the keyboard Tone Generation

must be connected to Vgg. When a valid key closure is detected, the keyboard logic
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Tone Generation (Continued)

programs the high and low group dividers with appro-
priate divider ratios so that the output of these dividers
cycle at 16 times the desired high group and low group
frequencies. The outputs of the programmable dividers
drive two 8-stage Johnson counters. The symmetry of
the clock input to the two divide by 16 Johnson
counters allows 32 equal time segments to be generated
within each output cycle. The 32 segments are used to
digitally synthesize a stair-step waveform to approx-
imate the sinewave function (see Figure 3). This is done
by connecting a weighted resistor ladder network be-
tween the outputs of the Johnson counter, VDD and
VREF. VREF closely tracks VDD over the operating
voltage and temperature range and therefore the peak-
to-peak amplitude VP (VDD -VREF) of the stair-step
function is fairly constant. VREF is so chosen that VP
falls within the allowed range of the high group and low
group tones.

The individual tones generated by the sinewave synthe-
sizer are then linearly added and drive an NPN transis-
tor connected as an emitter follower to allow proper
impedance transformation at the same time preserving
signal level. This allows the device to drive varying
resistive loads without significant variation in tone
amplitude. For example, a load resistor change from
10kQ to 1kQ causes a decrease in tone amplitude of less
than 1dB.

Dual Tone Mode

When one row and one column is selected dual tone out-
put consisting of an appropriate low group and high
group tone is generated. If two digit keys, that are not
either in the same row or in the same column, are
depressed, the dual tone mode is disabled and no output
is provided.

Single Tone Mode

Single tones either in the low group or the high group
can be generated as follows. A low group tone can be
generated by depressing two digit keys in the appro-
priate row. A high group tone can be generated by de-
pressing two digit keys in the appropriate column, i.e.,
selecting the appropriate column input and two row in-
puts in that column,

3.32

Table 1. Comparisons of Specified

Vs. Actual Tone Frequencies Generated by S2859

ACTIVE OUTPUT FREQUENCY Hz | %ERROR
INPUT SPECIFIED | ACTUAL | SEE NOTE
R1 697 699.1 +0.30
R2 770 766.2 —0.49
R3 852 847.4 —0.54
R4 941 948.0 +0.74
Ct 1209 1215.9 +0.57
c2 1336 1331.7 -0.32
C3 1477 1471.9 —0.35
C4 1633 1645.0 +0.73

NOTE: %ERROR DOES NOT INCLUDE OSCILLATOR DRIFT

Figure 2. Logic Interface for Keyboard

Inputs of the S2860

<
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] 1
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> " Ry
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NS 3 c,
NS 1
P 2
NS 5 ¢
/
6
' Vss
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Absolute Maximum Ratings:

DC Supply Voltage (VDD = VE8) « v vt ettt ettt tiet ettt e a et tattiaaaees +10.5V
Operating TemPerature . ..............euiieuntnenanntnetoenme ettt ieaennees —30°C to +70°C
Storage TEMPETALUIE ... ... .ottt ittt etat et e et ettt et ten ettt ittt as s taeaeens

Power Dissipation at 25°C .. ... ... i e e 500mW
INPUL VOLEAEE ...ttt ittt ettt e e - 0.6<VINS< VDD + 0.6
Input/Output Current (except tone OUtPUL) . .......oon it i 15mA

50mA

Tone QUEPUL CULTENE . o ..ottt ettt ettt et e et e e et ettt e e et e e ettt e et e ntenaansanas

<
(=]
ZWw
E¥ S
3=
20—
=]
(=]

Electrical Characteristics:

(Specifications apply over the operating temperature range of —30°C to 70°C unless otherwise noted. Absolute
values of measured parameters are specified.)

Symbol Parameter/Conditions ‘vne.,—u:,ss' Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 3.0 - 10.0 \
Vop Non Tone Out Mode (AKD Outputs toggle 1.8 — v
with key depressed)
Vg Internal Zener Diode Voltage, Iz = 5mA - - 12.0 - A
Supply Current
Standby (No Key Selected, 3.5 - 1 20 pA
Tone and AKD Outputs Unloaded) 10.0 — 5 100 wA
Ipp Operating (One Key Selected, 3.5 - 9 1.25 mA
Tone and AKD Outputs Unloaded) 10.0 — 3.6 5 mA
Tone Output
Vor Dual Tone Row Ry, = 10k © 3.5 305 350 412 mVrms
Mode Output Tone RL= 1k Q 3.5 272 350 412 mVrms
dBcr Ratio of Column to Row Tone 3.0-10.0 1.0 2.0 3.0 dB
%DIS Distortion 3.0 - 10.0 - — 10 %
AKD Outputs )
Ion | Output Sink Current [VoL=7v ] 35 0.1 1.0 ~ [ ma
OSCILLATOR Input/Output
IoL One Key Selected VoL = 0.5V 3.0 0.21 0.52 - mA
Output Sink Current VoL =05V 10.0 0.80 2.1 - mA
Ion OQutput Source Current Voy = 2.5V 3.0 0.13 0.31 — mA
One Key Selected VoH = 9.5V 10.0 0.42 1.1 — mA
Input Current
111, Leakage Sink Current Vi, = 10.0V 10.0 - - 1.0 UA
i One Key Selected
Iin Leakage Source Current Vig = 0.0V 10.0 - — 1.0 uA
|__One Key Selected
I, Sink Current ViL = 0.5V 3.0 24 58 - 7.
No Key Selected ViL = 0.5V 10.0 27 66 - HA

*Distortion measured in accordance with the specifications described in Ref. 1 as the “ratio of the total power of all extraneous
frequencies in the voiceband above 500Hz accompanying the signal to the total power of the frequency pair”.
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Figure 5. Typical Tone Output Amplitude Vs Supply Voltage (R, =10k)

A
800

700 —

TONE AMPLITUDE mV(rms) ——

400

300 —

SUPPLY VOLTAGE (VOLTS) —

Figure 6. AKD Output Structure

(Pin 15) AKD
-O (Pin 10) AKD O

y
\J

AKD
O Vss
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Features

OO0 Low Voltage CMOS Process for Direct Opera-
tion From Telephone Lines

0 Inexpensive R-C Oscillator Design Provides
Better than +5% Accuracy Over Temperature
and Unit to Unit Variations

0O Dialing Rate Can Be Varied By Changing the
Dial Rate Oscillator Frequency

O Dial Rate Select Input Allows Changing of the
Dialing Rate by a 2:1 Factor Without Changing
Oscillator Components

0 Two Selections of Mark/Space Ratios
(33-1/3/66-2/3 or 40/60)

O Twenty Digit Memory for Input Buffering and
for Redial With Access Pause Capability

PULSE DIALER

O Mute and Dial Pulse Drivers on Chip

O Accepts DPCT Keypad with Common
Arranged in a 2 of 7 Format; Also Capable of
Interface to SPST Switch Matrix

General Description

The S2560A Pulse Dialer is a CMOS integrated circuit
that converts pushbutton inputs to a series of pulses
suitable for telephone dialing. It is intended as a replace-
ment for the mechanical telephone dial and can operate
directly from the telephone lines with minimum inter-
face. Storage is provided for 20 digits, therefore, the last
dialed number is available for redial until a new number
is entered. IDP is scaled to the dialing rate such as to
produce smaller IDP at higher dialing rates. Additional-
ly, the IDP can be changed by a 2:1 factor at a given
dialing rate by means of the IDP select input.

Block Diagram

KEYBOARD
INPUTS

KEYBOARD
INTERFACE

[

. 20D16IT
MEMORY

HOOK =
switeh |8 O——————%¢

R0 0— g
DIAL
raTe | ©0O—  o0sC
osc | Re 0

R/WPOINTER
LOGIC

.

{ CONTROL LOGIC

P14

ORS IPS M/S

}————0 fUTE

Pin Cenfiguration

—\J
R[] 1 18] €
R[J 2 17[¢;
R[] 3 167 ¢
R[] 4 15[ S
EEE: g SE00A ugnns
R s PULSE 155 o
G[] 7 DIALER 12 ws
R[] 8 11 [ MUTE
P[] 9 10 ] Vss
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Absolute Maximum Ratings:

SUPPLY VOLbAEE - .. ev ettt ittt te ettt et ettt e e e e +5.5V
Operating Temperature Range ........ ...t e —25°C to +70°C
Storage Temperature Range ....... ...t e —65°C to +150°C
Voltageat any Pin ..ot it e e Vgg —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10S€C) .........uiuuiniiniitiitii ittt aeeaaeiiat i ennaaes e 300°C

Electrical Characteristics:

Specifications apply over the operating temperature and 1.5V<Vpp to Vgg <3.5V unless otherwise specified.

Vop— Vi
Symbol Parameter DD 7SS Min. Max. Units Conditions
(Volts)
Output Current Levels
ﬁOutput Low _
IOLDP Current (Smk) 3.5 125 ;AA VOUT = 0.4V
I DP Output High 1.5 20 uA Vour = 1V
OHDP Current (Source) 3.5 125 uA A = 2.5V
OuT
I MUTE Output Low 3.5 125 uA Vout = 0.4V
OLM Current (Sink)
I MUTE Output High 1.5 20 HA Vour = 1V
OHM Current (Source) 3.5 125 uA A =25V
ouT
Tone Output Low
oLt Comrent (é’ink) 1.5 20 WA Vout = 0.4V
Tone Output High
Tonr Current (Sourcelg 15 20 uA Vour = 1V
VDR Data Retention Voltage 1.0 v “On Hook” HS = Vpp. Keyboard open, all
Ipp Quiescent Current 1.0 750 nA other input pins to Vpp or Vgg
Ipp Operating Current 15 100 uA DP, MUTE open, HS = Vgg (“Off Hook”)
SS
3.5 500 uA Keyboard processing and dial pulsing at 10
pps at conditions as above
fo Oscillator Frequency 1.5 10 kHz
Afolfo Frequency Deviation 1.5 to 2.5 -3 +3 % Fixed R-C oscillator components
50KQ<Rp<750KQ; 100pF<Cp* <1000pF;
2.5t038.5 -3 +3 % T50kQ <Rp<5MQ
*300pF most desirable value for Cpy
Input Voltage Levels
Vi Logical “1” 80% of Vbp v
(Vpp—Vss)| 0.3
ViL Logical “0” Vss 20% of A
—0.3  |(Vpp—Vsg)
Cin Input Capacitance Any Pin 7.5 pF

The device power supply should always be turned on before the input signal sources, and the input signals should be turned off before the
power supply is turned off (Vgg < Vi < Vpp as a maximum limit). This rule will prevent over-dissipation and possible damage of the input-
protection diode when the device power supply is grounded. When power is first applied to the device, the device should be in “‘On Hook™
condition (HS=1). This is necessary because there is no internal power or reset on chip and for proper operation all internal latches must
come up in a known state. In applications where the device is hard wired in *“‘Off Hook "' (HS}=0) condition, a momentary *‘On Hook" condi-
tion can be presented to the device during power up by use of a capacitor resistor network as shown in Figure 6.
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Functional Description
The pin function designations are outlined in Table 1.

Osclliator

The device contains an oscillator circuit that requires
three external components: two resistors (Rp and RE)
and one capacitor (Cp). All internal timing is derived
from this master time base. To eliminate clock in-
terference in the talk state, the oscillator is only enabled
during key closures and during the dialing state. It is
disabled at all other times including the “on hook”
condition. For a dialing rate of 10 pps the oscillator
should be adjusted to 2400 Hz. Typical values of exter-
nal components for this are Rp and RE=750kQ and
CpD=270 pF. It is recommended that the tolerance of
resistors to be 5% and capacitor to be 1% to insure a
+10% tolerance of the dialing rate in the system.

.Keyboard Interface (2560A)

The S2560A employs a scanning technique to determine
a key closure. This permits interface to a DPCT
keyboard with common connected to VDD (Figure 1),
logic interface (Figure 2) and interface to a SPST switch
matrix (Figure 7). A high level on the appropriate row
and column inputs constitutes a key closure for logic in-
terface. When using a SPST switch matrix, it is

necessary to add small capacitors (30 pF) from the col-

umn inputs to VSS to insure that the oscillator is shut
off after a key is released or after the dialing is complete.

OFF Hook Operation: The device is continuously
powered through a 150kQ resistor during Off hook
operation. The DP output is normally high and sources
base drive to transistor Q; to turn ON transistor Q.
Transistor Qg replaces the mechanical dial contact
used in the rotary dial phones. Dial pulsing begins
when the user enters a number through the keyboard.
The DP output goes low shutting the base drive to Q;
OFF causing Q, to open during the pulse break. The
MUTE output also goes low during dial pulsing allow-
ing muting of the receiver through transistors Q3 and
Q4. The relationship of dial pulse and mute outputs are
shown in Figure 3.

ON Hook Operation: The device is continuously pow-
ered through a 10—20M Q resistor during the ON hook
operation. This resistor allows enough current from the
tip and ring lines to the device to allow the internal
memory to hold and thereby providing storage of the
last number dialed.

The dialing rate is derived by dividing down the dial
rate oscillator frequency. Table 2 shows the relation-

ship of the dialing rate with the oscillator frequency
and the dial rate select input. Different dialing rates
can be derived by simply changing the external resis-
tor value. The dial rate select input allows changing of
the dialing rate by a factor of 2 without the necessity
of changing the external component values. Thus,
with the oscillator adjusted to 2400Hz, dialing rates
of 10 or 20 pps can be achieved. Dialing rates of 7
and 14 pps similarly can be achieved by changing the
oscillator frequency to 1680Hz.

The Inter-Digit Pause (IDP) time is also derived from
the oscillator frequency and can be changed by a
factor of 2 by the IDP select input. With IDP select
pin wired to Vgg, an IDP of 800ms is obtained for
dial rates of 10 and 20 pps. IDP can be reduced to
400ms by wiring the IDP select pin to Vpp. At dialing
rates of 7 and 14 pps, IDP’s of 1143ms and 572ms
can be similarly obtained. If the IDP select pin is con-
nected to the dial rate select pin, the IDP is scaled to the
dial rate such that at 10 pps an IDP of 800ms is obtain-
ed and at 20 pps an IDP of 400ms is obtained.

The user can enter a number up to 20 digits long from a
standard 3x4 double contact keypad with common
(Figure 1). It is also possible to use a logic interface as
shown in Figure 2 for number entry. Antibounce protec-
tion circuitry is provided on chip (min.20ms.) to prevent
false entry.

Any key depressions during the on-hook condition are
ignored and the oscillator is inhibited. This insures that
the current drain in the on-hook condition is very low
and used to retain the memory.

Normal Dialing
The user enters the desired numbers through the key-

board after going off hook. Dial pulsing starts as soon
as the first digit is entered. The entered digits are

.stored sequentially in the internal memory. Since the

device is designed in a FIFO arrangement, digits can
be entered at a rate considerably faster than the out-
put rate. Digits can be entered approximately once
every 50ms while the dialing rate may vary from 7 to
20 pps. The number entered isretained in the memory
for future redial. Pauses may be entered when required
in the dial sequence by pressing the “#” key, which
provides access pauses for future redial. Any number
of access pauses may be entered as long as the total
entries do not exceed twenty.
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Auto Dialing

The last number dialed is retained in the memory and
therefore can be redialed out by going off hook and
pressing the “#” key. Dial pulsing will start when
the key is depressed and finish after the entire num-
ber is dialed out unless an access pause is detected.
In such a case, the dial pulsing will stop and will
resume again only after the user pushes the “#” key.

Table 1. S2560A Pin/Function Descriptions

Pin

Number

Function

Keyboard
(R, Rg, R3, Ry, Cy, Cy, C3)

Inter-Digit Pause Select (IPS)

Dial Rate Select (DRS)

Mark/Space (MS)

Mute Out (MUTE)

7

These are 4 row and 3 column inputs from the keyboard
contacts. These inputs are open when the keyboard is inac-
tive. When a key is pushed, an appropriate row and column
input must go to Vpp or connect with each other. A logic
interface is also possible as shown in Figure 3. Active pull
up and pull down networks are present on these inputs
when the device begins keyboard scan. The keyboard scan
begins when a key is pressed and starts the oscillator. De-
bouncing is provided to avoid false entry (typ. 20ms).

One programmable line is available that allows selection of
the pause duration that exists between dialed digits. It is
programmed according to the truth table shown in Table
3. Note that preceding the first dialed pulse is an inter-
digit time equal to the selected IDP. Two pauses either
400ms or 800ms are available for dialing rates of 10 and 20
pps. IDP’s corresponding to other dialing rates can be
determined from Tables 2 and 3.

A programmable line allows selection of two different out-
put rates such as 7 or 14 pps, 10 or 20 pps, etc. See Tables 2
and 3.

This input allows selection of the mark/space ratio, as per
Table 3.

A pulse is available that can provide a drive to turn on an
external transistor to mute the receiver during the dial
pulsing.
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Table 1. {Continued)

Pin Number Function

Dial Pulse Out (DP) 1 Output drive is provided to turn on a transistor at the
dial pulse rate. The normal output will be “low” during
“space” and ‘‘high” otherwise.

Dial Rate Oscillator 3 These pins are provided to connect external resistors
Rp, Rg and capacitor Cp to form an R-C oscillator
that generates the time base for the Key Pulser. The
output dialing rate and IDP are derived from this time
base.

Hook Switch (HS) 1 This input detects the state of the hook switch contact;
“off hook™ corresponds to Vgg condition.

«
z
=]
=

<
2
z
S
=
=
=}
o

Power (Vpp, Vss) 2 These are the power supply inputs. The device is de-
signed to operate from 1.5V to 3.5V.

18
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Figure 1. Standard Telephone Pushbutton Keyboard
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Table 2. Table for Selecting Oscillator Component Values for Desired Dialing Rates and Inter-Digit Pauses

Dial Rate Osc. Freq. Rp Rg Cp Dial Rate (pps) IDP (ms)

Desired (Hz) &) k) ®F) | "DRS=Vgs | DRS=Vpp | IPS=Vgg | IPS=Vpp
5.5/11 1320 5.5 11 1454 727
6/12 1440 6 12 1334 667
6.5/13 1560 6.5 13 1230 615
714 1680 Select components in the 7 14 1142 571
7.5/15 1800 ranges indicated in table 7.5 15 1066 533
8/16 1920 of electrical specifications 8 16 1000 500
8.5/17 2040 8.5 17 942 471
9/18 2160 9 18 888 444
9.5/19 2280 9.5 19 842 421
10/20 2400 750 | 750 | 270 10 20 800 400

1920 960
((ff(‘iif/zl‘;%))/ fq {£4/240) {£a/120) (ﬂ_xl()s} <T"103>
Notes:

1. IDP is dependent on the dialing rate selected. For example, for a dialing rate of 10 pps, an IDP of either 800ms or 400ms can be selected. For
a dialing rate of 14 pps, and IDP of either 1142ms or 571ms can be selected.

Table 3.

Function Pin Designation Input Logic Level Selection

Dial Pulse Rate Selection DRS Vss (£/240) pps
VDD (£/120) pps

- . i 960
Inter-Digit Pause Selection 1PS Vbp 5 s
1920

Vss f §

Mark/Space Ratio M/S Vss 33-1/3/66-2/3
Vbbb 40/60

On Hook/Off Hook Hs VbD On Hook
Vss Off Hook

Note: fis the oscillator frequency and is determined as shown in Figure 5.

3.41



AMIL

S$2560A

Figure 4. Pulse Dialer Circuit with Redial
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Figure 6. Circuit for Applying Momentary “On Hook” Condition During Power Up
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Features:

O Complete Pin Compatibility With S2560A Pulse
Dialer Allowing Easy Upgrading of Existing
Designs.

O Ten 18-Digit Number Memories Plus Last
Number Redial (22 Digit) Memory On Chip.

0O Low Voltage CMOS Process for Direct Operation
From Telephone Lines.

(1 Inexpensive R-C Oscillator Design With
Accuracy Better Than 5% Over Temperature
and Unit-Unit Variations.

S$25610 SINGLE CHIP
REPERTORY DIALER

O Independent Select Inputs for Variation of Dial-
ing Rates (10pps/20pps), Mark/Space Ratio (33" -
6624/40-60), Interdigit Pause (400ms/800ms).

O Can Interface With Inexpensive XY Matrix or Stan-
dard 2 of 7 Keyboard With Common.

Also Capable of Logic Interface (Active High).

0 Mute and Pulse Drivers On Chip.

O Call Disconnect by Pushing * and # Keys
Simultaneously.

Block Diagram

R O————
.
.
.
Rlo——— ]

Pin Configuration

KEYBOARD KEYBOARD U]
INPUTS INTERFACE _——}
fro———> R 1 187 ¢
N
c . 22 DIGIT BUFFER M 2 17]¢c;
o]
R[] 3 16[7]¢
svﬁ% s o— -1 $—— R[] 4 15 [] 1S
HS 5 $25610 14 [] ORS
o |© < 10x18 DIGIT g
RATE {Cpo—— 0SC |« MEMORY R[] 6 13 [ ¥
% reo t ] 7 12 [ wis
\] R[] 8 11 7] MUTE
> |———o P =
CONTROL LOGIC P[] 9 10 [ Vgs

f—————0 MUTE

DRS IPS MIS
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Absolute Maximum Ratings:

SUPPLY VOltage ...ttt et e e e e +5.5V
Operating Temperature Range .. ..........ottiiutiiitenttiitiniirinerateiaieeareeceeenesinnenns —25°C to +70°C
Storage Temperature Range ............iueiiutiiiieiiteeneenantaneeaeerueeeeenaienoneennenns —40°C to +125°C
Voltage at any Pin . ... ..o e Vgs —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10SEC) . .....uvettutnnent ettt eieteaeeienteeanannerteneereniaeaneenennns 300°C

Electrical Characteristics:
Specifications apply over the operating temperature and 1.5V<Vpp to Vgg <3.5V unless otherwise specified.

Vpp—V,
Symbol Parameter DD 7Ss Min. Max. Units Conditions
(Volts)
Operating Voltage
Vop Data Retention 1.0 v On Hook, (HS=Vp)
Vop Non Dialing State 1.5 3.5 v Off Hook, Oscillator Not Running
Vop Dialing State 2.0 3.5 \4 Off Hook, Oscillator Running
Operating Current
Ipp Data Retention 1.0 750 nA On Hook, (HS=Vp;)
Ipp Non Dialing 1.5 10 uA Off Hook (HS=Vgg), Oscillator Not
Running, Outputs Not Loaded.
Ipp Dialing 2.0 100 HA Off Hook, Oscillator Running, Outputs Not
3.5 500 uA Loaded
Qutput Current Levels
D_POutput Low
IoLop Current (Sink) 3.5 125 WA Vour = 0.4V
. DP Output High 15 20 A Vour = 1V
OHDP Current (Source) 3.5 125 HA Vour = 2.5V
I MUTE Output Low 3.5 125 A Vour = 0.4V
OLM Current (Sink)
I MUTE Output High 1.5 20 HA Vour = 1V
OHM Current (Source) 3.5 125 uA Vour = 2.5V
fo Oscillator Frequency 1.5 10 kHz
Afolfo Frequency Deviation 2.0 to -3 +3 % Fixed R-C oscillator components
2.75 50KQ< Ry < 750K; 100pF< Cp*< 1000pF;
2.75 -3 +3 %o 750kQ< Rp<5MQ
to 3.5 *300pF most desirable value for Cp,
Input Voltage Levels
Vi Logical “1” 80% of | Vpp v
(Vpp—Vggl +0.3
Vi .. Logical “0” Vss 20% of v
—0.3 |Vpp—Vss
Cin Input Capacitance Any Pin 7.5 pF
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Operating Characteristics

Normal Dialing

Off Hook, .

Dial pulsing to start as soon as first digit is entered (de-
bounced and detected on chip). Pause may be entered in
the dialing sequence by pressing the “#” key. Total
number of digits entered not to exceed 22. Numbers
exceeding 22 digits can be dialed but only after the first
22 digits have been completely dialed out. In this case
redialing function is inhibited.

Storing of a Telephone Number(s)
Numbers can be stored as follows:

OffHook,, y - ,E,
O -BE

Earpiece is muted in this operation to alert the user that
a store operation is underway.

etc.

Repertory Dialing

Off Hook, ,

Numbers can be cascaded repeating [ﬂ, LOC] e
quence after completion of dialing of present sequence. If
an access pause has been stored in “LOC”, dialing will
halt until the “# key is pushed again.

Redialing

Last number_dialed can be redialed as follows: Off
Hook, , m . Last number for this purpose is defin-
ed as the last number remaining in the buffer. Access
pause is terminated by pushing the “#” key as usual.

Functional Description

The pin function designations are outlined in Table 1.
Oscillator

The device contains an oscillator circuit that requires

three external components; two resistors (Rp and Rg)
and one capacitor (Cp). All internal timing is derived

from this master time base. To eliminate clock inter-
ference in the talk state, the oscillator is only enabled
during key closures and during the dialing state. It is
disabled at all other times including the “‘on hook’ condi-
tion. For a dialing rate of 10pps the oscillator should be
adjusted to 2400Hz. Typical values of external compo-
nents for this are Rp, Rg="750kQ and Cp=270pF. It is
recommended that the tolerance of resistors to be 5% and
capacitor to be 1% to insure a +10% tolerance of the dial-
ing rate in the system.

Keyboard Interface (S25610)

The $25610 employs a scanning technique to determine a
key closure. This permits interface to a DPCT (Double
Pole Common Terminal) keyboard with common con-
nected to Vpp (Figure 1), logic interface (Figure 2),or a
XY matrix. A high level on the appropriate row and col-
umn inputs constitutes a key closure for logic interface.

Off Hook Operations: The device is continuously
powered through a 150k resistor during off hook opera-
tion. The DP output is normally high and sources base
drive to transistor Q; to turn ON transistor Q,. Tran-
sistor Qy replaces the mechanical dial contact used in the
rotary dial phones. Dial pulsing begins when the user
enters a number through the keyboard. The DP output
goes low shutting the base drive to @; OFF causing Q, to
open during this pulse break. The MUTE output also
goes low during dial pulsing allowing muting of the
receiver through transistors Q3 and Q4. The relationship
of dial pulse and mute outputs are shown in Figure 3.

On Hook Operation: The device is continuously powered
through a 10-20MQ resistor during the on hook opera-
tion. This resistor allows enough current from the tip and
ring lines to the device to allow the internal memory to
hold and thereby providing storage of the last number
dialed. DP and mute outputs are low in the on hook state.

The dialing rate is derived by dividing down the dial rate
oscillator frequency. Table 2 shows the relationship of
the dialing rate with the oscillator frequency and the dial
rate select input. Different dialing rates can be derived by
simply changing the external resistor value. The dial rate
select input allows changing of the dialing rate by a fac-
tor of 2 without the necessity of changing the external
component values. Thus, with the oscillator adjusted to
2400Hz, dialing rates of 10 or 20pps can be achieved.
Dialing rates of 7 and 14pps similarly can be achieved by
changing the oscillator frequency to 1680Hz.
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The Inter-Digit Pause (IDP) time is also derived from the
oscillator frequency and can be changed by a factor of 2
by the IDP select input. With IDP select pin wired to
Vgg, an IDP of 800ms is obtained for dial rates of 10 and
20pps. IDP can be reduced to 400ms by wiring the IDP
select pin to Vpp. At dialing rates of 7 and 14pps, IDP’s
of 1143ms and 572ms can be similarly obtained. If the
IDP select pin is connected to the dial rate select pin, the
IDP is scaled to the dial rate such that at 10pps an IDP
of 800ms is obtained and at 20pps an IDP of 400ms is ob-
tained.

The user can enter a number up to 22 digits long from a
standard 3X 4 XY matrix keypad (Figure 1). It is also
possible to use a logic interface or a keyboard with com-
mon (Figure 2) for number entry. Antibounce protection
circuitry is provided on chip (min. 9ms) to prevent false
entry.

Any key depressions during the on-hook condition are ig-
nored and the oscillator is inhibited. This insures that the
current drain in the on-hook condition is very low and us-
ed to retain the memory.

Normal Dialing

The user enters the desired numbers through the key-
board after going off hook. Dial pulsing starts as soon as
the first digit is entered. The entered digits are stored se-
quentially in the internal memory. Digits can be entered
at a rate considerably faster than the output rate. Digits
can be entered approximately once every 50ms while the
dialing rate may vary from 7 to 20pps. The number
entered is retained in the memory for future redial.
Pauses may be entered when required in the dial se-
quence by pressing the “#” key, which provides access
pauses for future redial. Any number of access pauses
may be entered as long as the total entries do not exceed
22.

Redialing

The last number dialed is retained in the memory and
therefore can be redialed out by going off hook and press-
ing the “#” key twice. Dial pulsing will start when the
key is depressed and finish after the entire number is
dialed out unless an access pause is detected. In such a
case, the dial pulsing will stop and will resume again only
after the user pushes the “#" key.

Repertory Dialing

Dialing of a number stored in memory is initiated by go-
ing OFF hook and pushing the # key followed by the
single digit address. Numbers can be cascaded after dial-
ing of the first number is completed.
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Special Sequences

There are some special sequences that provide for mixed
dialing or other features such as call disconnect, redial
inhibit or memory clear as follows:

a. Normal dialing followed by repertory dialing

Offhook,--- ----- B

(wait for dialing to complete before pressing
star key)

<
e
z
S
=
-3
S
(&)

b. Normal dialing after repertory dialing or redialing

Offhook,, -----
or

(wait for dialing to complete before
pressing D1 key)

¢. Disconnecting call
Off hook,- - - - - ,

Pushing * and # keys simultaneously causes DP and
mute outputs to go low and remain low until the keys are
released. This causes a break in the line. If the keys are
held down for a sufficiently long t'me (approx. 400ms),
the call will be disconnected and new dial tone will be
heard upon release of the keys. This feature is convenient
when disconnecting calls by the normal method, i.e.,
hanging up the phone or depressing hookswitch is
cumbersome.

d. Inhibiting future redialing of a normally dialed
number

Off hook, [ 01] - - . ----- E , B

(wait for dialing to complete before
pressing star key)

Pushing * key twice after normal dialing is completed in-
structs the device to clear the redial buffer.

e. To clear a memory location(s)

ot [ [F. ) - [ [

Essentially this operation is equivalent to storing a
pause in the memory location.

The various operating characteristics are summarized in
Table 4.
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| Figure 1. SPST Matrix Keyboard Arranged in a Row, Figure 2. Standard Telephone Pushbutton Keyboard
Column Format
ofofoln
R2
ONIONIO e
> Rr3 A
ofiofilc o
< b -
> R4 R3 «-O—e
[of . .
! DS COMMON
v : L (CONNECT TO Vpp)
C C 3 ———
1 c2 c3 % % [‘.f.i'l’é";'”‘
RON (CONTACT RESISTANCE) < 1kQ
SPST MATRIX KEYSORTED:
// N.O.
Figure 3. Timing (Off Hook)
"
F T
_| i
L MARK __»J:
SPACE | 51’013\’]‘_” H
mSEC ]
DELAY '
i
KEY DEPRESSION
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Table 1. $25610 Pin/Function Descriptions

Pin

Number

Function

Keyboard
(R1, Ry, Rs, R4, Cl, Cao, Cg)

Inter-Digit Pause Select (IPS)

Dial Rate Select (DRS)

Mark/Space (MS)

Mute Out (MUTE)

Dial Pulse Out (DP)

Dial Rate Oscillator

Hook Switch (HS)

Power (VDDV Vss)

7

These are 4 row and 3 column inputs from the keyboard
contacts. These inputs are open when the keyboard is inac-
tive. When a key is pushed, an appropriate row and column
input must go to Vpp or connect with each other. A logic
interface is also possible as shown in Figure 3. Active pull
up and pull down networks are present on these inputs
when the device begins keyboard scan. The keyboard scan
begins when a key is pressed and starts the oscillator. De-
bouncing is provided to avoid false entry (typ. 20ms).

One programmable line is available that allows selection of
the pause duration that exists between dialed digits. It is
programmed according to the truth table shown in Table
3. Two pauses either 400ms or 800ms are available for
dialing rates of 10 and 20 pps. IDP’s corresponding to
other dialing rates can be determined from Tables 2 and 3.

A programmable line allows selection of two different out-
put rates such as 7 or 14pps, 10 or 20pps, etc. See Tables 2
and 3.

This input allows selection of the mark/space ratio, as per
Table 3.

A pulse is available that can provide a drive to turn on an
external transistor to mute the receiver during the dial
pulsing.

Qutput drive is provided to turn on a transistor at the dial
pulse rate. The normal output will be “low’” during
‘“‘space’”’ and ‘‘high’’ otherwise.

These pins are provided to connect external resistors Rp,
Rg and capacitor Cp to form an R-C oscillator that
generates the time base for the Key Pulser. The output
dialing rate and IDP are derived from this time base.

This input detects the state of the hook switch contact;
““off hook” corresponds to Vgg condition.

These are the power supply inputs. The device is designed
to operate from 1.5V to 3.5V.
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Table 2. Table for Selecting Oscillator Component Values for Desired Dialing Rates and Inter-Digit Pauses

Dial Rate Osc. Freq. Rp Rg Cp Dial Rate (pps) IDP (ms)
Desired (Hz) k) k<) ®F)  ["DRS=Vgs | DRS=Vpp | IPS=Vgs | IPS=Vpp
5.5/11 1320 5.5 11 1454 727
6/12 1440 6 12 1334 667
6.5/13 1560 6.5 13 1230 615
7/14 1680 Select components in the 7 14 1142 571
75115 1800 ranges indicated in table of 7.5 15 1066 533
8/16 1920 electrical specifications. 8 16 1000 500
8.5/17 2040 8.5 17 942 471
9/18 2160 9 18 888 444
9.5/19 2280 9.5 19 842 421
10/20 2400 750 | 750 | 270 10 20 800 400
fq/24 1920 960
‘(fgl// 12%))/ fq (£a/240) (£4/120) Fa %103 S %103
Notes:

1. IDP is dependent on the dialing rate selected. For example, for a dialing rate of 10pps, an IDP of either 800ms or 400ms can
be selected. For a dialing rate of 14pps, an IDP of either 1142ms or 571ms can be selected.

Figure 4. Repertory Dialer Circuit with Redial
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Ro = 10-20MQ, Ry =150kQ, Ry =2kQ

R3=470kQ, R4, Rs=10kR, Rig=47kQ

Rs, Rs=2kR, Ry, Rg=230kQ, Ri; =20Q, 2W

21 =3.9V, D1—D4 = IN4004, D5, Dg, D; =1IN914, C{=15uF
Re = Rp = 750kQ, Cp=270pF, C; =0.01uF

Qy, Q4 = 2N5550 TYPE Qa, Q3 =2N5401 TYPE

2, =1N5379 110V ZENER OR 2XIN4758
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Table 3
Function Pin Designation Input Logic Level Selection
Dial Rate Selection DRS Vss (£/240) pps
VDD (£/120) pps
Inter-Digit Pause Selection I1PS Vob -9—(;& s
1920 S
Vss f 3
=
Mark/Space Ratio M/S Vss 33-1/3/66-2/3 =z
Vbp 40/60 <
OnHook/Off Hook HS Vpbp On Hook
VSS Off hook

*Note: f is the oscillator frequency and is determined as shown in Figure 5.

Figure 5. Repertory Dialer Circuit with Redial (Single Hook Switch Contact Application for PABX)
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R1=10-20MQ, R, = 2kQ

o=

Ry= 470k, Ry, Rs= 10kQ

Re. Rs=2kQ, Ry, Ry = 30kQ ,,:‘Q' f 1 T
Rio=47kQ, Ry1 =20Q, 2W .

Z,=23.9V, D;—D, = IN4004 —o bl Il I

Ds, Dg, Dy = IN914, Gy = 15uF
Re. Rp= 750k, Cp=270pF
Cy=0.014F, Qy, Qg = 2N5550
0y, 03 = 2N5401

Z»= 150V ZENER OR VARISTOR TYPE GE MOV150
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Table 4. Summary of Operating Characteristics

1) Normal Dialing: off hook

o

2) Inhibit Redialing: off hook | , | D

(wait for dialing to complete before pressing start key

H{H
8
B

3) Redialing: off hook | , | #

4) Storing of Number(s): off hook |

(=] [=] [#]

HEH{H
AEE

5) Repertory Dialing: oft hook| , | # ] foc] ------------ ,

(wait for dialing to complete before pressing # key)

6) Normal Dialing + Repertory Dialing: , R LN i EI , ,

(wait for dialing to complete before pressing star key)

7) Recall + Normal Dialing: , , or B --
(

wait for dialing to complete before pressing D1 key)

8) Call Disconnect: BRI
9) Clear Memory Location(s): ,IZI , ,B , - I:Z' , ,E| ,
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AMERICAN MICROSYSTEMS, INC.

TONE RINGER

Features :
<
O CMOS Process for Low Power Operation 0 Auto Mode Allows Amplitude Sequencing g @
[0 Operates Directly from Telephone Lines such that the Tone Amplitude Increases in z e
with Simple Interface Each of the First Three Rings and Thereafter z
{0 Also Capable of Logic Interface for Continues at the Maximum Level e
Non-Telephone Applications O Single Frequency Tone Capability
O Provides a Tone Signal that Shifts Between
Two Predetermined Frequencies at General Description
Approximately 16Hz to Closely Simulate
the Effects of the Telephone Bell The S§2561 Tone Ringer is a CMOS integrated circuit
O Push-Pull Output Stage Allows Direct Drive, that is intended as a replacement for the mechanical
Eliminating Capacitive Coupling and telephone bell. It can be powered directly from the
Provides Increased Power Output telephone lines with minimum interface and can
O 25mW Output Drive Capability at 10V drive a speaker to produce sound effects closely
Operating Voltage simulating the telephone bell.

Data subject to change at any time without notice. These sheets transmitted for information only.

Block Diagram Pin Configuration
512Hz BHz 512H2
POR ——=y 5
AMPLITUDE SFS 1 18V,
2 DIAL PULSE _AUTO O 00
e o > m'r"én REJECT FILTER OUNTER O GANUAL osch
o i [] 2 17 [ tHe
& oser,, [ 2 i =l
0SCR [ 15 [ out
l 0 H
g 52561 B
0SCT, [ 5 gmerc 1100w
—————O0om,
DET. 2:1 0sCT, § 13 [ our
i, @ MUX m 10T
osct 7 12 [ aur,
. 0 oo,
ouTPUT am 8 11 [] EN/rate
Y STAGE 4 B
v,
o ouTH ss [ 9 wfJen
TONE
+4f5
b ooutg
05CH; ©
0SCRM O 0 6STAGE
DIVIDER
0SCR, O OSCR;
512012 ‘ ; ascRy [ 2
INOM)
Sz 128H: 8Hz oschy [ 3
1642 ) *
—O RATE v,
. ]
VOLTAGE PoE - ss L
THC O———{  SENSING
CIRCUIT
POR
Voo Vss
“GPTIONAL QUTPUT FOR 52561C
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Absolute Maximum Ratings

SUPPLY VOIbAGE .. ..ottt e e +12.0V*
Operating Temperature Range .. ........o.oitiiutiinntti it it it e e aeaaans —25°C to +70°C
Storage Temperature RANZE .. ... ...ttt it i i e —40°C to +125°C
Voltageat any Pin . ... . . e e e e s Vgg —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10SEC) ... .. ...ttt ittt ittt et et i e 300°C

*This device incorporates a 12V internal zener diode across the VDD to VSS pins. Do NOT connect a low impedance power supply directly
across the device unless the supply voltage can be maintained below 12V or current limited to <25mA.

Electrical Characteristics
Specifications apply over the operating temperature and 3.5V<Vpp to Vgg <12.0V unless otherwise specified.

Symbol | Parameter Min. Max. Units Conditions
Vps Operating Voltage (Vpp to Vgg) 8.0 12.0 A\ Ringing, THC pin open
Vps Operating Voltage 4.0 v “Auto’”’ mode, non-ringing
Ipg Operating Current 500 A Non-ringing, Vpp =10V, THC pin open,

DI pin open or Vgg

Output Drive
Ionc Output Source Current 5 mA Vpp=10V, Vouyr=8.75V
{OUTy, OUT( outputs)

Output Sink Current

IoLc (OUTg, OUT outputs) 5 mA Vpp=10V, Voyr=0.75V
Ioum Output Source Current (Quty out-
put) 2 mA Vpp=10V, Vour=8.75V
IoLMm Output Sink Current (OUT)y; output) 2 mA Vpp=10V, Voyr=0.75V
IoHL Output Source Current (OUTY, out-
put) 1 mA Vpp=10V, VOUT=8.75V
ToLL Output Sink Current (OUT{, output) 1 mA Vpp=10V, Vour=0.756V
CMOS to CMOS
Viu Input Logic ““1” Level 0.7 Vpp |Vpp+0.3 A% All inputs
ViL Input Logic “0” Level Vss—0.3 | 0.3 Vpp v All inputs
Vour Output Logic “1” Level (Rate output) (0.9 Vpp v Io=10uA (Source)
VoLr Output Logic “0” Level (Rate output) 0.5 v Ip=10uA (Sink)
Output Leakage Current 1 A Vpp=10V, Voyr=0V
Voz (OUTY, OUT} outputs in high 1 A Vpp=10V, Voyr=10V
impedance state)
Cin Input Capacitance 7.5 pF Any pin
Afo/fo Oscillator Frequency Deviation -5 +5 % Fixed RC component values IMQ <Ry,
Rgi<5MQ;

100kQ< Ry, Ry < 750kQ; 150pF < Cro,

Cto< 3000pF; 330pF recommended value of Cyq
and Cgg, supply voltage varied from 9V+2V
{over temperature and unit-unit variations)

Tone Ffequency Range=300Hz to 3400Hz

Output Load Impedance Connected

Rroap Across OUTy and OUT¢ 600 e

Iy, I, | Leakage Current, Viy=Vpp or Vgg 100 nA Any input, except DI pin Vpp=10V
Vry POE Threshold Voltage 6.5 8 v

Vz Internal Zener Voltage 11 13 v Iz=5mA

The device power supply should always be turned on before the input signal sources, and the input signals should be turned off before the power supply is turned
off (Vss < V< Vppas a maximum limit). This rule will prevent over-dissipation and possible damage of the input-protection diode when the device power supply
is grounded
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Functional Description

The S2561 is a CMOS device capable of simulating the
effects of the telephone bell. This is achieved by produc-
ing a tone that shifts between two predetermined fre-
quencies (512 and 640 Hz) with a frequency ratio of 5:4
at a 16 Hz rate.

Tone Generation: The output tone is derived from a
tone oscillator that uses a 3 pin R-C oscillator design
consisting of one capacitor and two resistors. The
oscillator frequency is divided alternately by 4 or 5 at
the shift rate. Thus, with the oscillator adjusted for
5120Hz, a tone signal is produced that alternates be-
tween 512Hz and 640Hz at the shift rate. The shift
rate is derived from another 3 pin R-C oscillator
which is adjusted for a nominal frequency of 5120Hz.
It is divided down to 16Hz which is used to produce
the shift in the tone frequency. It should be noted
that in the special case where both oscillators are ad-
justed for 5120Hz, it is only necessary to have one
external R-C network for one oscillator with the other
oscillator driven from it. The oscillators are designed
such that for fixed R-C component values an accuracy
of +5% can be obtained over the operating supply vol-
tage, temperature and unit-unit variations. See Table 1
for component and frequency selections. In the single
frequency mode, activated by connecting the SFS
input to Vg§ only the higher frequency continuous
tone is produced by using a fixed divider ratio of 4
and by disabling the shift operation.

Ring Signal Detection: In the following description it is
assumed that both the tone and rate oscillators are ad-
justed for a frequency of 5120 Hz. Ringing signal
(nominally 42 to 105 VAC, 20 Hz, 2 sec on/4 sec off duty
cycle) applied by the central office between the
telephone line pair is capacitively coupled to the tone
ringer circuitry as shown in Figure 2. Power for the
device is derived from the ringing signal itself by rec-
tification (diodes D1 thru D4) and zener diode clamping
(Z2). The signal is also applied to the EN input after
limiting and clamping by a resistor (R9) and internal
diodes to VDD and VSS supplies. Internally the signal
is first squared up and then processed thru a 2ms filter
followed by a dial pulse reject filter. The 2ms filter is a
two stage shift register clocked by a 512 Hz signal
derived from the rate oscillator by a divide by 10 circuit.
The squared ring signal (typically a square wave) is ap-
plied to the D input of the first stage and also to reset
inputs of both stages. This provides for rejection of
spurious noise spikes. Signals exceeding a duration of
2ms only can pass through the filter. The dial pulse re-
ject filter is clocked at 8 Hz derived from the rate oscil-
lator by a divide by 640 circuit. This circuit is designed

to pass any signal that has at least two transitions in a
given 125ms time period. This insures that signals
below 8 Hz will be rejected with certainty. Signals over
16 Hz will be passed with certainty and between 8 Hz
and 16 Hz there is a region of uncertainty. By adjusting
the rate oscillator to a different frequency the break
points in frequencies can be varied. For instance for
break points of 10 Hz and 20 Hz the rate oscillator can
be adjusted to 6400 Hz. Of course this also increases the
tone shift rate to 20 Hz. The action of the dial pulse re-
ject filter minimizes the dial pulse interference during
dialing although it does not completely eliminate it due
to the rather large region of uncertainty associated with
this type of discrimination circuitry. The dial pulse filter
also has the characteristic that an input signal is not
detected unless its duration exceeds 125ms. This in-
sures that the tone ringer will not respond to momen-
tary bursts of ringing less than 125 milliseconds in
duration (Ref 1).

In logic interface applications, the 2ms filter and the
dial pulse reject filter can be inhibited by wiring the
Det. INHIBIT pin to VDD. This allows the tone ringer
to be enabled by a logic ‘1’ level applied at the
“ENABLE” input without the necessity of a 20Hz
ring signal.

Voltage Sensing: The 82561 contains a voltage sensing
circuit that enables the output stage and the rate and
tone oscillators, only when the supply voltage ex-
ceeds a predetermined value. Typical value of this
threshold is 7.3 volts. This produces two benefits.
First, it insures that the audible intensity of the out-
put tone is fairly constant throughout the ringing
period; and secondly, it insures proper circuit opera-
tion during the “auto” mode operation by reducing
the power consumption to a minimum when the
supply voltage drops below 7.3 volts. This extends
the supply voltage decay time beyond 4 seconds (off
period of the ring signal) with an adequate filter capa-
citor and insures the proper functioning of the
“amplitude sequencing” counter. It is important to
note that the operating supply voltage should be well
above the threshold value during the ringing period
and that the filter capacitor should be large enough so
that the ripple on the supply voltage does not fall
below the threshold value. A supply voltage of 10 to
12 volts is recommended.

In applications where the tone ringer is continuously
powered and below the threshold level, the internal
threshold can be bypassed by connecting the THC pin
to Vpp. The internal threshold can also be reduced
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Functional Description (Continued)

by connecting an external zener diode between the
THC and Vpp pins.

Auto Mode: In the ““auto” mode, activated by wiring
the “auto/manual” input to Vgg, an amplitude se-
quencing of the output tone can be achieved. Resistors
Ry, and Ry are inserted in series with the Outp, and
Out); outputs, respectively, and paralleled with the
Outyy output (Figure 1). Load is connected across
Outyy and Outg pins. Ry, is chosen to be higher than
RM. In this manner the first ring is of the lowest am-
plitude, second ring is of medium amplitude and the
third and consecutive rings thereafter are at maximum
amplitude. For the proper functioning of the “am-
plitude sequencing” counter the device must have at
least 4.0 volts across it throughout the ring sequence.
The filter capacitor is so chosen that the supply vol-
take will not drop below 4.0 volts during the off per-
iod. At the end of a ring sequence when the off period
substantially exceeds the 4 second duration, the coun-
ter will be reset. This will insure that the amplitude
sequencing will start correctly beginning a new ring
sequence. The counter is held in reset during the
“manual” mode operation. This produces a maximum
ring amplitude at all times.

Output Stage: The output stage is of push-pull type

Tablé 1. $2561/S2561C Pin/Function Descriptions

consisting of buffers L, M, H and C. The load is con-
nected across pins Outyy and Outg (Figure 2). During
ringing, the Outy and Outgc outputs are out of phase
with each other and pulse at the tone rate. During a
non-ringing state, all outputs are forced to a known
level such as ground which insures that there is no DC
component in the load. Thus, direct coupling can be
used for driving the load. The major benefit of the
push-pull arrangement is increased power output.
Four times as much power can be delivered to the
load for the same operating voltage. Buffers M and H
are three-state. In the “auto’ mode buffer M is active
only during the second ring and in the “high impe-
dance” state at all other times. Buffer H is active
beginning the third ring. In the “manual” mode buf-
fers H, L and C are active at all times while buffer M
is in a high impedance state. The output buffers are
so designed that they can source or sink 5mA at a
Vpp of 10 volts without appreciable voltage drop.
Care has been taken to make them symmetrical in
both source and sink configurations. Diode clamping
is provided on all outputs to limit the voltage spikes
associated with transformer drive in both directions
Vpp and Vgg.

Normal protection circuits are present on all inputs.

Function

* Pin Number
Power (Vpp*, Vgs*) 2
Ring Enable (EN*, EN) 2
Auto/Manual (A/M) 1
Outputs (Outy,, Outy, Out;;, Out:;‘) 4

Oscillators
Rate Ogcillator . *
(OSCRj, OSCRy; OSCRg)

These are the power supply pins. The device is designed to
operate over the range of 3.5 to 12.0 volts. A range of 10 to
12 volts is recommended for the telephone application.

These pins are for the 20Hz ring enable input. They can
also be used for DC level enabling by wiring the DI pin to
Vpp. EN is available for the S2561 only.

““Auto’’ mode for amplitude sequencing is implemented by
wiring this pin to Vgg. ‘“‘Manual” mode results when
connected to Vpp. The amplitude sequencing counter is
held in reset during the “‘manual’’ mode.

These are the push-pull outputs. Load is directly connec-
ted across Outy and Outg outputs. In the “auto’” mode,
resistors Ry, and Ry can be inserted in series with the Outy,
and Outyy outputs for amplitude sequencing (see Figure 1).

These pins are provided to connect external resistors RRj,
RRy, and capacitor CRg to form an R-C oscillator with a
nominal frequency of 5120Hz. See Table 2 for components
selection.
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Table 1 (Continued)

Pin Number Function
Tone Oscillator 3 These pins are provided to connect external resistors RTj,
(OSCTj, OSCTm, OSCTy) RTyy, and capacitor CTq to form an R-C oscillator from

which the tone signal is derived. With the oscillator adjus-
ted to 5120Hz, a tone signal with frequencies of 512Hzand
640Hz results. See Table 2 for components selection.

Threshold Control (THC) 1 The internal threshold voltage is brought out to this pin
for modification in non-telephone applications. It should
be left open for telephone applications. For power supplies
less than 9V connect to Vpp.
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Rate 1 This is an optional output for the S2561C version which
replaces the EN output. This is a 16 Hz output that can be
used by external logic as shown in Figure 3-A to produce a
2sec on/4sec off waveform.

Detector Inhibit (DI) 1 When this pin is connected to Vpp, the dial pulse reject
filter is disabled to allow DC level enabling of the tone
ringer. This pin should be hardwired to Vgg in normal
telephone-type applications.

Single Frequency Select (SFS) 1 When this pin is connected to Vgg, only a single frequency
continuous tone is produced as long as the tone ringer is
enabled. In normal applications this pin should be hard-
wired to Vpp.

*Pinouts of 8 pin S2561A package.

Table 2. Selection Chart for Oscillator Components and Output Frequencies

Tone/Rate Oscillator Oscillator Components
Frequency R; Rm Co Rate Tone
(Hz) (k) (k<) (prF) (Hz) (Hz)
5120 1000 200 330 16 512/640
6400 20 640/800
3200 Select components in the ranges indicated 10 320/400
in the table of electrical charateristics
8000 25 800/1000
fo fo fofo
320 10/ 8
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Applications

Typical Telephone Application: Figure 2 shows the
schematic diagram of a typical telephone application for
the S2561 tone ringer circuit power is derived from the
telephone lines by the network formed by capacitor C,,
resistor Ry, diode bridge D; through Dy, and filter capa-
citor C,. Cy is chosen to be large enough so as to insure
that the power supply ripple during ringing does not fall
below the internal threshold level (typ. 7.3 volts) and to
provide large enough decay time during the off period. A
typical value of Cy may be 47uF. C; and R, are chosen to
satisfy the Ringer Equivalence Number (REN) spcifica-
tion (REf. 1). For REN=1 the resistor should be a
mini-mum of 8.2kQ. It must be noted that the amount of
power that can be delivered to the load depends upon the
selection of C; and R;.

The device is enabled by limiting the incoming ring
signal through resistors R, R3 and diodes dg and
dg. Zener diode Z1 (typ. 9-27 volts) may be required
in certain applications where large voltage transients
may occur on the line during dial pulsing. The internal
2ms filter and the dial pulse reject filter will suppress
any undesirable components of the signal and will
only respond to the normal 20Hz ring signal. Ring
signals with frequencies above 16Hz will be detected.

The configuration shown will produce a tone with
frequency components of 512Hz and 540 Hz with a
shift rate of approximately 16 Hz and deliver at least
25mW to an 8Q speaker through a 2000Q:8Q trans-
former. If “manual’ mode is used, a potentiometer
may be inserted in series with the transformer primary
to provide volume control. If ‘“‘automatic”’ mode is
used, resistors R[, and R) can be chosen to provide
desired amplitude sequencing. Typically, signal power

. Rroap
will be down 20 log {=———— | dB during the
Ry, + RLoaD

_ RrLoap .
first ring, and down 20 log | ————— ]} dB during
RMm + Rroap

the second ring with maximum power delivered to the
load beginning the third and consecutive rings.

In applications where dial pulse rejection is not nec-
essary, such as in DTMF telephone systems, the
ENABLE pin may be connected directly to VDD.
Det. Inh pin must be connected to Vpp to allow
DC level enabling of the ringer.

Non-Telephone Applications: The configuration
shown in Figure 3-A may be used in non-telephone
applications where it is desired to simulate the tele-
phone bell. The internal threshold is bypassed by
wiring THC to Vpp. The rate output (16Hz) is divided
down by a 7 stage divider type 4024 to produce two
signals: a 2 second on/2 second off signal and a 4
second on/4 second off signal. The first signal is con-
nected to the EN pin and the second to the DI pin to
produce a 2 second on/4 second off telephone-type
ring signal. The ring sequence is initiated by removing
the reset on the divider. If ‘“auto” mode is used, a
reset signal must be applied 'to the ‘“amplitude se-
quencing’’ counter at the end of a ring sequence so
that the circuit will respond correctly to a new ring
sequence. This is done by temporarily connecting the
‘“‘auto/manual” input to Vgs.

Figure 3-B shows a typical application for alarms,
buzzers, etc. Single frequency mode is used by con-
necting the SFS input to Vgs. A suitable on/off rate
can be determined by using the 7 stage divider circuit.
If continuous tone is not desired, the 16Hz output
can be used to gate the tone on and off by wiring it
into the ENABLE input.

Many other configurations are possible depending
upon the user’s specific application.

Reference 1. Bell system communications technical
reference:

PUB 47001 of August 1976

“Electrical characteristics of Bell System Network
Facilities at the interface with Voiceband Ancillary
and Data Equipment” — Sections 2.6.1 and 2.6.3.
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Figure 1-A. Output Stage Connected
for Auto Mode Operation

Figure 1-B. Output Stage Connected
for Manual Mode Operation.
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Figure 3-A. Simulation of the Telephone Bell in Non-Telephone Applications.
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Figure 3-B. Single Frequency Tone Application in Alarms, Buzzers, Etc.
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AMERICAN MICROSYSTEMS, INC.

REPERTORY DIALER

Features
S

O CMOS Process Achieves Low Power Operation Provides Better Than £ 3% Accuracy Over Supply z
O 8 or 16 Digit Number Capability Voltage, Temperature and Unit-Unit Variations E

(Pin Programmable) and Alloyvs D.iff.erent Dialing _Rates, Il?P and §
O Dial Pul d Mute Output Tone Drive Timing by Changing the Time Base

! se and Mute Qutpu ‘0 Power Fail Detection

0O Tone Outputs Obtained by Interfacing with 00 BCD Output with Update for Number Display

Standard AMI S2559 Tone Generator Applications
0O Two Selections of Dial Pulse Rate
71 Two Selections of Inter-Digit Pause
O Memory Storage of 32 8-Digit Numbers or General Description

16 16-Digit Numbers with Standard

AMI S5101 RAM The S2562 Repertory Dialer is a CMOS integrated

circuit that can perform storing or retrieving, normal

O 16-Digit Memory for Input Buffering and for dialing, redialing or auto dialing and displaying of
Redial with Access Pause Capability one of several telephone numbers. It is intended to be
O Accepts the Standard Telephone DPCT used Yvith the AMI standard S5101—256x4 RAM that
Keypad or SPST Switch X-Y Matrix functions as telephqne number storage. With one
Keyboards; Also Capable of Logic Interface $5101 up to 32 8-digit or 16 16-digit numbers can

. ] be stored. It can provide either dial pulses or DTMF
U Ignores Multi Key Entries tones with the addition of the AMI S2559 tone
O Inexpensive, but Accurate R-C Oscillator Design generator for either the dial or tone line applications.

Data subject to change at any time without notice. These sheets transferred for information only.
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Absolute Maximum Ratings:

R 10) o) o A3 [ 7 P 13.5V
Operating Supply Voltage Range (VDD —Vgg) ««cvvvrmtimriiiiiiiiieiieni e 3.5V to 7.5V
Operating Temperature Range ..............coiiitiiiiiiiniii i eneenneennens —25°Cto +70°C
Storage Temperature Range ........... ... i i —40°C to +125°C
Voltageat any Pin ....... ..ottt it Vgg —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10S€C) .. .....uuuuuteterueteiueeeenereraneeroaseeronseeeanaeeans 200°C

Electrical Characteristics:
Specifications apply over the operating temperat;ure range and 4.5V < Vpp to Vgg <5.5V unless otherwise specified.
Absolute values of measured parameters are specified.

Symbol | Characteristics Min, Max. Units Conditions
Output Drive
IoLDP _DT’_Output Sink Current 400 uA Vouyr=0.4V, Vpp=5V
Iogpp | DP Output Source Current 400 HA Vour=3.6V, Vpp=5V
ToLm MUTE Output Sink Current 400 A Vour=0.4V, Vpp=5V
Ioum MUTE Output Source Current 400 KA Vour=3.6V, Vpp=5V
Iogpr | PF Output Source Current 100 A | Vour=3.6V, Vpp=5V
CMOS to CMOS
ViL Logic “‘0” Input Voltage 1.5 v All inputs, Vpp=5V
Vig Logic “1” Input Voltage 3.5 \' All inputs, Vpp =5V
VoL Logic ““0” Output Voltage 0.5 A All outputs except DP, MUTE,
PF Io— —10}AA VDD 5V
Vou Logic ““1” Output Voltage 4.5 v All outputs except DP, MUTE,

PF, Io=—10uA, Vpp=5V

Current Levels

Ipp Quiescent Current 25 uA Standby, Vpp=5V

Ipp Operating Current 500 A All valid input combinations, DP,
MUTE, PF outputs open
Vpp=5V

Input Current Any Pin _ _

Iig (keyboard inputs) 10 100 A Vin=Vpp, Vpp=5V

I, Itg | Input Current All Other Pins 100 uA Vin= Vss or Vpp, Vpp=5V

Ioz . Output Current in High 1 uA Vpp=5V, Voyr=0V data

Impedance State outputs (D1-D4)
1 HA VDD = 5V, VOUT =5V

fo Oscillator Frequency 4 10 kHz Vpp =5V (min. duty cycle 30/70)

Afolfo Frequency Deviation -3 +3 % Vpp — Vgs from 4.5V to 5.5V.
Fixed R-C oscillator components
50kR< Ry < 750kQ;
1MQ < Rp < BMQ™
150pF < Cp 3000pF; 330pF most
desirable value for Cg, fo < 10kHz
over the operating temperature
and unit-unit variations

Cin Input Capacitance, Any Pin 7.5 pF

Vrrip Supply Voltage at which PF

Output Goes Low 2.5 4.5 v

The device power supply should always be turned on before the input signal sources, and the input signals should be turned off before the power
supply is turned off (Vss < Vi< Vpp as a maximum limit). This rule will prevent over-dissipation and posible damage of the input-protection diode
when the device power supply is grounded. Power should be applied to the device in “on hook’ condition.
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Functional Description

The S2562 is a CMOS controller designed for storing or
retrieving, normal dialing, redialing or auto dialing and
displaying of one of several telephone numbers. It is in-
tended to be used with the AMI standard S5101 256x4
RAM that functions as a telephone number storage. A
single S5101 RAM will store up to 32 8-digit or 16
16-digit telephone numbers. The S2562 can be program-
med to work with either 8-digit or 16-digit numbers by
means of the Number Length Select (NLS) input.

The S2562 uses an inexpensive, but accurate R-C oscil-
lator as a time base from which the dialing rate and
inter-digit pause duration (IDP) are derived. Different
dialing rates and IDP durations can be implemented by
simply adjusting the oscillator frequency. The dialing
rate and IDP can be further changed by a 2:1 factor by
means of the dialing rate select (DRS) and inter-digit
pause select (IPS) inputs. Thus, for the oscillator fre-
quency of 8kHz, dialing rates of 10 and 20 pps and
IDP’s of 400 and 800ms can be achieved. The mark/
space ratio is fixed independent of the time base at
40/60. Over supply voltage (5V+10%), operating
temperature range and unit-unit variations, timing ac-
curacy of 3% can be achieved. A mute output is also
available for muting of the receiver during dial pulsing.
See Figure 5 for timing relationship.

The S2562 can be programmed by means of the MODE
input for dual tone signaling applications as well. In this
mode, it can interface directly with the AMI standard
52559 Tone Generator to produce the required DTMF
signals. The tone on/off rate during an auto dial opera-
tion in this mode is derived from the time base. For the
oscillator frequency of 8kHz, a tone drive rate of 50ms
on, 50ms off is obtained. Different rates can be imple-
mented by adjusting the time base as desired. See
Tables 2 and 3 for the various combinations. In the tone
mode, the mute output is used to gate the tone
generator on and off. The 8 address lines that are nor-
mally used for addressing the RAM are also used to ad-
dress the tone generator row, column inputs. Figure 6
shows a typical system application.

The S2562 can perform the following functions:

Normal Dialing

The user enters the desired number digits through the
keyboard after going off hook. Dial pulsing starts as
soon as the first digit is entered. The entered digits are
stored sequentially in the internal memory. Since the
device is designed in a FIFO arrangement, digits can be
entered at a rate considerably faster than the output
rate. Digits can be entered approximately once every
50ms while the dialing rate may vary from 7 to 20 pps.
Debouncing is provided on the keyboard entries to
avoid false entries. The number entered is retained for

future redial. Pauses may be entered when required in
the dial sequence by pressing the “#” key, which pro-
vides access pauses for future redial. Any number of ac-
cess pauses may be entered as long as the total entries
do not exceed the total number of digits (8 or 16).

An update pulse is generated to update the display digit
as a new entry is made.

Redialing

The last number entered is retained in the internal
memory and can be redialed by going ‘“‘off hook’ and
depressing the “redial” (RDL) key. The RDL key is a
unique 2 of 12 matrix location (R5, C3). The number be-
ing redialed out is displayed as it is dialed out.

In the tone mode, the redial tone drive rate depends
upon the time base as discussed before.

Storing of a Normally Dialed or Redialed Number into
the External Memory

After the normal dialing or rechalmg operation, the
telephone number can be stored in the external memory
for future repertory dialing use by going on hook and
initiating the following key sequence.

1. Push ‘“‘store” (ST) button.

2. Depress the single digit key corresponding to the
desired address location.

Note that the “ST” key is a unique 2 of 12 matrix loca-
tion (R5, Clj

Storing of a Telephone Number into the External
Memory

This operation is performed “on hook’ and no out-
dialing occurs. A telephone number can be stored in the
desired address location by initiating the following key
sequence.

1. Push the “*”’ key (This instructs the device to accept
a new number for storage into the internal memory).

2. Enter the digits (including any access pauses) corres-
ponding to the desired number. Digits will be dis-
played as they are entered.

3. Push the “ST" key.

4. Push the single digit key corresponding to the de-
sired address location.

The entire sequence can be repeated to store as many

numbers as desired. However, any memory locations not

addressed with a telephone number “store” operation

must be addressed with the following sequence.

1. Push the “*” key.

2. Push the “ST” key.

3. Push the single digit key corresponding to the first
unused memory location.

4. Push the “ST" key.
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5. Push the single digit key corresponding to the next
unused memory location.

Steps 4. and 5. are repeated until all remaining memory
locations have been addressed.

It should be noted that accessing all memory locations is
required only for initial system set-up. This insures that
no memory location will contain invalid data from
memory power-up. If a memory location were to have in-
valid, power-up induced data and that location was ad-
dressed by the $S2662, the $2562 would enter a “Halt”
state and cease its normal program activities. To exit
from this condition it is necessary to go “on hook” and
perform a “store’’ operation.

Displaying of a Stored Telephone Number

This is an “‘on hook’ operation Either the last dialed
number or the number stored in the external memory
can be displayed one digit at a time. The key sequence
for displaying the last dialed number is as follows:

Push the “RDL” key.

The number in the external memory can be displayed as
follows:

1. ‘Push the “R” key.

2. Push the single digit key corresponding to the de-
sired address location.

Note that the “R’’ key is a unique 2 of 12 matrix loca-
tion (Rg, Cg).

The number is displayed one digit at a time at a rate
determined by the time base. With a time base of 8kHz
the display will be on 500ms, off 500ms. The display is
updated by producing an update pulse. The update
pulse must be decoded with external logic (one inverter
and one 2-input gate) as shown in Figure 6.

The display is blanked by outputting an illegal (non
BDC) code such as 1111. The 4511-type BCD to 7 seg-
ment decoder driver latch will blank the display when
the illegal code is detected. When other driver circuits
are employed, external logic must be used to detect the
illegal code. Table 4 gives a list of display codes used by
$2562.

Repertory Dialing

This is the most common mode of usage and allows the
user to dial automatically any number stored in the
memory. This mode is initiated by the following key se-
quence after going off hook.

1. Push the “*” key.

2. Push the single digit key corresponding to the de-
sired address location.

The number is displayed as it is dialed out. In the tone
mode, the tone driver rate is dependent on the time base
as described earlier.

‘Pause

Note that the out dialing in the repertory or redial
operation continues unless an access pause is detected.
The outpulsing will stop and resume only when the user
terminates the access pause by pushing the “*’’ key
again.

Power Fail Detection

This output is normally high. When the supply voltage
falls below a predetermined value, it goes low. The out-
put can then drive a suitable latching device that will
switch the memory to either the tip and ring or an aux-
iliary battery supply.

Memory Expansion

The memory can be expanded by paralleling additional
S5101 RAM'’s. External logic must be used to enable
the desired RAM corresponding to a desired address
location. The S2562 can drive up to 2 RAM’s without
the need of buffering address and data lines.

Keybounce Protection

When a key closure is detected by the $S2562, an internal
timeout (4ms at fo=_8kHz) is started. Any transitions
that occur during this timeout will reset the timer to
zero so that a key will only be accepted as valid after a
noise free timeout period. The key must remain closed
for an additional 16ms before released. Thus, the total
make time of the key must be at least 20ms. The key
must be released for at least 1ms before a new key is
activated. Any transitions occurring when the key is
released are ignored as long as the make time does not
exceed 4ms,

Improper Operating Sequence

The S2562 will enter a “halt” state if a proper operating

sequence is not followed. Examples of such sequences

are:

1. Off hook, “ST", on hook

2. 2. Off hook, ‘“*”, on hook

3. Off hook, “*”, unprogrammed loc.

4. On hook, “*”’, D,, D, - - -, off hook without complet-
ing the store sequence

5. Off hook with supply voltage less than 3.5 volts

To clean the halt state press ‘“‘ST"’ key followed by an

unused ““loc” key. This can be performed in either on

hook or off hook condition. Figure 1 shows a scheme to
clear the halt state electronically.
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Table 1. Pin/Function Descriptions

Pin

Number

Function

Power (VDD, VSS)

Keyboard (R1-Rg, C1-Cg)

Number Length Select (NLS)

Mode Select (MODE)

Dial Rate Select (DRS)

Inter-Digit Pause Select (IPS)

Test Input (TEST)

Mute Output (MUTE)

Dial Pulse Output (DP)

Display Memory I/O Data (D1-D4)

2

12

These are the power supply inputs. The device is designed
to operate from 3.5V to 7.5V.

These are 6 row and 6 column inputs from the keyboard
contacts. When a key is pushed, an appropriate row and
column input must go to Vpp or connect to each other.
Figure 2 depicts the standard telephone X-Y matrix key-
board arrangements that can be used. A logic, interface is
also possible as shown in Figure 3. Debouncing is provided
to avoid false entry. Key pad entry options are shown in
Figure 4.

This input permits programming of the device to accept
either 8-digit numbers or 16-digit numbers.

This input allows the use of the device in either dial puls-
ing applications or tone drive applications.

This input allows selection of two different dialing rates
such as 10 or 20 pps, 7 or 14 pps, etc. See Tables 2 and
3.

This allows selection of the pause duration that exists
between dialed digits. It is programmed according to the
truth table shown in Table 3. Note that preceeding the
first dialed digit is an inter- digit time equal to the selected
IDP. Two pause durations, either 400ms or 800ms are
available at dialing rates of 10 and 20 pps. IDP’s corres-
ponding to other dialing rates can be determined from
Tables 2 and 3.

This input is used for test purposes. For normal operation
it must be tied to Vpp.

A pulse is available that can provide drive to turn on an
external transistor to mute the receiver during dial puls-
ing. See Figure 5 for mute and dial pulse output relation-
ship. It is also used as a keyboard disable in the tone
drive applications. See Figure 6.

Output drive is provided to turn on a transistor at the
dial pulse rate. This output will be normally high and go

low during “‘space’” or “‘break.”

These are 4 bidirectional pins for inputting and output-
ting data to the external memory and display driver.
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Table 1. (Continued)

Pin

Number

Function

Memory Enable (CE)

Memory Read/Write (R/W)

Tone Generator/Memory Address
(Ap-A7)

Hook Switch (HS)

Power Fail Detect (PF)

Oscillator (OSCj, OSCpy, OSCo)

This line controls the external memory operation.

This line controls the read or the write operation of the
external memory. This output along with the CE output
can be used to produce a pulse to update the external
display. See Figure 6.

These are 8 output lines that carry the external memory
address and tone generator row/column information.

This input conveys the state of the subset. “Off hook”
corresponds to Vg§ condition.

This output is normally high and goes low when the
power supply falls below a certain predetermined value.

These pins are provided to connect external resistors Rj,
RM and capacitor CO to form an R-C oscillator that gen-
erates the time base for the repertory dialer. The output
dialing rate, tone drive rate and IDP are derived from
this time base.

Table 2. Table for Selection of Oscillator Component Values for Desired Dialing Rate, Ipp or Tone Drive Rate

Dial Rate | Osc. Freq.| Oscillator Components . Tone Drive
Desired | fo Ry | B | Cg |_Dial Rate (PPS) IDP (me) On/Off
(PPS) (Hz) (kQ) kQ) (pF) |DRS=Vgg|DRS=Vpp| IPS=Vgg |IPS=Vpp Time (ms)
5.5/11 4400 TBD 5.5 11 1454 727 90/90
6/12 4800 220 6 12 1334 667 83.3/83.3
6.5/13 5200 190 6.5 13 1230 615 777
7114 5600 7 14 1142 571 71/71
7.5/16 6000 1000 300 7.5 15 1066 533 66.7/66.7
8/16 6400 8 16 1000 500 62.5/62.5
8.5/17 6800 TBD 8.5 17 942 471 59/59
9/18 7200 9 18 888 444 55.5/55.5
9.5/19 7600 9.5 19 842 421 ) 52.6/52.6
10/20 8000 110 10 20 800 400 50/50
(£o/800/ fo " f0/800 | fo/400 |6400 x108 |3200 x103| 400 x103/400 x103
(fo/400) fo fo fo fo
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Figure 1. Logic to Eliminate Hait Condition Due to Improper Sequencing.
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Figure 2. SPST Matrix Keyboard Arranged in the 2 of 12 Row, Column Format

oFg
owle

o
I

SPST MATRIX KEYBOARD

Q/ — /nnN< *e
- 140

877285

3.67



AMI | $2562

Figure 3. Logic Interface For the $2562

61 Dy
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KEYBOARD
INPUTS

—D———-‘——‘N’*—c“ $2562

(]

G12 012

877286

G through G172 any CMOS type logic gates.
D1 through D12 DIODES type 1N 914. (Optional)

A valid key closure corresponds to a logic high level on one row and one column

Figure 4. Example of Keypad Entry — Options

R1

R2

OPT!ON FOR 16,_
16 DIGIT NUMBERS
R3

Rq

Rg

Rg

|
877287 OPTION FOR 32, 8 DIGIT NUMBERS

3.68



AMI 2562

Function Pin Designation Input Logic Level Selection
. . Vss (fo/800) pps
Dial Rate Selection DRS Vbp (fo/400) pps
e , Vbb (3200/fo) S ‘
Inter-Digit Pause Selection IPS Vss (6400/fo0) S <
X%
V, Test Mode z g
Test 1 S8 o :
est Input TEST VoD Normal Mode §
. = Vbp On Hook
Hook Switch HS Vss Off hook
- Vss Dial pulse
Mode Selection MODE Vbp Tone Drive*
_ Vss 8 digits
Number Length Selection NLS Voo 16 digits

*For tone mode also set DRS=Vgg, IPS=Vgg and Test=VpD.
Note: fo is the oscillator frequency and is determined as shown in Table 2.

Mute and Dial Pulse Output Timing Relationship

_ . — —
opP i |
| |
i f i
i ' 1 : ! |
:MARK| space | [ :MARK|
o 40+le—50—>| ! i }
i
—] P | :

MUTE _ﬁ J

Mute will reset i) when the number of digits dialed out equals either the number of digits entered or the maximum
selected (8 or 16) or ii) when an access pause is detected.

Figure 5B. Mute and Tone Output Timing Relationship

iwoTe | ’—_I—__—_

ST T, 4B e 41 o
Ag= Ay [~ Tvauo fwvauo]vaun | [ vaun Jiwvauio]
Ag-A; { f

TONE GEN.
ouTPUT I\/\/‘/\/\ /V\/Vl/\——ff
Mute output will reset i) when the number of digits diated out equals the number of digits entered or equals the maximum selec
ted (8 or 16) or ii) when an access pause is detected. In the normal dialing mode when digits are entered one at a time the mute

output will reset between digits provided the time between entered digits exceeds 4%0 . In both the normal dialing or automatic
dialing mode tone will be output for a fixed duration of éfu— {50msec for fo = 8kHa).
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Figure 6. Typical Application of the $2562
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Table 4. Display Codes

(=]
&~

o<
o«
&

(=]
-y

0
1
2
3
4
5
6
7
8
9

Not Used

Not Used

# (Pause)

Not Used

Beginning of Number
Blank

RN [ I [ I g g B R E=1 K= 1 E=1 k=1 E=1=1k=]
alalalalolo|lo|o| == =|mloloclo|o
alw|lolo|=m|w|lolo|lw|wjolo|=|=|ole
—lo|alola|lolw|lo|=m|o|slo]lw|lol=|e
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Features

Specifically Designed for Telephone Line

Powered Applications

CMOS Process Achieves Low Power Operation

8 or 16 Digit Number Capability

(Pin Programmable)

Dial Pulse and Mute Output

Tone Outputs Obtained by Interfacing With

Standard AMI S2559 Tone Generator

Two Selections of Dial Pulse Rate

Two Selections of Inter-Digit Pause

Two Selections of Mark/Space Ratio

Memory Storage of 29 8-Digit Numbers or

16-Digit Numbers with Standard

AMI S5101 RAM

16-Digit Memory for Input Buffering and for

Redial with Access Pause Capability

[J Accepts the Standard Telephone DPCT Keypad
or SPST Switch X-Y Matrix Keyboards; Also
Capable of Logic Interface

[0 Can Use Standard 3x4 or 4x4 Keyboards

O Inexpensive, but Accurate R-C Oscillator Design

0 BCD Output with Update for Single Digit Display

oooo og oo O

O

REPERTORY DIALER

General Description

The S2563 is an improved version of the S2562 repertory
dialer and can replace the S2562 in existing applications
using local power. It is however specifically designed for
applications that will only use telephone line power. To
achieve this following changes were made to the S2562
design.

a. PF output was replaced by a level reset input which
allows the device to be totally powered down in the
on-hook state of the telephone.

b. To reduce power consumption in the associated
S$5101 memory in the standby mode, the interface
was changed so that its CEy input rather than the
the CE; input is controlled by the device.

c. Process was changed to a lower voltage CMOS pro--
cess. Additionally a mark/space selection input
(M/S) was added to allow selection of either 40/60 or
33/67 ratio. Provision was also made to allow the
device to work with a standard 3x4 or 4x4
keyboard.

Data subject to change at any time without notice. These sheets transferred for information only.

Block Diagram

16x4 MEMORY

IP§ O—— 4 BIT
Ms O————— DATA
LATCH

8 BIT BUS

1
2
3
4
osc; RIW CE[] 5 36 ] PN
0SCm O osC s
7
]
9

———
-0 Voo 0, [ 40 [ Voo
<=0 Vs 0 [ 38 [] NLS

O CE 0, (] 38 [ WS
nQ 3PS
AW ] 35 [] ORS
MUTE [ 34 [] MoDE
glAsv;LvonnnA P ] 33[]Rs

L) A 32 []Rs

AEE w g gm

ir= 14 PEPERTORY j %

RAM ADDRESS A2 DALER g [ R,

TONE GENERATOR N E 1 .
[mil] 27 [ RESET

a5 26 ] cs

A (] 16 25 ]Cs

08¢ (] 17 24 ¢,

oscy (] 18 23[7¢,

08¢ (] 19 2[]c

Vs [ 20 26

Pin Configuration
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Absolute Maximum Ratings:

10 03 o) Y |7 - N 6.0V
Operating Supply Voltage Range (VDD —Vgg) « v vueetniriininiiiiiiiiiiiniieiaianinnnen. 2.0V — 55V
Operating Temperature RANge .........cvvuiiiuiniineinreiiieeneeinrinreniesnnesnees —25°Cto +70°C
Storage Temperature Range ...........ocviniiiiiiiiiiii it —40°C to +125°C
Voltageatany Pin ....... .ot e Vgs —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10S€C) ........cueuutiitiinniiiiiiitiriieniontioeeinasioreoineenss 200°C

Electrical Characteristics:
Specifications apply over the operating temperature range unless otherwise specified. Absolute values of measured
parameters are specified.

Symbol | Characteristics Min, Max. Units Conditions
Output Drive
IoLDp ﬁP_Output Sink Current 400 uA Vour=0.4V, Vpp=5V
Ioupp | DP Output Source Current 400 HA Vour=3.6V, Vpp=5V
Iotm MUTE Output Sink Current 400 HA Vour=0.4V, Vpp=5V
Ioum | MUTE Output Source Current 400 HA Voyr=3.6V, Vpp=5V
CMOS to CMOS
VL Logic “0”’ Input Voltage 30% Vpp \4 All inputs
Vin Logic “1” Input Voltage 70% Vpp \ All inputs
VoL Logic “0”” Output Voltage 0.5 v ﬁ:’i’éﬁg‘fs‘;;;?g? MUTE,
Vou Logic “1” Output Voltage 4.5 v All outputs except DP, MUTE,

IO = ].OMA, VDD =5V
Current Levels 1

Ipp Quiescent Current 1.0 HA Standby,Vpp=1.5V
(Data Retention)
- Ipp Operating Current 500 A All valid input combinations, DP,
MUTE, outputs open
VDD =5V
Input Current _ _
Im (keyboard inputs) 10 100 HA Vin=Vpp, Vpp =5V
It1, Ity | Input Current All Other Pins 10 HA Vin=Vgg or Vpp, Vpp =5V
Ioz Output Current in High 10 KA Vpp=5V, Vour=0V data
Impedance State outputs (D1-D4)
10 uA Vpp =5V, Voyr=5V
fo Oscillator Frequency 4 10 kHz Vpp=5V (min. duty cycle 30/70)
Afo/fo Frequency Deviation -3 +3 % Vpp — Vgg from 4.5V to 5.5V.

Fixed R-C oscillator components
50kQ< Ry < 750kD;

1MQ < R < 5MQ*

150pF < Cg 3000pF; 330pF most
desirable value for Cg, fo < 10kHz
over the operating temperature
and unit-unit variations

CiN Input Capacitance, Any Pin 7.5 pF

The device power supply should always be turned on before the input signal sources, and the input signals should be turned off before the power
supply is turned off (Vss <V; <Vpp as a maximum limit). This rule will prevent over-dissipation and posible damage of the input-protection
diode when the device power supply is grounded. Power should be applied to the device in ‘“on hook" condition.
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Functional Description

The S2563 is a CMOS controller designed for storing or
retrieving, normal dialing, redialing or auto dialing and
displaying of one of several telephone numbers. It is
intended to be used with the AMI standard S5101 256x4
RAM that functions as a telephone number storage. A
single S5101 RAM will store up to 29 8-digit or 16 16-digit
telephone numbers. The S2563 can be programmed to
work with either 8-digit or 16-digit numbers by means of
the Number Length Select (NLS) input.

The S2563 uses an inexpensive, but accurate R-C oscilla-
tor as a time base from which the dialing rate and inter-
digit pause duration (IDP) are derived. Different dialing
rates and IDP durations can be implemented by simply
adjusting the oscillator frequency. The dialing rate and
IDP can be further changed by a 2:1 factor by means of
the dialing rate select (DRS) and inter-digit pause select
(IPS} inputs. Thus, for the oscillator frequency of 8kHz,
dialing rates of 10 and 20 pps and IDP’s of 400 and 800ms
can be achieved.

The reset and P/N inputs are used to put the device in var-
ious operating modes. To store numbers in the memory
P/N input must be made high. When low, normal opera-
tions such as dialing, redialing or memory dialing can be
performed. When reset input is high, it overrides and
forces the device in a power down mode. Connections of
the two inputs depend upon the application—local power
or telephone line power. See Table 4 for connection
details.

The S25683 can also operate in the tone mode (MODE =
Vpp). In this mode, it can interface with the AMI stan-
dard S2559 Tone Generator to produce the required
DTMF signals. The tone on/off rate during an auto dial
operation in this mode is derived from the time base. For
the oscillator frequency of 8kHz, a tone drive rate of
50ms on, 50ms off is obtained. Different rates can be
implemented by adjusting the time base as desired. See
Tables 2 and 3 for the various combinations. In the tone
mode, the mute output is used to gate the tone generator
on and off. The 8 address lines that are normally used for
addressing the RAM are also used to address the tone
generator row, column inputs. Figure 6 shows a typical
system application.

The S2563 operates in the following modes:

Normal Dialing

The user enters the desired number digits through the
keyboard after entering the normal mode. Dial pulsing
starts as soon as the first digit is entered. The entered
digits are stored sequentially in the internal memory.
Since the device is designed in a FIFO arrangement,

digits can be entered at a rate considerably faster than
the output rate. Digits can be entered approximately once
every 50ms while the dialing rate may vary from 7 to 20
pps. Debouncing is provided on the keyboard entries to
avoid false entries. The number entered is retained for
future redial. Pauses may be entered when required in the
dial sequence by pressing the “P” key, which provides
access pauses for future redial. Any number of access
pauses may be entered as long as the total entries do not
exceed the total number of digits (8 or 16). An update
pulse is generated to update the display digit as a new en-
try is made.

Redialing

The last number entered is retained in the internal
memory and can be redialed by going in the normal mode
and depressing the “redial” (RL) key. The RL keys are at
locations (Rj, Cg) and (R3, C4). The number being redialed
out is displayed as it is dialed out.

In the tone mode, the redial tone drive rate depends upon
the time base as discussed before.

Storing of a Normally Dialed or Redialed Number into
the External Memory

After the normal dialing or redialing operation, the tele-
phone number can be stored in the external memory for
future repertory dialing use by initiating the following
key sequence.

1. Push “store” (ST) button.

2. Depress the single digit key corresponding to the
desired address location.

Note that the “ST"" keys are at locations (Rs, C;) and (R,
Cy).

Repertory Dialing

This is the most common mode of usage and allows the
user to dial automatically any number stored in the mem-
ory. This mode is initiated by the following key sequence
after entering the normal mode.

1. Push the “ML” key.

2. Push the single digit key corresponding to the desired
address location.

The number is displayed as it is dialed out. In the tone
mode, the tone driver rate is dependent on the time base
as described earlier.

Pause
Note that the out dialing in the repertory or redial opera-
tion continues unless an access pause is detected. The

outpulsing will stop and resume only when the user termi-
nates the access pause by pushing the “ML" key again.
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Program Modes (P/N=high, Reset=low)

Storing of a Telephone Number
into the External Memory

During the store operation no out-dialing occurs. A
telephone number can be stored in the desired address
location by initiating the following key sequence.

1. Push the “ML” key (This instructs the device to
accept a new number for storage into the internal
memory.)

2. Enter the digits (including any access pauses) corres-
ponding to the desired number. Digits will be dis-
played as they are entered.

3. Push the “ST" key.

4. Push the single digit key corresponding to the desired
address location.

The entire sequence can be repeated to store as many
numbers as desired. However, any memory locations not
addressed with a telephone number ‘“‘store” operation
must be addressed with the following sequence.

1. Push the “ML" key.

2. Push the “ST” key.

3. Push the single digit key corresponding to the first
unused memory location.

4. Push the “ST” key.

5. Push the single digit key corresponding to the next
unused memory location.

Steps 4 and 5 are repeated until all remaining memory
loccations have been addressed.

It should be noted that accessing all memory locations is
required only for initial system set-up. This insures that
no memory location will contain invalid data from
memory power-up induced data and that location was ad-
dressed by the S2563, the S2563 would enter a ‘“Halt”
state and cease its normal program activities. To exit
from this condition it is necessary to apply a momentary
reset signal or toggle the P/N input.

Memory Expansion

The memory can be expanded by paralleling additional
S$5101 RAM’s. External logic must be used to enable the
desired RAM corresponding to a desired address loca-
tion. The S2563 can drive up to 2 RAM’s without the
need of buffering address and data lines.

Keybounce Protection

When a key closure is detected by the S2563, an internal
timeout (4ms at fo=8kHz) is started. Any transitions
that occur during this timeout will reset the timer to zero
so that a key will only be accepted as valid after a noise
free timeout period. The key must remain closed for an
additional 16ms before released. Thus, the total make
time of the key must be at least 20ms. The key must be
released for at least 1ms before a new key is activated.
Any transitions occurring when the key is released are ig-
nored as long as the make time does not exceed 4ms.

Keyboard Entry Options

Figure 4 shows various options for arrangement of a
keyboard for dialing of up to 29-8 digit or 15-16 digit
numbers. A single S5101 memory is sufficient for
number storage in the basic scheme.

Application Examples

Figures 6 and 8 respectively show the typical hookup
schematics for the local power and telephone line power
applications. Since power is available in the on-hook
state of the telephone, store and display operations can
be performed in this state for the local power application.
In the telephone line power application, however, the
device is put in the power-down mode to meet the on
hook telephone leakage current specifications (54A max).
Store operation is performed in the off hook state by
either storing the number after it is dialed out or by put-
ting the device in the program mode by using a Prog/
Norm switch. In this mode numbers can be stored with-
out actually dialing them.
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Table 1. Pin/Function Descriptions

Pin

Number

Function

Power (Vpp, Vgs)

Keyboard (R,-Rg, C;-Cg)

Number Length Select (NLS)
Mode Select (MODE)
Dial Rate Select (DRS)

Inter-Digit Pause Select (IPS)

Mark/Space Ratio Select (M/S)

Mute Output (MUTE)

Dial Pulse Output (DP)

Display Memory I/0O Data (D;-D,)

Memory Enable (CE)

Memory Read/Write (R/W)

Tone Generator/Memory Address
(Ag-Aq)

Program/Normal (P/N)

Reset

Oscillator (OSCj, OSCpy,, OSCop)

2

12

40

These are the power supply inputs. The device is designed to operate
from 1.5V to 5.0V.

These are 6 row and 6 column inputs from the keyboard contacts.
When a key is pushed, an appropriate row and column input must go
to Vpp or connect to each other. Figures 1 and 2 depict the standard
telephone DPCT and X-Y matrix keyboard arrangements that can
be used. A logic, interface is also possible as shown in Figure 3.
Debouncing is provided to avoid false entry. Key pad entry options
are shown in Figure 4.

This permits programming of the device to accept either 8-digit
numbers or 16-digit numbers.

This input allows the use of the device in either dial pulsing applica-
tions or tone drive applications.

This input allows selection of two different dialing rates such as 10 or
20 pps, 7 or 14 pps, etc. See Tables 2 and 3.

This allows selection of the pause duration that exists between dialed
digits. It is programmed according to the truth table shown in Table
3. Note that preceeding the first dialed digit is an inter-digit time
equal to the selected IDP. Two pause durations, either 400ms or
800ms are available at dialing rates of 10 and 20 pps. IDP’s cor-
responding to other dialing rates can be determined from Tables 2
and 3.

This input allows selection of two mark/space ratios. High (Vpp)
level selects 40/60 and low (Vgg) level selects 33/67.

A pulse is available that can provide drive to turn on an external
transistor to mute the receiver during dial pulsing. See Figure 5 for
mute and dial pulse output relationship. It is also used as a keyboard
disable in the tone drive applications. See Figure 6.

Output drive is provided to turn on a transistor at the dial
pulse rate. This output will be normally high and go low during
“space” or ‘‘break.”

These are 4 bidirectional pins for inputting and outputting data to
the external memory and display driver.

This line controls the external memory read/write functions in power
down mode. It should be connected to the CE, input of the S5101
memory.

This line controls the read or the write operation of the external mem-
ory. This output along with the CE output can be used to produce a
pulse to update the external display. See Figure 6.

These are 8 output lines that carry the external memory address and
tone generator row/column information.

This input selects the operating mode. When high (Vpp) it puts the
device in the program mode and numbers can be stored into memory.
When low (Vgg) it allows normal operations.

This is a level reset input. When high (Vpp) the chip is forced into a
power down mode.

These pins are provided to connect external resistors Ry, Ry and
capacitor Cq to form an R-C oscillator that generates the time base
for the repertory dialer. The output dialing rate, tone drive rate and
IDP are derived from this time base.
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Table 2. Table for Selection of Oscillator Component Values for Desired Dialing Rate, Ipp or Tone Drive Rate

Dial Rate | Osc. Freq. Oscillator Components . Tone Drive
Desired P ®) . Co Dial Rate (PPS) IDP (ms) On/Off
(PPS) {Hz) kQ) (kS2) (pF) |DRS=Vg[DRS=Vp, | IPS=Vgq | IPS=Vpy) Time (ms)
5.5/11 4400 TBD 5.5 11 1454 727 90/90
6/12 4800 220 6 12 1334 667 83.3/83.3
6.5/13 5200 190 6.5 13 1230 615 777
7/14 5600 7 14 1142 571 71/71
7.5/15 6000 1000 300 1.5 15 1066 533 66.7/66.7
8/16 6400 8 16 1000 500 62.5/62.5
8.5/17 6800 TBD 8.5 17 942 471 59/59
9/18 7200 9 18 888 444 55.5/65.5
9.5/19 7600 9.5 19 842 421 52.6/52.6
10/20 8000 110 10 20 865 405 54/55.5
(o/800/ fo f0/800 | f0/400 |6400 x103 | 3200 x103 400 x109/400 x10°
(fo/400) fo fo fo fo

3.76



AMIL | $2563

Figure 1. Standard Telephone Pushbutton Keyboard
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Figure 2. SPST Matrix Keyboard Arranged in the 2 of 12 Row, Column Format
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Figure 3. Logic Interface For The S2563
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G1 through G172 any CMOS type logic gates.

Ce

D1 through D12 DIODES type 1N 914. (Gptional)

A valid key closure corresponds 10 a logic high level on one row and one column

Figure 4. Example of Keypad Entry— Options
A. Using a Full Keyboard Provides Storage for
29-8 Digit Numbers
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Figure 4B. Using a 4x4 Keyboard Provides
Storage for 15-16 Digit Numbers
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Table 3
Function Pin Designation Input Logic Level Selection
) : Vss (fo/800) pps
Dial Rate Selection DRS Voo (10/400) pps
i . Voo (3200/f0) S
Inter-Digit Pause Selection IPS Vs (6400/f0) S '
<C
e
) . Vss 33/67 E3
Mark/Space Ratio Selection M/S Voo 40/60 §
o
(&)
P — Vi Program
p DD
rogram/Normal P/N Vs Normal
Mode Selection MODE Vss Dial pu.!se*
Voo Tone Drive
. VSS 8 digitS
Number Length Selection NLS Voo 16 digits
Reset Reset Vss Normal Operation
Voo Power Down

*For tone mode also set DRS = Vg,

IPS = Vgg and M/S = Vyp.

Note: fo is the oscillator frequency and is determined as shown in Table 2.

DP

—_—]

i

1bP

Figure 5A. Mute and Dial Pulse Output Timing Relationship

—

I

I i d
| | | ] |
IMARK | SPACE | T MARK |
it : |

le—

—

MUTE I

MUTE

Ag— A3
A5 - A7
TONE GEN.
ouTPUT

Mute will reset i) when the number of digits dialed out equals either the number of digits entered or the maximum
selected (8 or 16) or it) when an access pause is detected.

Figure 5B. Mute and Tone Output Timing Relationship

"—M““_'T:A“_’!r—

I VALID IINVAUDI
]

Hg g e e A

I ]VALID lINVALIDI VALID

S

PENN

3 VN 1Y PR 1,

Mute output will reset 1) when the number of digits dialed out equals the number of digits entered or equals the maximum selec-
ted {8 or 16) or i) when an access pause is detected. In the normal dialing mode when digits are entered one at a ime the mute
output will reset between digits provided the time between entered digits exceeds 5'0—‘ In both the normal dialing or automatic
dialing mode tane will be output for a fixed duration of 47%0 {50msec for fo = 8kHz).
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Table 4. Connection Table for Different Applications

Application Pin Connect to: (See figure below)
Telephone Line Power P/N Program/Normal Switch
Reset Hook Switch
0On Hook = VDD
0ff Hook = Vgg
Local Power P/N Hook Switch
On Hook = Program Mode (Vpp)
0ff Hook = Normal Mode (Vss)
Reset Hook Switch

Power on reset circuit applying a momentary high
level on power up or permanently connect to Vgg

100kQ

v__

HOOKSWITCH

Figure 6A. Local Power

V+ V-

AuF —l-
i

27

3
40 20

¥

470k |

36

l_o\F

v_

Voo Vs

RESET

§2563

PIN

Figure 6B. Telephone Line Power

v+ V-
V+o Ln Lu
HOOK SWITCH 3 470K Voo Vss
‘P
R 271 peser
S2
v
v+
$2563
470K :
Y
o PiN
PROGRAM SWITCH
(OPEN TO PROGRAM,
NORMALLY CLOSED)
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Figure 7. Typical Application of the §2563
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Table 5. Display Codes

Value Stored in Memory Digit Value Value Stored in Memory
Dy D D, Dy Dy D3 D, D
c 0 0 0 0 1 0 1 0
0 0 0 1 1 0 0 0o 1
0 0 1 0 2 0 0 1 0
0 0 1 1 3 0 0 1 1
0 1 0 0 4 0 1 0 0
0 1 0 1 5 0 1 0o 1
0 1 1 0 6 0 1 1 0
0 1 1 1 7 0 1 1 1
1 0 0 O 8 1 0 0 O
1 0 0 1 9 1 0 0 1
1 0 1 0 Not Used 0 0 0 0
1 0 1 1 Not Used 0 0 0 0
1 1 0 0 # (Pause) 1 1 0 0
1 1 0 1 Not Used o 0 0 o0
1 1 1 0 Beginning of Number 0 0 0 0
1 1 1 1 Blank 0 0 0 0

Table 6. Operating Sequences

1.

NORMAL DIALING

P/N—NORM, , -

ENTERING ACCESS PAUSE

ACCESS PAUSE ENTERED BY PUSHING El DURING NORMAL DIALING
STORING OF A NUMBER AFTER DIALING

P/N—NORM, --- —WAIT FOR DIALING TO COMPLETE— ,

REDIALING

P/N~>NORM,

OVERRIDING ACCESS PAUSE

ACCESS PAUSE IS OVERRIDEN BY PUSHING E‘ TO CONTINUE FURTHER DIALING DURING A REPERTORY OR REDIALING SEQUENCE.
REPERTORY DIALING

P/N—>NORM, IE @

CASCADING NUMBERS IN REPERTORY DIALING

P/N—NORM, E‘ , —WAIT FOR DIALING TO COMPLETE— @ , IE — etc.

STORING OF NUMBERS IN MEMORY

P/N~>PROG, [Wt] . = o] 7] [eos] o [ w[a] (5] [og —ete
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NOTES:

1) Function keys E’ . . E . E] and E] also designate memory locations 15, 14, 12, 13 and 11 respectively. Number can be

stored in these locations by using the function keys as address keys in the appropriate sequence. To store a number in loc. 15 for example

this sequence can be used P/N—PROG, E] , , .

Similarly to dial a number stored in loc. 15 the following sequence can be used

P/N—NORM, E] . Lu_ﬂ

Table 7. S2563 Memory Allocation

8 DIGIT MODE

16 DIGIT MODE

LOC. ROW COL. MEM. ADDR. (HEX) MEM. ADDR. (HEX)
Dl.. e ] DY... o

1 R1 C1 OF .. .. 08 1P 10
2 R1 C2 17 10 2F 20
3 R1 C3 1P 18 F 30
4 R2 C1 27 20 AaF 40
5 R2 G2 2F 28 5F 50
6 R2 C3 37 30 B6F 60
7 R3 C1 B 38 F 70
8 R3 C2 47 40 8F 80
9 R3 C3 aF 48 9F 90
10 R4 C2 57 50 AF AO
" R4 C3 5F 58 BF ... B0
12 R2 C4 67 ... 60 CF co
13 R4 C1 BF ... 68 DF Do
14 R3 C4 7 70 EF EO
15 R4 C4 4 S 77 FE FO
16 R5 C4 87 80 OF .o 00
17 R1 C5 8F 88

18 R2 C5 97 90

19 R3 C5 9F 98

20 R4 C5 A7 A0

21 R5 C5 AF A8

22 R1 C6 B7 BO

23 R2 C6 BF ... B8

24 R3 C6 C7 co

25 R4 C6 CF .. C8

26 R5 C6 D7 DO

27 R6 C1 DF D8

28 R6 c2 E7 EO

29 R6 C3 EF E8
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Figure 8A.
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17] I
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STORE INTO MEMORY
8 DIGIT MODE
LOCATION 1 DATA=1
Figure 8B.
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1 ¥
A7t : ' |
Ag L : X !
As | ! | !
As L : T !
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RECALL FROM MEMORY
8 DIGIT MODE
LOCATION 1
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Figure 8C.
- | !
My I : I,
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Do [ 1 : J 1
1 |
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AS L 1 I {
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A3 .—J' | |
Az [ 1 [ 1 I :
| | :
- M e e
A4 | | |
Ap—— ey
0 | | |
[ |

RECALL FROM MEMORY
16 DIGIT MODE
LOCATION 1

Figure 9. Typical Telephone Line Powered Repertory Dialer
(Number Stored Offhook After Dialing is Completed)
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By = 150K2
“— s ]s|s]|r Q ;D = 14004
0= 1M914
2y =110V Zener or 2X 1N4758
178 s |m 7=33

0,0, = 205401
0,0 = 2H5550

NOTE: TO STORE NUMBERS WITHOUT FIRST DIALING. INCORPORATE
A PROGRAM SWITCH AS SHOWN IN FISURE 68B.

Ry = 110K
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ADVANCED PRODUCT DESCRIPTION
RTDS2811

AMERICAN MICROSYSTEMS, INC.

Features

[J Provides Real-time (20MHz) Interactive Emulation
for the AMI S2811 Signal Processing Peripheral

]

Totally Self Contained (Internal Supply and Resident
Software)

] Simple Interconnect Via RS232 to Port Users
Terminal

(]

Full Software Capability Including Assembler and
Editor

General Description

The RTDS2811 is a real-time in-circuit emulator for the
AMI S2811 Signal Processing Peripheral (SPP). For
information on the SPP chip please refer to the S2811 Ad-
vanced Product Description. The emulator is controlled
from the user’s terminal via the RS232 port at data rates
up to 1200 bits/sec. The resident software package allows
the user to load and assemble programs written in SPP
Assembly language either from files or directly from the
keyboard. The editor allows these programs to be modi-
fied by changing, inserting, or deleting instructions. The
contents of the data memory may similarly be loaded
from a file or created on-line and modified from the key-
board. Software switches control the interfaces to the
emulator during emulation, allowing the system to be us-
ed as an in-circuit emulator in the user’s prototype sys-
tem, or to use the resident 6800 based microcomputer to

REAL-TIME DEVELOPMENT SYSTEM

[] In-Circuit Emulation Capability (Free Running with
Breakpoints or Step-by-Step)

Internal 6800 Based Microcomputer May be Used as
Host Processor for S2811 Under Emulation

[0 Software Compatible with Software Simulator/
Assembler Program Package (SSPP2811)

operate as the host system. In the latter mode the system
can be totally self-contained using file based I/O, elimi-
nating the need to provide separate hardware for some
phases of the emulation process. The system can be set to
run continuously, conditionally, or step-by-step. In the
conditional mode the system can be set to halt at break-
points or on major flags (input, output, and overflow). The
complete status of the system is displayed each time exe-
cution is halted, including in the step-by-step mode. Pro-
grams and memory maps created using the emulator can
be used to generate the ROM mask for the S2811 by
AMI.

Software generated by the RTDS2811 is totally compat-
ible with the SSPP2811 Software Simulator/Assembler
Program Package, allowing files to be transferred from
one system to the other without modification.
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ADVANCED PRODUCT DESCRIPTION
SSPP2811

Features

U Provides Exact Simulation of Operation of AMI
S2811 Signal Processing Peripheral

[J Written in ANSI Fortran IV for Maximum
Portability

[J Runs on Any 16-Bit or Larger Computer With 28K
Memory and Fortran IV Compiler

0 Available Internationally on National CSS Time-
sharing Service

General Description

The SSPP2811 is a software simulator for the AMI S2811
Signal Processing Peripheral (SPP). For information on
the SPP chip please refer to the S2811 Advanced Product
Description. The program is written in ANSI Standard
Fortran for maximum portability. The machine specific
software is reduced to a minimum and is available for
several popular ranges of computers including Burroughs
7700, PRIME 400, and Amdahl 470 (IBM compatible).
Experienced Fortran programmers will have no difficulty
in writing these small routines for other machines. As well
as being available in source code form on magnetic tape,
the program is available already implanted on the
National CSS, Inc. Timesharing Service. For information
on the NCSS system please contact your local NCSS
office.

The SSPP2811 package allows the user to simulate the
operation of the S2811 chip either in a step mode or free
running, with or without breakpoints. Data I/O for the
simulation may be provided by means of files or directly

SOFTWARE SIMULATOR/ASSEMBLER
PROGRAM PACKAGE

O Allows Continuous or Step-by-Step Operation
00 Allows Setting of Breakpoints on All Major Flags

[0 Trace Buffer Allows Storage and Display of Status
of Previous 50 Instructions During Continuous
Operation

0 Software Compatible with Real-Time Development
System (RTDS2811)

from the terminal. An assembler allows the user to input
the SPP program (in SPP Assembly Language) and the
memory data either from a file or from the keyboard. The
assembly listing may be dumped to file which can then be
used to generate the ROM mask for the S2811 by AMI.
During simulation a trace buffer may be used to store the
last 50 (maximum) instructions executed. This greatly
facilitates continuous simulation in conjunction with the
breakpoints which may be set on (1) any individual
instruction (2) the input flag (3) the output flag (4) over-
flow in the accumulator. The trace feature, either using
the trace buffer or in the step-by-step mode, gives the user
the complete status of the simulation, including the last
instruction executed and the conditions of all internal
registers, counters, latches, and busses.

Software generated by the SSPP2811 is totally compati-
ble with the RTDS2811 Real-Time Development System,
allowing files to be transferred from one system to the
other without modification.
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ADVANCED PRODUCT DESCRIPTION
S28211A/B

Features

Single-Chip Programmable Digital Signal
Processor .
May Be Customized (ROM Programmed) With
Customer Generated Routines
Self-Emulation Capability
Standard Preprogrammed Processors Available
Fetch/Multiply/Add/Store Cycle
512 Word X 18 Bit Instruction Memory
Unique Three Port Data Memory

256 X 16 RAM/128 X 16 ROM
12 X 12 Pipelined Multiplier With 16 Bit Product
16 Bit Accumulator With Overflow Detect/Protect
Double Buffered Asynchronous Serial 1/0 Port
uP-Compatible I/0O Port i.e. 6800 (A Version),
8080 (B Version), etc.

oooo gooog o o a

SIGNAL PROCESSING
PERIPHERAL

General Description

The S28211 is a single-chip microcomputer which has
been optimized to execute digital signal processing algo-
rithms commonly used in applications such as telecom-
munications speech processing, industrial process control
instrumentation, etc. It may be used as a stand alone unit,
or may be operated as a peripheral in a microprocessor
based system. The latter configuration allows arrays of
S28211s to be used together for increased processing
throughput. The S28211's multi-bus, pipelined architec-
ture and powerful multi-operation instructions make it
possible to write very compact algorithms. This allows
the available memory to be used efficiently and increases
the execution speed of a given algorithm. The 828211
may be customized with user generated algorithms (Fac-
tory ROM Programmed). A selection of support tools

Simplified Block Diagram

Pin Configuration
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T
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(Assembler, Simulator, Real-time Emulator) are available
for this task. In addition, a family of pre-programmed
S28211s are available for standard applications.

Functional Description

The main functional elements of the S28211 (see Block
Diagram) are: :

1. a 512 X 18 ROM which contains the user program.

2. a 3-port 384 X 16 data memory (one input and two
output ports) which allows simultaneous readout of
two words.

3. a 12-bit X 12-bit high-speed parallel multiplier with
16-bit rounded product.

4. an Arithmetic/Logic Unit (ALU).

5. 1/0 and control circuits.

The S28211 is implemented in a combination of clocked
and static logic which allows complete overlap of the
multiply operation with the read, accumulate, and write
operations. The basic instruction cycle is Read, Modify,
Write, where the “Read” brings the operands from the
data memory to the multiplier and/or the ALU, the
“modify”’ operates on those operands and/or the product
-of the previous operands, and the “Write”’ stores the
result of the “Modify.”” The cycle time for the instruction
is 300 nanoseconds. This results in an arithmetic
throughput of about 3.3 multiply and accumulate opera-
tions per microsecond.

The S28211 is intended to be used as a microprocessor
peripheral. The S28211 control interface is directly com-
patible with the 6800 microprocessor bus (A version) or
8080/8085/Z80 microprocessor bus (B version), but can be
adapted to other 8-bit microprocessors with the addition
of a few MSI packages.

Operating in a microprocessor system, the $S28211 can be
viewed as a ‘“hardware subroutine” module. The micro-
processor can call up a “subroutine” by giving a com-
mand to the S28211. A powerful instruction set (includ-
ing conditional branching and one level of subroutine)
permits the S28211 to function independently of the
microprocessor once the initial command is given. The
528211 will interrupt the microprocessor upon comple-
tion of its task. The microprocessor is free to perform
other operations in the interim.

The S28211 contains a high-speed serial port for direct
interface to an analog-to-digital (A/D) converter. In many
applications, real-time processing of sampled analog data
can be performed within the S28211 without tying up the
main microprocessor. Data transfer to the microproces-
sor occurs upon completion of the S28211 processing.

Separate input and output registers exchange data with
the S28211 data ports. Serial interface logic optionally
converts the parallel 2's complement data to serial 2’s
complement or sign + magnitude format. Data format
and source (serial or parallel port) is software selectable.

The S28211 is a memory-mapped peripheral, occupying
16 locations of the microprocessor memory space. Select-
ing the correct S28211 address will activate the corres-
ponding control mode.

The control modes and the LIBL instruction enable real-
time modification of the S28211 programs. This permits
a single S28211 program to be used in several different
applications. For example, an S28211 might be program-
med as a ‘‘universal’’ digital filter, with cutoff frequency,
filter order, and data source (serial or parallel port)
selected at execution time by the control microprocessor.

3.89
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 AMERICAN MICROSYSTEMS, INC.

Please note: the S2814A has been replaced with the S28214
which is an NMOS direct pin for pin electrical and functional
replacement for the S2814A.

S2814A

Features

O

O

|

Based on AMI’s Signal Processing Peripheral
Chip (S2811)

Performs 32 Complex Point Forward or Inverse

FFT in 1.3msec, Using Decimation in Frequency
(DIF)

Transform Expandable either by Using Multiple
S2814As (for Minimum Processing Time) or by a
Single S2814A (for Minimum Hardware)
Operates with any 8 or 16 Bit Microprocessor,
including S6800 and S9900. Optional DMA Con-
troller Increases Speed

All Data 1/0 Carried Out on Microprocessor Data
Bus

Basic Resolution of 57dB. Optional Conditional
Array Scaling (CAS) Routine Increases Dynamic
Range to 70dB

Optional Windowing Routine Incorporated to
Permit Use of Arbitrary Weighting Function
Coefficient Generation On Chip, with Rotation
Algorithm for Transform Expansion up to 512
Points

Optional Power Spectrum Computation

FAST FOURIER TRANSFORMER

General Description

The AMI S2814A Fast Fourier Transformer is a pre-
programmed version of the S2811 Signal Processing
Peripheral. For further information on the internal
operation of the S2811, please refer to the S2811 Ad-
vanced Product Description. It calculates FFTs and
IFFTs using a decimation in frequency (DIF) techni-
que for minimum distortion. The S2814A calculates a
32 complex point FFT using internally generated coef-
ficients in a single pass. A coefficient rotation
algorithm allows larger FFTs to be implemented (in
blocks of 32 points). This implementation may be car-
ried out by successive passes of the data through the
two main routines in the S2814A, allowing larger
transforms to be carried out with a single S2814A.
Alternatively, an array of S2814As may be used to in-
crease the transformation speed by parallel processing.

The word length used in the S2814A gives the trans-
formed data a resolution of up to 57dB, but the total
dynamic range can be increased up to 70dB by using
the Conditional Array Scaling (CAS) routine incor-
porated.

The S2814A is intended to be used in a microprocessor
system (see Block Diagram), using an 8 or 16 bit micro-
processor, ROM, RAM and an optional DMA Control-
ler or Address Generator. The S2814A is used as a

Block Diagram: Minimum System Configuration Pin Configuration
"]
pro—- Eim ] 28 [ Vec
MPU e 2 27 [] SEN
aniz OJ
™ "o <:><__ EXACK (] 3 26 [ sicx
S ) B[] 4 25 [ socK
» T n s 24 [] SOEN
MHz ;] 6 2380
i S
| stsF1T4A <: ) b O] 7 S28214 35 ose,
2 2 o] s SPPo21[Jesc,
1\ @ = @ ] o i
5 Ds (] 10 19 [k
56846 <: A Bk
ROM-V0-TIMER (WR) RW [ 12 7R
ina 13 16 [ ST
——} l Vss (] 14 15 [ E (RD)
NOTE:
T0 U0 CIRCUITRY, e.g. ADC & DAC TS APPLY
ONLY FOR B VERSION
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memory mapped peripheral, and should be assigned a
block of 16 addresses. It is used as a ‘‘hardware
subroutine’’ function. The microprocessor controls the
flow of data, including I/O, and calls the routines in the
S2814A to cause the FFT to be executed. The S2814A
responds to the microprocessor with the TRQ line when
the processing of each routine is completed. In the case
of a 32 point transform this signifies the completion of
the transform, and in larger transforms it signifies
that the microprocessor should unload the output
data, load the next input data and call the next routine
to be executed. The data is stored externally in RAM.
Input data to be transformed is loaded into displace-

Absolute Maximum Ratings

ments 0 and 1 of the S2814A data memory. At the end
of the FFT routine output data overwrites the input
data. If power spectrum flag (PSF) is set, the S2814A
computes the sum of the squares of the real and ima-
ginary components of the output data and places the
result in displacement 3 of the data memory. Both
complex FFT data and power spectrum data are thus
available. Windowing weights may be loaded into the
S2814A prior to processing if the windowing routine is
to be used. A 6800 compatible source listing of a
suitable control program is available to the S2814A
user at no charge. This control program will also be
made available as a mask programmed ROM.

Supply Voltage .........covvviieivininieennnnnnnns
Operating Temperature Range .......................
Storage Temperature Range .........................
VoltageatanyPin ...................oiiiiiiiat,
Lead Temperature (soldering, 10sec.) .................

7.0VDC
0°Cto +70°C
—55°C to +125°C
Vgg —0.3 to V¢ +0.3V

........................................... 200°C

Electrical Specifications (Vo =5.0V£5%; Vgg=0V, T =0°C to 70°C unless otherwise specified)

Symbol Parameter Min. Typ. Max. Units Conditions
Vig Input High Logic “1’’ Voltage 2.0 Vee+0.3 v Vee=5.0V
ViL Input LOW Logic ‘0"’ Voltage —0.3 0.8 v Vce=5.0V
Iin Input Logic Leakage Current 1.0 2.5 uA Vin=0V to 5.25V
Ct Input Capacitance 7.5 pF
Vou Output HIGH Voltage 2.4 A" ILoap =‘_ 10044,
Vo =min, C;,=30pF
VoL  Output LOW Voltage 0.4 A ILoap = 1.6mA,
Vee=min, C;,=30pF
foLk Maximum Clock Frequency MHz  Vg=5.0V
(max) S2814A-10 10
S2814A-12 12
S2814A-15 15
S2814A 20
Pp Power Dissipation 1.2 w Vee=5.0V
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S$2814A Pin Functions/Descriptions

Function

(Input/Output) Bi-directional 8-bit data bus. Data is Two’s Complement coded.
(Input) Control Function bus. Four Microprocessor address lines (typically Ay-Ag) are

(Input) Interface Enable. A low level on this line enables data transfer on the data bus
and control functions on the F-bus. Usually generated by microprocessor address

(Input) Read/write select. When HIGH, output data from the S2814A may be read, and
(Output) Interrupt Request. This open drain output goes low when the S2814A has

(Input) When LOW all registers and counters will be cleared, including the program

Oscillator input and output. For normal operation a crystal is connected bet- ween
these pins to generate the internal clock signals. Alternatively, an external square wave
signal may be connected to OSC, pin with OSC; pin left open. All timings shown in this

Pin Number
Doy-D; 411
Fy-Fy 20-17
used to control the S2814A.
IE 15
decode logic.
RW 12
when LOW data may be written into the S2814.
IRQ 13
completed the execution of a routine and output data is available.
RST 16
counter, and all control functions cleared.
OSC;, 0SC, 22,21
Product Description assume a 20MHz clock frequency.
Vee 28 Positive power supply connection.
Vss 14

Negative power supply connection. Normally connected to ground.

In addition to the above, pins 23-27 and 1 are connected internally. They should all be tied to Vgg during normal

operation. Do not make connections to pins 2 and 3.

Functional Description

The S2814A is a pre-programmed version of AMI’s
S2811 Signal Processing Peripheral. This is a high
speed microcomputer organized for efficient signal pro-
cessing and contains a data memory, instruction
memory, an arithmetic unit incorporating a 12-bit
parallel multiplier, as well as control registers and
counters. For more detailed information about the
chip, please refer to the S2811 Advanced Product
Description.

The S2814A Instruction ROM contains the various
routines which make up the FFT package. The rou-

tines together with their starting addresses in the In-
struction ROM, are shown in Table 1A.

The Data ROM contains the coefficients required to
execute the functions. 128 words of Data RAM are pro-
vided to hold the 32 point complex signal data during
processing as well as the power spectrum of the output
and various other parameters, including the total
number of points in the desired transform. The
memory is organized as a 32x4 matrix, with the data
arranged in columns, as shown in Table 1B.
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Table 1: Software Model of S2814A

A. Routine Locations in Instruction Memory

C. Control Functions

B. Data Memory Map
(Note: Address [Base AB, Displacement C) is written as

LOC (HEX) FUNCTION ABO)
00 IDLE STATE
—— DISPLACEMENT| 0 | 1 2 3 4.5 6 1
01 ENTRY PT. “INIT"* ROUTINE Base 00lx Th | awom | &
04 ENTRY PT. “'FFT32"" ROUTINE 01 =] ASTEP COEFFICIENT
03 ENTRY PT. ‘COMPAS'" ROUTINE 02 \@l g M ES
B ks 03[ [Z|| | soN zo ROM
EA ENTRY PT. “'SCALE™" ROUTINE oa |E[| | casen Hz
DC | ENTRY PT. “WINDOW ROUTINE o5 [2| «| PsF g2
y 06 | =|]| | scour TEN
E4 ENTRY PT. “'CONJUG'" ROUTINE =3 )
. e
MEE g3
I g8
L] = 3
o =
1F| Y Y ]

D. Input and Output Registers

F-BUS 15 87 0
(HEX)  MNEMONIC FUNCTION 5UR S
1 | Rst RESETS CHIP (MSBYTE) (LSBYTE) INPUT REGISTER
2 | DUH SELECTS MSBYTE
3 | DLH SELECTS LSBYTE 15 87 0
4 | XeQ STARTS EXECUTION R LA
9 BLK SELECTS BLOCK MODE (MSBYTE) (LSBYTE) OUTPUT REGISTER

CODE IS TWO'S COMPLEMENT.

Initial Set-Up Procedure

After power up, the RST line should be held low for a
minimum of 1 instruction cycle. If this line is connected
to the reset line of the microprocessor this condition will
be met easily. This will clear the Base and Index
Registers, which are used for memory addressing, the
Loop Counter and the Program Counter. Address zero in
the Instruction ROM contains a Jump to Zero instruc-
tion, and thus the S2814A will remain in an idle state
after being reset. Every routine in the memory is also ter-
minated with a Jump to Zero instruction, and thus the
S2814A will also remain in this same idle state after the
the execution of each routine. The TRQ line will signal
this condition each time, except after the initial reset and
after execution of the INIT routine.

The Control Functions

The S2814A is controlled by the host microprocessor by
means of the F-bus, Interface Enable (IE) and the Read-
Write (R/W) lines. It should be connected to the host pro-
cessor as a memory mapped peripheral as shown in
Figure 1.

The 12 most significant address lines decode a group of
16 addresses to activate the IE line each time an address
in the group is called, and the S2814A is controlled by
reading to or writing from those addresses. Only 5 of
these addresses are used as described in Table 2.
Throughout this Product Description these addresses
will be referred to as HHHX (X=0-F).
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Figure 1. Connection of S2814A as a Memory Mapped Peripheral

1RO |- IRQ
W T »{ niw
Do Do
. 0:7 DATA BUS Angssgg <:> 0
WP. DECOD
‘ : S2814A
seao2 Ao EG. PIA H
: » i
A1s
Ag Fo
ADDRESS BUS j :
A3 Fa

TO MEMORY AND OTHER PERIPHERALS.

Table 2: S2814A Control Functions

F-BUS TYPE OF
MNEMONIC HEX DATA | OPERATION | FUNCTION
RST 1 XX READ/ CLEARS ALL REGISTERS. STARTS PROGRAM EXECUTION AT LOCATION 00. THIS IS
WRITE THE IDLE STATE. THIS INSTRUCTION SHOULD PRECEDE BLOCK READ, BLOCK WRITE
AND EXECUTE COMMANDS.
DUH 2 HH READ/ READS FROM OR WRITES INTO S2814A THE UPPER HALF OF THE DATA WORD. (SEE
WRITE TABLE 1.D.)
DLH 3 HH READ/ READS FROM OR WRITES INTO S2814A THE LOWER HALF OF THE DATA WORD. (SEE
WRITE TABLE 1.D)
XEQ 4 HH WRITE STARTS EXECUTION AT LOCATION HH
BLK 9 XX READ/ INITIATES A BLOCK READ OR BLOCK WRITE OPERATION. THE ENTIRE DATA RAM CAN
WRITE BE ACCESSED SEQUENTIALLY BEGINNING WITH VALUES OF BASE AND DIS-
PLACEMENT INITIALIZED USING *'BLOCK TRANSFER SET UP’* ROUTINE. IF A RESET
OPERATION S PERFORMED PRIOR T0O BLOCK COMMAND THE DATA MEMORY ADDRESS
IS INITIALIZED TO BASE 0, DISPLACEMENT 0. BLOCK READ OR WRITE OPERATION CAN
BE TERMINATED ANY TIME BY PERFORMING A RESET OPERATION. THE INDEX
REGISTER 1S USED TO ADDRESS THE MEMORY DURING BLOCK TRANSFER AND INTER-
NAL ADDRESSING 1S SEQUENCED AUTOMATICALLY.

NOTE: XX = Don’t care
HH = 2 Hex characters (8-bit data)
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The Block Transfer Operation

Block transfer is the mode used to load and unload the
main data blocks into the S2814A at up to 4Mbytes/sec.
In this mode the data memory is addressed by the Index
Register, and after initialization the internal addressing
is sequential and automatic. The sequence generated is
that after each word transfer (16-bit words as 2 bytes, or
8-bit words as MSbyte (DUH) only) the base is incre-
mented. After base 1F (31) has been reached, the base

resets to 00 and the displacement increments. After base
1F displacement 3 has been reached (i.e., the highest
address in the RAM, 1F.3), both base and displacement
reset to zero. Note that when the BLK command is given
the Read/Write line is latched internally, and remains
latched until the RST command is given. The block
transfer sequence and timing are shown in Figure 2.
When using a microprocessor to execute the block read it
will normally be advantageous to set the interrupt mask.

Figure 2. Block Transfer Sequence and Timing

X
F-BUS
& X X

~BLOCK READ

- 1
W 0~BLOCK WRITE

XX XXX
XXXt XXX

IRQ (BLOCK READ ONLY)

— il

I N S

OO OO

i

100/

300nSEC i 350nSEC 100 |1oo
T T l

'100\100

""'i 350nSEC

I |
NOTE 1: X=DON'T CARE, OR NOT VALID V=VALID

USING REDUCED SPECIFICATION PARTS AS FOLLOWS:

T1 =[M -+ 50] nsec
fouk

NOTE 2: ALL TIMES SHOWN ARE MINIMUM AND MUST BE INCREASED PROPORTIONALLY WHEN

|
1 WORD TRANSFER ———————»|

In 6800 Assembly Language a Block Write would be exe-
cuted with the following code:

LDX OFFST ;LOAD MEMORY START AD-
DRESS INTO INDEX REG.

STA A BLK ;sWRITE DUMMY DATA TO AD-
DRESS $HHH9,BLOCK MODE.

LDA A 0X ;READ FIRST BYTE FROM
MEMORY.

STA A DLH ;WRITE INTO S2814A AS LSBYTE.
ADDRESS $HHH3

LDA A 1X ;READ SECOND BYTE FROM
MEMORY.

STA A DUH JWRITE INTO S2814A AS
MSBYTE.ADDRESS $HHH2

LDA A 2X ;SECEOND WORD.

M H .
LDA A 62X ;32ND. WORD,LSBYTE.

STA A DLH ;

LDA A 83X ;32ND. WORD,MSBYTE.

STA A DUH ;END OF TRANSFER.

STA A RST ;WRITE DUMMY DATA TO AD-

DRESS $HHH1.RESET.

Block Read would be executed by substituting LDA A
for STA A, and vice versa.
where:
RST
DLH

EQU $HHH1
EQU $HHH3

DUH EQU $HHH2

BLK EQU $HHH9
The above code assumes that the block transfer is con-
trolled by the host processor, not using DM A. Note that
DLH must always precede DUH. 8-bit data may be
transferred using DUH only, assuming that the signifi-
cance of the data is correct.
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The FFT Routines 1. Block Transfer Set-Up (INIT). Entry Address 01.

Six individual routines are stored in the S2814A Instruc- This routine presets the Index Register to allow block
tion memory. Two or more of these are used in the com-  transfer to commence at any location other than 00.0 in
putation of an FFT, depending on the transform sizeand  the S2814A data RAM. An eight-bit word is loaded into
the options selected. The starting addresses of the the upper half of the input register and the routine exe-
routines are shown in Table 3. All execution times quoted  cuted as shown:

assume a 20MHz clock frequency.

Table 3. FFT Routines and Their Starting Addresses

LOCATION
(HEX) FUNCTION
00 IDLE STATE
o1 ENTRY POINT FOR **INIT"" ROUTINE

(IR) = BASE, DISPLACEMENT
(BASE)4-0+=(IR)15-11,(DISP)y g+(IR)g g

Returns to Idle state
Exec. Time = 0.9us

04 ENTRY POINT FOR *‘FFT32'* ROUTINE

(DISPO) = Input Data (Real), (DISP1) = Input Data (imag.)

(DISP2) = SCIN, CASEN, PSF

Perform 32 point FFT. Sets IRQ, Returns to Idle state.

Exec. Time = 1.2 ms to 1.8ms.

(OR) = SCOUT

(DISPO) = Transformed Data (Real), (DISP1) = Transformed Data (Imag.)
(DISP2) = SCOUT, (DISP3) = Power Spectrum Data if PSF = 1

D3 ENTRY POINT FOR ““COMPAS'’ ROUTINE

(DISPQ) = Input Data (Real), (DISP1) = Input Data (Imag.)
(DISP2) = WORD, STEP, NT, SCIN, CASEN

Perform COMPAS, Sets IRQ, Returns to Idle State
Exec. Time = 233 to 374usec.

(DISPQ) = Output Data (Real), (DISPt) = Qutput Data (Imag.)
(DISP2) = SCOUT, (OR) = SCOUT

EA ENTRY POINT FOR **SCALE’" ROUTINE

(IR) = SCLP, (DISP0) = Data (Real), (D!SP1) = Data(Imag.)

Performs scaling, Sets IRQ. Returns to Idle State
Exec. Time = 51 to 250usec.

(DISPO) = Scaled Data (Real), (DISP1)} = Scaled Data (Imag.)
DC ENTRY POINT FOR ‘‘WINDOW’' ROUTINE

(DISPQ) = Input Data (Real), (DISPt) = Input Data (Imag.)
(DISP3) = Multiplying factors

Performs multiplication, Sets IRQ, Returns to |die State
Exec. Time = 49usec.

(DISPQ) = Qutput Data (Real), (DISP1) = Qutput Data (Imag.)
E4 ENTRY POINT FOR **CONJUG’" ROUTINE

No set-up required. Conjugates input data (negates imaginary components). Sets IRQ. Returns to Idle State. Exec.
time = 30usec.
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Figure 3A. Flowchart for Subroutine FT32IN

[ SET INTERRUPT MASK |
[ INITIATE BLOCK WRITE ]
| BLOCK TRANSFER By (REAL) |

T

| BLOCK TRANSFER Bx-+1 (REAL)

[ sLock TRANSFER By (MAG)

| BLOCK TRANSFER By-+ 1 (IMAG)

y

I STORE ACCUM IN “DUH”

Y

[ STORE ACCUM IN “DUH"

LJ L L g L

l STORE ACCUM IN “DUH"

Y

{ TRANSFER “SCIN"

K2

TRANSFER “CASEN"

Y

{
[ TRANSFER “PSF"

Y

| RESET S2614A 1

J LJ LJ

l EXECUTE “FFT32" ROUTINE ON $2814A J

| CLEAR INTERRUPT MASK |

TRANSFER DUMMY
WORDS FOR “ A WORD",
i “A STEP” AND “NT"

Figure 3B. Flowchart for Subroutine FT320T

>

<
2
z
>
=
=
=]
o

YES
1 AEAD SCOUT FROM OR |

No SET SCFLAG
SCLP—(SCOUT-SCIN)

SCIN-—SCOUT
YES
S S— |

.

SCOUT-SCIN
=0?

ACCUM--03
STORE ACCUM IN “DUR”

EXECUTE “INIT" ROUTINE ON S2814A
TO INITIALIZE (BASE, DISP) T0 (0, 3)

3

| INTIATE BLOCK READ ]

| Tumn BT ReversaL muLTIPLEXER 0N |

| BLOCK READ By |
K]

[ BLOCK READ By+1 -
k]

| RESET 528144 |

*ASSUMES POWER SPECTRUM
GNLY 1S READ OUT.

DUH
XEQ

LDA
STA
LDA
STA

EQU $HHH2
EQU $HHH4

A #3XX
A DUH
A #1

A XEQ

where XX represents the start address for block transfer. (0.9usec.) and the S2814A will return to the idle state.
The routine will be executed in 3 instruction cycles Block transfer may then commence immediately.
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‘2. FFT32. Entry Address = 04.

This is the basic 32 complex point FFT routine. For a 32
point FFT this routine is called once only and the output
of the routine is the FFT. Larger FFTs are computed by
decimating them into 32 point arrays before final pro-
cessing of these arrays using FFT32 to obtain the final
outputs. The following data is loaded into the S2814A,
using block write starting at address 00.0, ie., INIT is
not used.

32 words of real input data (addresses 00.0 - 1F.0)

32 words of imaginary input data (addresses 00.1
-1F.1)

8 dummy words (to skip addresses) (addresses 00.2
-02.2)

SCIN (input scaling parameter) (address 03.2)
CASEN (CAS Enable) (address 04.2)
PSF (Power spectrum flag) (address 05.2)

Note that CASEN (Conditional array scaling enable) and
PSF are not modified during processing, and need only
be loaded once. CASEN should be positive to inhibit
CAS (e.g. 0000) and negative to enable CAS (e.g. 8000).
Note that SCIN is not needed if CAS is not enabled. PSF
should be zero if the power spectrum output is not need-
ed, any non-zero value (e.g. 0100) will cause the power
spectrum to be computed. The block transfer should be
terminated with the RST command, and the FFT32 rou-
tine called. Flow charts for loading and dumping the data
are shown in Figure 3. The following sequence will cause
the execution of the entire function:

CLR B ;CLEAR B ACC.

STA A RST ;RESET S2814A REGISTERS.
SEI ;SET INT. MASK.

STA A BLK ;SET UP BLOCK WRITE.

JSR BLKWT ;WRITE 64 WORDS OF DATA.
STA A DUH ;WRITE DUMMY DATA TO 00.0
STA A DUH S TO 00.1
STA A DUH O TO 00.2
LDA A SCIN ;FETCH SCIN.

STA A DLH ;WRITE TO ADDRESS 00.3
STA B DUH ;COMPLETE WORD XFER.
LDA A CASEN ;FETCH CAS ENABLE.

STA A DUH ;WRITE TO ADDRESS 00.4
LDA A PSF ;FETCH PS FLAG.

STA A DUH ;WRITE TO ADDRESS 00.5
STA A RST ;RESET S2814A.

LDA A #4 ;FFT32 START ADDRESS.
STA A XEQ ;START EXECUTING.

CLi ;CLEAR INT. MASK.

WAI ;WAIT FOR ROUTINE END.
LDA A DLH ;START OF INT. ROUTINE.
LDA B DUH ;(DUMMY).READ SCOUT.

LDA B SCIN ;FETCH SCIN.

S2814A
STA A SCIN ;SCOUT—>SCIN
SBA ;COMP.SCOUT WITH SCIN.
BEQ READ  ;JUMP IF NO CHANGE.
STA A SCLP  (SCOUT-SCIN) -~ SCLP
LDA A PASSN ;FETCH PASS #
CMP A #1 ;IS THIS 1ST.PASS?
BEQ READ ;IF SO, JUMP
JSR SKOUT ;SCALE PREVIOUS ARRAYS
LDA A #3 ;(ASSUME PSF SET
STA A DUH ;PRESET TO ADDRESS 00.3
LDA A #1 ; .
STA A XEQ ;EXECUTE INIT.
STA A BRV ;TURN ON BIT REV.MUX.
LDA A BLK ;SET UP BLOCK READ.
JSR BLKRD ;READ DATA.
STA A RST JEND

The routine execution time is variable, depending on
whether CASEN and PSF are set. The times are:

1. CAS - OFF. PSF - OFF 3730 instruction cycles
(1.119msec.)

2. CAS - OFF. PSF - ON 3862 instruction cycles
(1.159msec.)

3. CAS-ON . PSF - OFF 5867Tmax. instruction cycles
(1.760msec.)

4. CAS - ON . PSF - ON
cycles (1.800msec.)

5999max. instruction

When CAS is enabled, the time depends on the number
of times overflow is corrected. At the end of the routine
the complex output data will have overwritten the in-
put data in the memory (addresses 00.0 to 1F.1) and
the power spectrum data will be in displacement 3 (ad-
dresses 00.3 -1F.3). The output scaling factor (SCOUT)
will be loaded in the output register, generating the
TRQ to signify to the host processor that the routine
has completed processing.

3. Combination Pass Routine, COMPAS. Entry Address
= D3.

This is the decimation routine that breaks up larger
transforms into a number of 32 point transforms to be
executed by FFT32. The N data points are split into N/16
blocks of 16 points, and pairs of blocks are passed
through COMPAS. The procedure is repeated one or
more times if N is greater than 64, but for a 64 point FFT
the resulting data is ready for processing using FFT32.
The procedure is explained in greater detail in the section
“Executing Larger Transforms”. The following data is
loaded into the S2814A before execution:
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Figure 4A. Flowchart for Subroutine CSIN Figure 4B. Flowchart for Subroutine CSOT

| meserszst4a, seTinTERRUPT MASK | [L_cLEnR WTERRUPT MASK S
Y z

| INITIATE BLOCK WRITE 1 2
; T S

[ 'BLOCK TRANSFER By (REAL) ] S
)

[ BLOCK TRANSFER Bx o (REAL) |
Y READ SCOUT FROM OR

{ BLOCK TRANSFER By (IMAG) |

[ BLOCKTRANSFERBy.m(MAG) | SCOUT-SCIN SET SCFLAG"
=0 SCLP- 1
[ TRANSFER “AWORD" (TABLE 4) _l
KK+1
¥ |YES o
{ TRANSFER "ASTEP” | |
] | INITIATE BLOCK READ }
[ TRANSFER “NT" —] Y
Y [ BLOCK READ By (REAL) ]
I TRANSFER “SCIN" | Y
Y [ BLocKREAD By u(REAL) |
[ TRANSFER “CASEN" ]
Y I BLOCK READ By (IMAG) ]
[ TERMINATE BLOCK TRANSFER |
| BLocK READ By 1 (MAG) |
[ Execure "compas™ RouTNE ON s2814A |
[ RESET $2814A |
32 words of real input data (addresses 00.0 - 1F.0) The new parameters required, A WORD, A STEP and NT
32 words of imaginary input data (addresses 00.1 are dependent on the size of the transform and A WORD
-1F.1) changes with each pass through the COMPAS routine.

The values required are shown in the tables in sections

4 WORD (address 00.2) “Executing 64 Point Transforms” and ‘“Executing

A STEP Set up parameters (address 01.2) Larger Transforms™. Flow charts for loading and dump-

NT (address 02.2) ing the data are shown in Figure 4. The routine execution
time varies with transform size and depends on whether

SCIN (address 03.2) CAS is enabled or not, as shown:

CASEN (address 04.2)

PSF (address 05.2)
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TRANSFORM SIZE
Without CAS,
Inst. cycles,
(usec.)

With CAS.
(Max.) Inst.
cycles (usec.)

64 POINT 128 POINT 256 POINT 512 POINT

776 (233) 828 (248) 842 (253) 949 (255)

1172(352) 1224(367) 1238(371) 1245(374)

4. Data Point Scaling Routine, SCALE. Entry location =
EA.

If CAS is enabled, then routines COMPAS, and FFT32
will scale all 32 data points being processed if an overflow
occurs during that pass. The value of SCOUT allows the
data during subsequent passes to be scaled automati-
cally during the pass. However, data points which have
already been processed must also be scaled, so that all
the data is scaled by the same factor during each process-
ing step. SCALE is a routine that allows this to be done
at high speed. Each block to be scaled is block loaded into
the S2814A, the routine SCALE executed, and the block
dumped back into the original locations in memory.

Care must be taken to keep track of which blocks have
already been processed during each step, so that blocks
do not get missed or scaled twice. The execution time
depends on the scaling factor (SCOUT), as shown below:

Scaling Factor

(SCOUT) 1 2 3 4 5
Execution time.
Inst. Cycles,
(usec.) 170(51) 336(101) 502(151) 668(200) 834(250)
Windowing Routine, WINDOW. Entry Address = DC.

In order to allow the input data points to be windowed, a
routine is provided to multiply the 32 real or complex
points loaded in the S2814A by 32 window points. This is
done on each block of 32 points prior to commencing the
actual FFT processing. The input data required, in addi-
tion to the normal input data, are the 32 points of the
window. They should be loaded into displacement 3 of
the S2814A RAM and the routine WINDOW executed.
The windowed data points will be returned to their
original positions in the memory, so that COMPAS or
FFT32 may then be executed immediately without fur-
ther processing. The entire data can be loaded in a single
block transfer operation by using INIT to preset the
start address to 00.3. The 32 point window data is then
loaded, followed by the signal data. This is possible
because after loading the window the memory address
will automatically reset to 00.0, the start address for the
real data. The parameters are then loaded into displace-
ment 2 addresses in the usual way. They will not be af-
fected by the windowing operation. The total execution
time is 163 instruction cycles, 49usec.

Executing FFTs

Executing the FFTs consists of loading data blocks, exe-
cuting routines in the S2814A and dumping the data.
However, the sequence of the FFT output data is scram-
bled, and in order to use the results meaningfully, it must
be unscrambled. This is done by reversing the order of
the bits of the address lines for the final output data.
Thus, for a 2N point FFT the N address lines Ay, A;, Ay
..... Ayp.; must be reversed to the sequence Ay.1, A.o
..... Ay, Ag to address the output buffer memory. This
is most conveniently done as the data points are being
dumped out of the S2814A after the processing of the
FFT32 routine(s). The bit reversal can be done either by
software or hardware. The hardware realization is shown
in Figure 5, and an example of software bit reversal is
given in the section ‘‘Executing 32 Point FFTs.”

Figure 5. Bit Reversal Hardware
ADDRESS BRV
ADDRESS BUS
D
Vb
] ADDRESS LINES TO MEMORY
K] 2 n3 wnz_ nd
A/B SELECT Nx2:1 MUX
Ao Bo A1 B Ay Ap1 Bpy
?_ ______ p—
Ag Aq Az An2 Aqgq
WRITING A1 TO ADDRESS BRV TURNS ON BIT-REVERSAL
WRITING A0 CLEARS BIT REVERSAL

Executing 32 Point Transforms

The basic 32 point transform is easily implemented with
the S2814A since it simply requires the loading of the 32
real or complex data points and the 3 parameters SCIN,
CASEN and PSF, executing FFT32 once only and dump-
ing the data using bit reversal. The flowchart for this
sequence is shown in Figure 6. It is assumed that the
loading of data from the source into the input buffer and
dumping of data from the output buffer to destination is
carried out by the NMI (non-maskable interrupt) routine.
The parameter SCIN should be set to zero, and the out-
put data should be scaled (multiplied) by 2SCOUT) if
absolute levels are wanted.
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Figure 6. Flowchart for 32 Point FFT ,
1S BUFFER FULL?
YES
I BLOCK TRANSFER INPUT DATA J
DUMMY DATA,SCIN (=0) CASEN & PSF
Y
EXECUTE FFT32 1
Y
I CLEAR INTERRUPT MASK l
- 0
YES
BLOCK TRANSFER OUTPUT DATA
USING BIT REVERSAL
Figure 7. 64 Point FFT Flowgraph
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NOTE: B=BLOCK

TIME

3.101

<
2
z
>
=
=
=
(]



AMI

S2814A

Executing 64 Point Transforms

This is the simplest expansion of the FFT. The first step
is to use COMPAS (twice) to decimate the data into two
32 point transforms, and then use FFT32 (twice) to pro-
duce the transforms. This is shown in the signal flow
graph in Figure 7. The flow graph is independent of
whether one or two S2814As are used, since the two
passes through each of the 2 routines (COMPAS and
FFT32) can be carried out sequentially or in parallel. The
set up parameters for the 64 point FFT are:

For COMPAS 0: AWORD=8070
For COMPAS 1: AWORD=CO70}ASTEP_4OOO NT=1

The treatment of SCIN and SCOUT is dealt with in the
next section.

Executing Larger Transforms

The execution of larger transforms follows the same
sequence as the 64 point transforms; namely the decima-
tion of the data into a series of 32 point blocks that can be
processed using FFT32. For a 2N point FFT this involves
N-5 steps of processing using COMPAS, and each step
requires 2(N-5) passes through the COMPAS routine. This
is followed by 2(N-5) passes through the FFT32 routine.
Within each step, each pass may be carried out sequen-
tially using a single S2814A, or in parallel using 2(N-5)
chips. There are also intermediate sequential + parallel

combinations possible, of course, using fewer chips. A
signal flow graph for 1 step is shown in Figure 8.

At the start of each step, SCIN should be set to zero. For
the remaining passes in that step the value of SCOUT for
the current pass should be used for SCIN for the next
pass. The outputs of previously computed passes must
be scaled using routine SCALE each time SCOUT in-
creases during a pass. The maximum value of SCOUT
after executing COMPAS is 1, and after executing
FFT32 it is 5.

A flow chart for an N point transform control program is
shown in Figure 9. The routine is called NFFT and uses
the following subroutines.:

CSIN — procedure for loading S2814A with
COMPAS input data (Figure 4A)
CSOT — procedure for dumping COMPAS
output data (Figure 4B)
SCLPRV — procedure for scaling previously
computed blocks of data in each
step. See Figure 10.
FT32IN — procedure for loading S2814A with
FFT32 input data (Figure 3a)
FT320T — procedure for dumping FFT32 out-

put data. (Figure 3b)

The values of AWORD, ASTEP and NT are shown in
Tables 4 and 5.

Figure 8. N Point FFT Flowgraph

- STEPS
} PASSES STEP(L+1)
N-1
N-1
Bow 1 Bam 1
i
! 51 N2 POINT -
! FFT ~
i
By B
N2
Bm 1 Bm-1
l ‘
‘ |
i i N/2 POINT
J ! e BN >
: |
15 : ‘
Bp B
] ' 2
NOTE: M = N/32.B = BLOCK.
TIME
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Figure 9. Flow Chart for N Point FFT, Routine ‘‘NFFT”’

i
@ I (ASTEP)—(TABLE 5), (NT)—(TABLE 5)J+‘—l
)

— [ M2—M, M1+—P, X0, Y0 |
R —

csin <«
Fn
2z
csor =
=
S
K—0 (512 POINT o
)0 FFT) ves FTpryTTy
SCFLAG = 17 224 XXEM)
M(X>M)
]
K~32 (256 POINT NO
J-2  FF) YES
NO

K—48 (128 POINT
J-4  FFT)

LX'-X-{-L YouY+1. M1-M1-1, M2—-M2-1, K-K+2 ]

K+-56 (54 POINT 1
J=6 FFT) o
NO (32 POINT FET)
YE
"
Ye

S
S

M—M/2,J—J+2, SCIN-D

Z1-P-M1, 22+1,

YES

X=X+2, ¥Y=Y+2, M1—M1-1

NOTES:

= NO. OF DATA POINTS TO BE TRANSFORMED (32,64,128,256,512)
ADDRESS OF TABLE 4 (AWORD)

ADDRESS OF TABLE 5 (ASTEP, NT)
ADDRESS OF A 16 WORD DATA BLOCK (REAL PART)
ADDRESS OF A 16 WORD DATA BLOCK (IMAGINARY PART)
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Figure 10. Flowchart for Subroutine ‘‘SCLPRV’’

L X-0,Y—0 ]
|

| SEYINTERRUPT MASK, INITATE BLOCK WRITE |

| BLOCK TRANSFER B (REAL) |

{ BLOCK TRANSFER By.+ WREAL) )|

| BLOCK TRANSFERBy (MAG) |

[ BLoCK TRANSFER By iMAG |

_1

L TRANSFER SCLP T0 IR |

| RESET 526144

| EXECUTE “scALE” ROUTINE ON 28148 |

1§ CLEAR INTERRUPT MASK |

<=

YES ‘I

r SET INTERRUPT MASK
| BLOCK READ By (REAL) |

INITIATE BLOCK READ

[ sLockRemoByszaREAL) |

| BLOCK READ By (IMAG) |

[ BLOCK READ By wiMAG) |

[ AESET 528148 1

X—X+1, 22221
21-21-1, Y=Y+1

;s

YES
x-x+m v=v+m | 5
- g 2H2ISW
MZ1>W)
Yes
[ RESET SCFLAG |

0

Table 4. (AWORD)

ENTRY o
PT for K VALUE COMMENTS
5129 00 (AWORD L)
point 1 80 (AWORD H)

x'form 2 00

3 88

4 00

5 90

6 00

7 98

8 00

9 A0

10 00

1 A8

12 00

13 BO

14 00

15 B8

16 00

17 co

18 00

19 c8

20 00

21 DO

22 00

23 D8

24 00

25 0

26 00

27 E8

28 00

29 FO

30 00

31 F8

256 9 32 10

point 33 80

x'form 34 10

35 90

36 10
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Table 4 (continued) Hardware.
p— The minimum hardware for a 32 point FFT is shown in
PT fo K VALUE Figure 11. All data transfer and control is handled by the
' S6802. The availability of the next input sample is
37 AD signalled with the NMI line. A suitable analog interface
38 10 is shown in Figure 12. The sampling clock is derived from
29 B0 the microprocessor clock, and the NMI signal is <
generated by the EOC (end of conversion) output of the 2o
40 10 A/D converter. This system may be expanded simply by E 3
Py co adding more memory. The memory requirements are ="
2 " shown in Table 6. A word may be up to 16 bits long. In o
order to speed up the complete procedure it is necessary
43 DO to use DMA for block transfer of data. The S2814A will
44 10 transfer data at up to 4Mbytes/sec. A suitable DMA Ad-
) 0 dress Generator is the Advanced Micro Devices AM
S 2940, but a 68B44 will accomplish the function more con-
46 10 veniently at a slightly lower speed (1.56Mbyte/sec).
47 FO D Bus Intert
128 28 20 ata Bus Interface.
point 49 80 Figure 13 shows how to interface the S2814A with a
«form 50 10 typical 6800 family microprocessor data bus. Note that
the S2814A data bus must be isolated from the micropro-
51 AO cessor system data bus by use of a PIA as in Figure 11 or
52 30 a T4L.S245 or 74L.S645 type data transceiver as shown in
53 co Figure 13, since the S2814A drive capability is only one
TTL load. The bus isolation may be omitted in some
o 30 small systems.
55 EO
64—~ | 56 70
point 57 80
x form 58 70
59 co
Table 5. (ASTEP, NT)
ENTRY
PT for J  VALUE COMMENTS
512 point 0 08 ASTEP(DUH)
x'form 1 OF NT(DLH)
256 2 10 v
3 07
128 4 20
5 03
64 6 40
7 01
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BUS
BUS COMPATIBLE gyt
AID

ADDRESS HHHE

OE
IN

SH

SAMPLE
AND HOLD

ANALOG IN

AyiA3

Ap Az

INPUT REGISTER
LATCH. ADDRESS HHHF

LATCH
ouT

ANALOG OUT

S2814A
Figure 11. 32/64 Point FFT Hardware
+5V LY} At
5.1KQ 3 J’ A-BUS
. 2 " -
T 1 _ 56802 [ Lo no As
RST uP. =
;77’. RO AW VMA E D-BUS 15 (A-BUS) 0 RIW———] AW Ao*--As
Do
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6 B B B
TS0 CLK D-BUS CS1 A-BUS
asT A1z A1 A A7
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RQ ROM/VO/TIMER
RW
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\—{RST 0
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= ADDRESS HHHX F-8U8 <-_
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T | 3 FOR 32 POINT/8 BIT
SYSTEM.
Figure 12. Analog Interface
6802 NMI 6846 CTO 6846 CP2 6846 P-PORT
A
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Figure 13. Interfacing the S2814A with a Microprocessor
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MICROPROCESSOR TYPE $6802

3.107




AMIL

S2814A

Table 6. Memory requirements for data point storage.

TRANSFORM WORD LENGTH MEMORY
SIZE (POINTS) (BITS) REQUIREMENTS
32 8 64 bytes
10/12 See Note 1
16 128 bytes
64 8 128 bytes
10/12 See Note 1
16 256 bytes
128 8 256 bytes
10/12 768 nibbles
16 512 bytes
256 8 512 bytes
10/12 1536 nibbles
16 1024 bytes
512 8 1024 bytes
10/12 3072 nibbles
16 2048 bytes

Note 1: In practice the memory realization for these cases will be the
same as for 16-bit systems.

Transform Execution Times.

The maximum execution times of transforms are shown
in Table 7. The actual execution time when CAS is enabl-
ed will be between the times shown for CAS off and the
maximum with CAS on. It will depend on the number of
times that scaling has to be done.

FFT Resolution and Dynamic Range

The use of the Decimation in Frequency (DIF}) algorithm
in the S2814A ensures optimum signal to noise ratio,
(SNR) for the architecture used. The use of the Condi-
tional Array Scaling (CAS) gives a total dynamic range
of approximately 70dB on all sizes of Transforms. The
maximum resolution obtainable is approximately 57dB.
CAS operates by detecting overflow in the butterfly com-
putation routine. As soon as an overflow is detected the
two points being combined in that butterfly are halved in
magnitude (both the real and imaginary portions) and the
butterfly recomputed. A flag is set, all previously com-
puted butterfly outputs are then scaled, and all the in-
puts to subsequent butterflies are scaled before computa-
tion begins, so that at the end of the pass all points have
been scaled equally. A scale factor is made available
(SCOUT) so that the remaining data points in larger
transforms, i.e., those other than the 32 in the S2814A
when the overflow occurred, may also be scaled to keep
them all in line. Thus, CAS operates as a discrete AGC,
halving the signal levels each time an overflow is
detected. By using SCOUT after executing the FFT the
output may be expanded, so that the levels displayed in
the spectrum will increase monotonically as the input
increases.

Table 4. Total FFT execution times including block transfers. (msec.)

USING SINGLE $2814A USING MULTIPLE $2814A ARRAY
BLOCK TRANSFER USING:

TRANSFORM §6802 B DMA # OF (USING DMA
SIZE (22usec/word) 2MW/sec §2814As AT 2MWi/sec)

MIN MAX MIN MAX MIN MAX
32 pt. 4.0 4.6 1.3 1.9 1 1.3 1.9
64 14.2 15.7 3.2 4.6 2 1.6 2.3
128 40.7 44.0 7.6 11.0 4 1.9 2.8
256 106 114 17.8 25.4 8 2.3 3.2
512 262 280 40.7 57.9 16 2.6 3.7

Note: Minimum times assume that CAS and PSF are off. Maximum times assume that CAS and PSF are on, and that maximum overflow accurs during 1st
pass. All times assume 20MHz clock frequency and must be increased proportionally for lower clock frequencies (except Column A).
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Please note: the S2815 has been replaced with the S28215
which is an NMOS direct pin for pin electrical and functional
replacement for the S2815.

S2815

DIGITAL FILTER/UTILITY PERIPHERAL

Features

O

o o o g

S2811 Signal Processing Peripheral Programmed
With Filter and Utility Routines
Microprocessor Compatible Interface Plus
Asynchronous Serial Interface

Two Independent 30 Tap Transversal Filter
Routines, Cascadable into a Single 60 Tap Filter
Two Recursive (biquadratic) Filters Providing a
Total of 16 Filter Sections

Computation Functions: Two Integrating, Two
Rectifying, Squaring, and Block Multiply
Routines

O Conversion Functions: 255 Law-to-Linear, Linear-to-
u255 Law, and Linear-to-dB Transformations

[0 Generator Functions: Sine and Pseudo-Random
Noise Patterns

General Description

The AMI S2815 Digital Filter/Utility (DFUP) is a pre-
programmed version of the S2811. Architectural and in-
ternal operating details of the S2811 may be found in the
S2811 Advanced Product Description. The S2815 has
been programmed with a collection of filter, computa-
tional, conversion, and generator routines which may be
selected individually, or cascaded under control of the
host processor. This arrangement allows a wide range of

Typical System Configuration

¥
o 20Miz |

[

0y $2815 DFUP

AST
R0 RW DBUS _iE__F-BUS SOEN SIEN SOCK SICK

ANALOG ANALOG
N oyt

Pin Configuration

PPORT €P,
$6846
ROM/I-DITIMING

pBus  CS% E GTT LSy

]
f Si 1 28 [ Vee
COIISE:::SIEIITER (ﬁ)g 2 27 7] SEN
RstroseTstaose  Rex  Tow EXACK ] 3 26 [} SICK
(] 4 25 ] S0CK
[ ] 24 B SOEN
D] 6 23S0
0 (] 7 S28215 25 osc
o] 8 SPP 297osc
D[] 9 20 () Fy
o5 (] 10 18[F
o n 1B[]F
(WR) RIW [] 12 171]F
iRa 13 16 [ ST
Vss (] 14 15 ’:] IE (RD)

!
Vee ._.’
8
% n 15
Poen —
PERIPHERALS y

RO RW DBUS VMA E A-BUS
RESET

$6802
4AMHKz XTAL MICROPROCESSOR

EXTAL

NOTE:

PIN FUNCTIONS IN
PARENTHESIS APPLY
ONLY FOR B VERSION
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General Description (Continued)

signal processing functions frequently required in appli-
cation areas such as telecommunications, test and instru-
mentation, industrial automation, process control, etc.,
to be satisfied by a single S2815 DFUP.

The 1/O structure of the S2815 provides flexibility and
easy interfacing in microprocessor based systems. Input
and output data transfers may be accomplished serially,
as shown in the block diagram, using a u255-law Codec

Absolute Maximum Ratings

such as the S3507, or using linear A/D and D/A con-
verters. Data may also be transferred in parallel under
control of a host processor, such as the S6802. Routines
may be executed individually, completely under control
of the host processor, or internal transfer addresses may
be set up by the host, allowing routines to be cascaded in-
ternally. The ability to cascade routines allows com-
plicated functions to be completed without intervention
by the host processor.

Supply Voltage
Operating Temperature Range

Voltage at any Pin

Storage Temperature Range .................. e

............................. Vgs —0.3 to Vg +0.3V
............................................. 200°C

Lead Temperature (soldering, 10sec.) .................

........................................... 7.0VDC

Electrical Specifications: (Voc=5.0V £5%, Vgg=0V, To =0°C to +70°C, unless otherwise specified)

Symbol Parameter Min. Typ. Max. Units | Conditions
Vig Input HIGH Logic “1” Voltage 2.0 Veet0.3 \% Vee=5.0V
ViL Input LOW Logic “0” Voltage -0.3 0.8 \4 Vee=5.0V
Iin Input Logic Leakage Current 1.0 2.5 pAdc | Vin=0V to 5.25V
Cy Input Capacitance 75 pF
Vou Output HIGH Voltage 24 A% I10aD = —100uA,
VCC = min,
CL = 30pF
VOL Output LOW Voltage 0.4 A% ILOAD =1.6mA,
VCC = min,
CL = 30pF
foLx Clock Frequency 5.0 20 MHz | Vgc=5.0V
Pp Power Dissipation 1.2 W | Vg=5.0V
foLktmax) | Maximum Clock Frequency MHz | Vge=5.0V
S2815-10 10
S$2815-12 12
S2815-15 15
S2815 20
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$2815 Function/Descriptions

Microprocessor Interface (1€ pins)
Dy through D,
Fy through Fyq

(Input/Output) Bi-directional 8-bit data bus.

(Input) Control Mode/Operation Decode. Four microprocessor address leads are used for this

purpose. See “CONTROL MODES AND OPERATIONS.” (Table 2.)

1E (Input) Interface Enable. A low level on this pin enables the SPP microprocessor interface.
Generated by microprocessor address decode logic.

(Input) Read/Write Select. When HIGH, output data from the SPP is available on the data

(Output) Interrupt Request. This open-drain output will go LOW when the SPP needs service

R/W

bus. When LOW, data can be written into SPP.
IRQ

from the microprocessor.
RST

program execution at location 00.

Serial Interface (6 pins)

(Input) When LOW, clears all internal registers and counters, clears all modes and initiates

SICK, SOCK (Input) Serial Input/Output Clocks. Used to shift data into/out of the serial port.

SI (Input) Serial Input. Serial data input port. Data is entered MSB first and is inverted.

SIEN {Input) Serial Input Enable. A HIGH on this input enables the serial input port. The length of
the serial input word (16 bits maximum) is determined by the width of this strobe.

SO (Output) Serial Output. Three-state serial output port. Data is output MSB first and is in-
verted.

SOEN (Input) Serial Output Enable. A HIGH on this input enables the serial output port. The length
of the serial output (16 bits maximum) is determined by the width of this strobe.

Miscellaneous

0OSC;, 0OSC, An external 20MHz crystal with suitable capacitors to ground can be connected across these
pins to form the time base for the SPP. An external clock can also be applied to OSC,, input if
the crystal is not used.

Vee Vss Power supply pins Vo= +5V, Vgg=0 volt (ground).

Functional Description

The S2815 is a pre-programmed version of AMI’'s S2811
Signal Processing Peripheral. This is a high speed micro-
computer organized for efficient signal processing and
contains a data memory, instruction memory, an arith-
metic unit incorporating a 12-bit parallel multiplier, as
well as control registers and counters. For more detailed
information about the chip, please refer to the S2811 Ad-
vanced Product Description.

The S2815 Instruction ROM contains the various

routines which make up the DFUP package. The routines
together with their starting addresses in the Instruction
ROM, are shown in Table 1A.

The Data ROM contains the parameters required to ex-
ecute the functions. 128 words of Data RAM and an 8
word scratchpad are provided to hold the signal data and
the jump addresses for cascading routines. The Data
memory is arranged as a matrix of 32x 8 words, as shown
in Table 1B. The RAM utilization is routine dependent
and is illustrated in the routine descriptions.
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Table 1. Software Model of S2815
A. Routine Locations in Instruction Memory

B. Data Memory Map

(LOC (HEX) FUNCTION

00 IDLE STATE

01 ENTRY POINT “‘INIT'* ROUTINE
04 ENTRY POINT '*SETUP'* ROUTINE
18 or 19* ENTRY POINT *“LINIP’* ROUTINE
1B or 1C* ENTRY POINT **MULIP'" ROUTINE
34 ENTRY POINT ““LINO1"" ROUTINE
36 ENTRY POINT **LINO2'" ROUTINE
38 ENTRY POINT ‘*"MULOP’* ROUTINE
65 ENTRY POINT **DBOP’* ROUTINE
80 ENTRY POINT *'BMPY'’ ROUTINE
87 ENTRY POINT “*IIR1'' ROUTINE
96,97 or 98* ENTRY POINT *'lIR2"" ROUTINE
A7 ENTRY POINT **FIR1'* ROUTINE
AF, BO or B1* ENTRY POINT *‘FIR2"* ROUTINE
BC ENTRY POINT ‘*RECT"" ROUTINE
BF ENTRY POINT **SQUAR’* ROUTINE
C4 ENTRY POINT “*FINT'" ROUTINE
CA ENTRY POINT “*RINT'* ROUTINE
CE ENTRY POINT **SQUINT"’ ROUTINE
D6 ENTRY POINT '‘SINE'* ROUTINE
E5 ENTRY POINT ‘*NSET'' ROUTINE
E9 ENTRY POINT “*NOISE'* ROUTINE

—> DISPLACEMENT | 0 | 1 |2 3| 4|56
BASE 00
o0t
02 | i
. DATA COEFFICIENT
. BA ROM
1E
1F
SCRATCHPAD ALL RAM
1

*See Routine descriptions for explanation of alternative entry points

D. Input and Output Registers

15 8117 0
DUH DLH

(MSByte) (LSByte)

Code is Two's Complement

NOTE: Address [Base AB, Displacement C] is written as AB.C

C. Control Functions

F

Bus (HEX)

MNEMONIC

OO W N0 WM = O

CLR
RST
DUH
DLH
XEQ
SRI
SRO
Smi
SMO0
BLK
SopP
cop

See Table 2 for descriptions

Figure 1. Conection of S2815 as a Memory Mapped Peripheral

T0 MEMORY AND OTHER PERIPHERALS.

R0 | < IRQ
RW ; » AW
Do Do
up. D7 DECODER 7
sesoz A0 EE. PIA _
: » i
A1s
Ap Fo
ADDRESS BUS > H
A3 3

$2815
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Initial Set-Up Procedure

After power up, the RST line should be held low for a
minimum of 300nsec. If this line is connected to the reset
line of the microprocessor, this condition will be met easi-
ly. This will clear the Base and Index Registers, which
are used for memory addressing, the Loop Counter and
the Program Counter. Address zero in the Instruction
ROM contains a Jump to Zero instruction, and thus the
S$2815 will remain in an idle state after being reset.

The Control Functions

The S2815 is controlled by the host microprocessor by
means of the F-bus, Interface Enable (IE) and the Read-
Write (R/W) lines. It should be connected to the host pro-
cessor as a memory mapped peripheral as shown in
Figure 1.

The 12 most significant address lines decode a group of

16 addresses to activate the IE line each time an address
in the group is called, and the S2815 is controlled by

reading to or writing from those addresses. Only 12 of
these addresses are used as described in Table 2.
Throughout this Product Description these addresses
will be referred to as HHHX (X =0-F).

The Block Transfer Operation

Block transfer is the mode used to load and unload the
main data blocks into the S2815 at up to 4Mbytes/sec. In
this-mode the data memory is addressed by the Index
Register, and after initialization the internal addressing
is sequential and automatic. The sequence generated is
that after each word transfer (16-bit words as 2 bytes, or
8-bit words as MSbyte (DUH) only) the base is incre-
mented. After base 1F (31) has been reached, the base
resets to 00 and the displacement increments. After base
1F displacement 3 has been reached (i.e., the highest ad-
dress in the RAM, 1F.3), both base and displacement
reset to zero. Note that when the BLK command is given
the Read/Write line is latched internally, and remains
latched until the RST command is given. The block
transfer sequence and timing are shown in Figure 2.

Figure 2. Block Transfer Sequence and Timing
>< ~+BLOCK READ
O*BLDCK WRITE
F-BUS ><
(HEX) 9 {BLK)

> >

XX XXX
O OEENCOOE

1RO (BLOCK READ ONLY)

DATA BUS X

T Al

T it

I N S

OO0,

.—— 300SEC ———+|<—————350nSEC———— 1uu’1nu

UL

""" 350nSEC ‘100‘100
T

100
|

i 1
NOTE 1: X=DON'T CARE, OR NOT VALID V=VALID

USING REDUCED SPECIFICATION PARTS AS FOLLOWS:
Tt Mn =[Wﬂ + 50] nsec
fouk

NOTE 2: ALL TIMES SHOWN ARE MINIMUM AND MUST BE INCREASED PROPORTIONALLY WHEN

1 WORD TRANSFER ———»
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Table 2. S2815 Control Functions
F-BUS TYPE OF
MEMONIC HEX | DATA | OPERATION | FUNCTION

CLR 0 XX XX Clears all functions previously set. Sets SOP.

RST 1 XX XX Clears all registers. Starts program execution at location 00. This is the idle state.
This instruction should precede block read, block write and execute commands.

DUH 2 HH READ/WRITE | Reads from or writes into S2815 the upper half of the data word (See Table 1D).
Must always follow DLH (Mandatory).

DLH 3 HH READ/WRITE | Reads from or writes into S2815 the lower half of the data word (See Table 1D).
Precedes DUH when used.

XEQ 4 HH WRITE Starts Execution at Location HH.

SRl 5 XX XX Enables Serial Input Port.

SRO 6 XX XX Enables Serial Output Port.

SMI 7 XX XX Converts sign + magnitude serial input data to two's complement.

SMO 8 XX XX Converts two's complement internal data to sign + magnitude serial output data.

BLK 9 XX READ/WRITE | Initiates a block read or block write operation. The entire data RAM can be access-
ed sequentially beginning with values of base and displacement initialized using
“‘Block Transfer Set Up'' routine. If a reset operation is performed prior to block
command, the data memory address is initialized to base 0, displacement 0. Block
read or write operation can be terminated any time by performing a reset operation.
The index register is used to address the memory during block transfer and internal
addressing is sequenced automatically.

SoP B XX XX Set overflow protect. Normal mode of operation.

cop C XX XX Clear overflow protect.

A,D-F Do not use

Note: XX =Don't Care
HH = 2 Hex characters (8-bit data)

In 6800 Assembly Lanaguage a Block Write would be executed with the following code:

LDX
STA
LDA
STA
LDA
STA
LDA

°

.

L
LDA
STA
LDA
STA
STA

62,X
DLH
63,X
DUH
RST

>>>Pr>>

;LOAD MEMORY START ADDRESS INTO INDEX REG.
sWRITE DUMMY DATA TO ADDRESS $HHH9.BLOCK MODE.
;READ FIRST BYTE FROM MEMORY.
sWRITE INTO S2815 AS LSBYTE.ADDRESS $HHH3
;READ SECOND BYTE FROM MEMORY.
;sWRITE INTO S2815 AS MSBYTE.ADDRESS $HHH2
;SECOND WORD.

L]

;32ND. WORD,LSBYTE.

:32ND. WORD,MSBYTE.
"END OF TRANSFER.
'WRITE DUMMY DATA TO ADDRESS $HHH1.RESET S2815

Block Read would be executed by substituting LDA A for STA A, and vice versa.
where: RST EQU $HHH1

DLH EQU $HHH3
DUH EQU $HHH2
BLK EQU $HHH9
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The above code assumes that the block transfer is con-
trolled by the host processor, not using DMA. Note that
DLH must always precede DUH. 8-bit data may be
transferred using DUH only, assuming that the
significance of the data is correct.

Block transfer must be used for loading all filter coeffi-
cients (IIR1, 1IR2, FIR1, FIR2, FINT, RINT and
SQINT routines) and for loading and dumping the data
for the BMPY routine.

The DFUP Routines

21 Individual routines are stored in the S2815 Instruc-
tion Memory. Routines INIT, SETUP, BMPY and
NSET all return to the idle state after execution since

Table 3. Parameters and Transfer Data Storage Locations:

they are not repetitive functions. All other routines are
designed to be used repetitively with or without interven-
tion from the control microprocessor by using loadable
jump addresses to exit each routine. Thus, a number of
routines may be strung together by setting the exit jump
address of one to be the start address of the next. The en-
tire function may be arranged as a closed loop, so that it
will execute continuously after starting, or as an open
ended string, so that it will execute once only after start-
ing. This feature, together with the conditional synchro-
nization feature incorporated in the 4 input routines,
makes the S2815 extremely flexible as a digital
filter/signal processor peripheral. The starting addresses,
functions, parameters required and exit-jump (transfer)
address locations are shown in Table 3.

w
Zz
=
=

<
2
=z
=)
=
=
=}
(&}

ROUTINE ENTRY POINT STORAGE LOCATIONS FOR: (To be loaded using SETUP)
EXIT TRANSFER ADDRESS FOR PARAMETERS

1. INIT 01 Returns to idle None

2. SETUP 04 Returns to idle None

3. LINIP 18 or 19* Scratchpad 2 None

4. MULIP 1B or 1C Scratchpad 2 None

5. LINO1 34 Scratchpad 3 None

6. LINO2 36 RAM $1E.2 None

7. MULOP 38 Scratchpad 3 None

8. DBOP 65 RAM $1E.2 None

9. BMPY 80 Returns to idle Scratchpad 2
10. lIR1 87 Scratchpad 4 Scratchpad 7
11. HIR2 96, 97 or 98* Scratchpad 5 Scratchpad 6
12. FIR1 A7 Scratchpad 5 Scratchpad 7
13. FIR2 AF, BO or B1* Scratchpad 4 Scratchpad 7
14. RECT BC RAM $1F.2 None
15. SQUAR BF RAM $1F.2 None
16. FINT c4 RAM $1F.0 None
17. RINT CA RAM $1E.0 None
18. SQINT CE RAM $1E.0 None
19. SINE D6 RAM $1E.0 None
20. NSET E5 Returns to idle None
21. NOISE E9 RAM $1E.0 None

*See Routine Descriptions for explanation of alternative entry points

Figure 3. Input Data Significance for Register Loading
INPUT REGISTER BITS

MSBYTE (DUH) LSBYTE (DLH)

B |14} 13 12111 [110] 9 8 7 6 5 4 3 2 1 0

LOADS BASE REGISTER
LOADS BASE ADDRESSING
SECTION OF INDEX REGISTER.

LOADS LOOP COUNTER.
(No. of data pairs or filter sections)
LOADS DISPLACEMENT LOADS PROGRAM COUNTER
ADDRESSING SECTION OF (Transfer Addresses).
INDEX REGISTER
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1. Block Transfer Set-up (INIT). Entry Address $01

This routine presets the Index Register to allow block transfer to commence at any location other than 00.0 in the

S2815 data RAM. An eight-bit word is loaded into the upper half of the input register and the routine is executed as
shown:

LDA A #EXX

STA A DUH

LDA A #1

STA A XEQ
where: DUH EQU SHHH2

XEQ EQU $HHH4

where XX represents the start address for block transfer. The bits used are shown in Figure 3. The routine will be ex-

ecuted in 3 instruction cycles (0.9usec.) and the S2815 will return to the idle state. Block transfer may then commence
immediately. ’

2. Parameter and Transfer Address Set-up (SETUP). Entry address $04

This routine allows the parameters and transfer addresses to be loaded into the appropriate memory locations prior to
executing a function. The loading sequence is: Scratchpads 2 through 7, followed by main RAM locations $1E.0,
$1E.2, $1F.0 and $1F.2. The input register bits loaded into the various internal registers are shown in Figure 3.
Before executing the routine the input data for scratchpad 2 (S(2)) must be loaded into the input register. This may be
omitted when not using the input routines LINIP or MULIP. While the routine is being executed the remaining input
data must be loaded sequentially, allowing a minimum of 2 instruction cycles (0.6usec.) between each word. An exam-
ple of a 6800 language control program to execute SETUP is shown below:

SP STA A RST :RESETS S2815
LDX OFFST :LOAD MEMORY START ADDRESS INTO IX.REG.
LDA A 0X :READ FIRST BYTE (DATA FOR S(2))
STA A DLH :LOAD INTO LSBYTE OF IR
STA A DUH :LOAD INTO MSBYTE OR IR (DUMMY DATA)
LDA A #4 :LOAD ACC. WITH “SETUP” START ADDRESS
STA A XEQ :START EXECUTION
LDA A 1X :READ SECOND BYTE (DATA FOR S(3))
STA A DLH :LOAD INTO LSBYTE OF IR
STA A DUH :LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A 2X :READ THIRD BYTE (DATA FOR S(4))
STA A DLH :LOAD INTO LSBYTE OF IR
STA A DUH :LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A 3X :READ FOURTH BYTE (DATA FOR S(5))
STA A DLH :LOAD INTO LSBYTE OF IR
STA A DUH :LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A 4X :READ FIFTH BYTE (LSBYTE FOR S(6))
STA A DUH :LOAD INTO LSBYTE OF IR
LDA A 5X :READ SIXTH BYTE (MSBYTE FOR S(6))
STA A DUH :LOAD INTO MSBYTE OF IR
LDA A BX ;READ SEVENTH BYTE (LS BYTE FOR S(7))
STA A DUH :LOAD INTO LSBYTE OF IR

3.116



AM.I ~ S2815

LDA A 7X ;READ EIGHTH BYTE (MSBYTE FOR S(7))

STA A DUH ;LOAD INTO MSBYTE OF IR

LDA A 8X ;READ NINTH BYTE (DATA FOR RAM $1E.0)

STA A DUH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)

LDA A 9X ;READ TENTH BYTE (DATA FOR RAM $1E.2)

STA A DLH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)

LDA A AX ;READ ELEVENTH BYTE (DATA FOR RAM $1F.0)

STA A DLH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)

LDA A B,X READ TWELFTH BYTE (DATA FOR RAM $1F.2)

STA A DLH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)
where: RST EQU $HHH1

'DLH EQU  $HHH3
DUH EQU  $HHH2
XEQ EQU  $HHH4

Note that the sequence may be aborted at any point with a STA A RST instruction. Since transfer addresses are
stored in the LSByte of each 16-bit memory location, it is necessary to load dummy data into the MSByte (DUH) of
the input register each time to terminate word transfer. Scratchpads 6 and 7 may hold valid data in both bytes, how-
ever. After the final data is loaded, the S2815 will return to the idle state after completion of the routine. This takes 3
instruction cycles (0.9usec) maximum. If it is not necessary to load all the data (this is dependent on which routines
are used), the routine may be aborted at any point by using the RST command, allowing a minimum of 2 instruction
cycles (0.6usec) after entering the last data required.

3. Linear Input Routine (LINIP). Entry address $18 or $19

The LINIP routine takes linearly coded (i.e., non-companded) input data from the input register and loads it into
scratchpad 0 (S(0)) without modification, where it may be accessed by one of the other routines. Entering at address
$18 will cause the S2815 to wait for new input data each time the routine executes. This allows the signal processing
to be synchronized to the input sampling rate automatically, provided that the total execution time of all the routines
cascaded to realize the overall function is less than the sampling period. If no new input data has been received when
the S2815 executes line $18, then the TRQ line (interrupt request) will be set low. It will reset as soon as new data is
loaded. This will occur only if the input port is in the parallel mode, i.e., the SRI mode is not set. The IRQ line is not
activated in the serial mode. If the routine is entered at address $19, the processing will not wait for new input data
each time, and will simply re-use the old data if none has been received. The execution time of the routine is 3 instruc-
tion cycles (0.9usec) after receipt of new input data when entering at address $18, and 2 instruction cycles (0.6usec) {in-
dependent of data receipt) when entering at address $19. Input data may be up to 16 bits wide. This routine exits to
the transfer address stored in S(2).

4. Mu-Law Input Routine (MULIP). Entry address $1B or $1C

The MULIP routine takes p-255 law companded data from the input register (MSByte, bits 15-8) and loads it into S(0)
after linearization, i.e., decompanding. The conversion is exact. It is then suitable for linear processing and may be ac-
cessed by one of the other routines. Entering at address $1B will cause the S2815 to wait for new input data and set
the IRQ line low each time the routine is executed, while entering at address $1C bypasses this feature. For details see
LINIP routine description. The execution time is data dependent, being 18 instruction cycles (5.4usec) after receipt of
new input data (maximum) when entering at address $1B, and one cycle (0.3usec) less when entering at address $1C,
as for LINIP. This routine exits to the transfer address stored in S(2).

5. Linear Output Routine (LINO1). Entry address $34
The LINO1 routine takes the output data stored in S(0) and loads it into the output register without modification.
This will set the IRQ line (interrupt request) low if the output port is in the parallel mode, i.e., the SRO mode is not
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set. The IRQ line is not activated in the serial mode. The contents of the output register will be overwritten each time
the LINO1 routine is executed. The execution time is 2 instruction cycles (0.6usec). The routine exits to the transfer
address stored in S(3).

6. Alternative Linear Output Routine (LINO2). Entry address $36
This routine is identical to LINO1, except that the exit transfer address is stored in RAM $1E.2.

7. Mu-Law Output Routine (MULOP). Entry address $38

The MULOP routine takes the output data stored in S(0) and loads it into the output register (MSByte, bits 15-8)
after companding, i.e. compression according to the u-255 law. The conversion is exact. The other features of this
routine are as for LINO1. The execution time is data dependent, being 35 instruction cycles (10.5usec) maximum. The
routine exits to the transfer address stored in S(3).

8. Decibel Output Routine (DBOP). Entry address $65

This routine takes the output data stored in S(0) and loads it into the output register after converting it to negative
decibels, i.e., the result will be ‘‘dB below reference’’, or dBR without the sign. The integer portion of the output will
be in the MSByte (bits 15-8) and the fractional part in the LSByte (bits 7-0), both as hexadecimal, positive numbers,
making conversion to decimal (if required) by the control processor a simple task. All data is treated as fractional in
the S2815, i.e., it lies in the range +1. In 16 bit two’s complement hex this is represented as $8000 (—1) to $7FFF
(+1 —2-15), since +1 does not really exist in this code, being equal to —1 ($8000). The decibel reference (0dB) is taken
to be +1, so that the result of decibel conversion is always negative in the DBOP routine. The output result, however,
is expressed as a pure magnitude, without the minus sign, which is implicit. The conversion is accurate to +0.01dB
down to —20dB (0.1), +0.02dB down to —40dB (0.01), and +0.1dB down to —60dB (0.001). The conversion law used
is “voltage” to dB, i.e., 20 log;((V), and the result must be divided by two if the result is a ‘‘power”” measurement. The
execution time is data dependent, being 132 instruction cycles (39.6usec.) maximum. The routine exists to the transfer
address stored in RAM $1E.2. i

Table 4. Memory Map for BMPY Routine

DISPLACEMENT —3 0 1 2 3
BASE 00 Al B1 X P1
01 A2 B2 X P2
02 A3 B3 X P3
03 A4 B4 X P4
| ! : | I
| | | !
| ] l I |
| ]
| | [
1E A31 B31 X P31
1F A32 B32 X P32
SCRATCHPAD X X N-1 X X

A.B=input data pair
P=product, AB
X=Don'tcare

DUH DLH
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9. Block Multiply Routine (BMPY). Entry address $80

This routine allows the user to multiply together an array of up to 32 pairs of data. The routine is not cascadable with
any of the others since all data I/O must be done using the block transfer mode, and so the routine returns to the idle
state after execution. The only parameter required for executing this routine is the number of data pairs to be multiplied
N. The value of N-1 (i.e., the number of pairs minus one) is loaded into scratchpad 2, using the SETUP routine and then
the data pairs are loaded into the RAM using the block transfer procedure. The memory map for the BMPY routine is
shown in Table 4. After resetting the S2815 and setting it into the block write mode the A inputs are first loaded sequen-
tially. If there are 32 of them, the B inputs may then be loaded sequentially without any break in the procedure (see
“Block Transfer Operation”’).

If fewer than 32 pairs of data are involved, there are two ways of handling the procedure:

1) After loading the N values of A, load (32-N) dummy data inputs. Only the MSByte need be loaded (DUH). The inter-
nal addressing will then be set to accept the N values of B.

2) After loading the A inputs, reset the S2815 again and execute the INIT routine to set the index register to address
$00.1. The input data will be $0100, although only the MSByte need be loaded (DUH = $01). Then set the S2815 into the
block write mode again (without resetting) and continue loading the B inputs.

After the data pairs are loaded, the S2815 should be reset and the routine BMPY executed. The execution time is 4 +
3N instruction cycles, so that for 32 data pairs this will be 100 cycles (30usec.). After execution the S2815 will return to
the idle state and set the IRQ line low, to indicate completion. The final product (Py) is available in the output register
at this time and may be read without the use of the block transfer mode. This is useful when multiplying single data
pairs. To read all the products it is necessary to first reset the S2815 and execute INIT to set the index register to ad-
dress $00.3. The input data will be $0300 (DUH =$03). Setting the S2815 into the block read mode then allows the N
products P to be read sequentially. Finally, the S2815 should be reset again to bring it out of the block transfer mode.
The 6800 program shown below will execute the BMPY program to multiply together 2 data pairs. For simplicity, only
8 bit input data is used (DUH) and only the MSByte of the product is read, although products will be computed to 16
bits of precision for all data up to 12 bits wide.

BY LDA A #$10 ;1=N-1.(22 DATA PAIRS})
STA A DLH ;LOAD INTO LSBYTE OF IR
STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A #4 ;4 = “SETUP” START ADDRESS
STA A XEQ ;EXECUTE SETUP
STA A RST ;RESET S2815
STA A BLK ;PUT S2815 INTO BLK WRITE MODE
LDX OFFST ;LOAD DATA START ADDRESS INTO IX.REG.
LDA A 0,X ;READ FIRST A
STA A DUH ;LOAD INTO MSBYTE OF IR
LDA A 1X ;READ SECOND A
STA A DUH ;LOAD INTO MSBYTE OF IR
STA A RST ;RESET S§2815.EXIT BLK MODE
LDA A #1 ;1= PRESET FOR S$2815 IX,ALSO “INIT” START ADDRESS
STA A DUH ;LOAD INTO MSBYTE OF IR
STA A XEQ ;EXECUTE INIT
STA A BLK ;PUT S2815 INTO BLK WRITE MODE
LDA A 2X ;READ FIRST B
STA A DUH ;LOAD INTO MSBYTE OF IR
LDA A 3X ;READ SECOND B
STA A DUH ;LOAD INTO MSBYTE OF IR
STA A RST ;RESET S2815.EXIT BLK MODE
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LDA A #$80 ;$80 = “BMPY”” START ADDRESS
STA A XEQ ;EXECUTE BMPY
WAL ;JWAIT FOR INTERRUPT

STA A RST :START OF INTERRUPT ROUTINE.RESET S2815
LDA A #3 :3 = PRESET FOR $2815 IX '
STA A DUH ;LOAD INTO MSBYTE OF IR
LDA A #1 ;1 =“INIT” START ADDRESS
STA A XEQ ;EXECUTE INIT
LDA A BLK ;PUT S2815 INTO BLK READ MODE
LDA A DUH :READ FIRST PRODUCT
STA A 4X ;STORE IN MEMORY
LDA A DUH ;READ SECOND PRODUCT
STA A 5X ;STORE IN MEMORY
STA A RST :RESET S2815.EXIT BLK MODE
where: RST EQU $HHHA
DLH EQU $HHH3
DUH EQU 1HHH2
XEQ EQU $HHH4
BLK EQU $HHH9

This program is intended to be instructional rather than practical, since the multiplication of such small arrays of 8
bit numbers can be done more effectively by other means, e.g., using a 6809 microprocessor. However, the extremely
fast multiplication time of the S2815 makes this an effective way of dealing with large arrays.

10. Recursive (IIR) Digital Filter Routine IIR1. Entry address $87

This routine executes a number of biquadratic filter sections in cascade. The number of sections can be 1-16. The
routine takes its input data from, and returns the output data to, Scratchpad 0. Each filter section occupies 2 bases of
RAM in the data memory, with successive filter sections mapped into sequential base pairs as shown in Table 5. In
order to be able to use this routine in conjunction with others, e.g., a transversal filter routine, it is possible to set the
start base to any value, provided that enough space is left for the other filter sections, ie., start base (Max.}=
32—2x (number of filter sections), e.g., for a 8th order filter (4 sections) start base (Max)=32 —8=24 ($18).

The data for the start base (bits 15-11) and (number of sections —1) (bits 8-4) is stored in S(7), and the exit transfer ad-
dress is stored in S(4). These should be loaded using the SETUP routine, and the filter coefficients loaded using block
transfer. Due to the algorithm used ALL FILTER COEFFICIENTS MUST BE HALVED BEFORE LOADING.
This allows filter coefficients in the range +2 to be used with purely fractional arithmetic.

Table 5. Memory Map and Flow Chart for lIR1 and lIR2 Routines

DISPLACEMENT —> 0 1 2 3
BASE B — 2by(1) Yaay(1) 2wo(1) X
B+1 ) Voay (1) 2wq(1) X
B+2 — Y2by(2) 23,(2) 2wol2) X
B+3 —Y2by(2) Y224(2) 2w1(2) X
| ! | | |
| | | | |
| | I | I
NOTE: (1), {(2) .. ... means data for filter section 1, 2, etc.
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Table 5. (Continued)

START
XO—) acc.
1

add b1W1 :
S
— z
add b2W2 §
T 3

store result (Wy) = Xg + Dywy + Dows
|
add a,wy
I
add a,w,
|
Result=output =wy +a;w; +ayWp
|
update wy

I

update w4 and double

END

The algorithm. The basic algorithm used is the canonic form of biquadric difference equation:
Wy = X9 + bywy; + bawy
Yo = Wo + ayw; + agws
where x; = the new input sample (Nth)
wp = the new intermediate output (Nth)
w; = the previous intermediate output (N-1th)
wy = The second previous intermediate output (N-2th)
Yo = new section output (Nth)
Thus the transfer function is:
Hiz) = 1+ ajz—1 +aga—2
1—byz=1 — boz—2
Note the signs of the denominator co-efficients (b; and by).
Since coefficients a; and b; can lie in the range +2 it is necessary to perform some scaling to fit them into the frac-
tional arithmetic of the S2815. The scheme used is: halve all coefficients and double all stored data, as shown in Table

5. Thus, all products of coefficients and data remain unchanged. This does, of course, have implications on the
dynamic range of the system, since the signal levels throughout the system must be 6dB lower than would be possible
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otherwise, in order to avoid overflow when the data is doubled. Note that the system normally operates with satura-
tion arithmetic, since the SOP mode is automatically set. The user can change this by setting the COP mode from the
control processor. However, instability may occur after overflow when operating in this mode. As with any digital
filter, care must be taken with the gains that occur in most types of filters, especially in high Q sections. The optimum
sequencing of both the numerators and the denominators of the transfer function polynomial is crucial to realize the
maximum dynamic range of the system.

The use of this routine, including the host processor program, is illustrated in an applications example later in this
Product Description. The execution time is 12 N+ 3 instruction cycles per sample (3.6N + 0.9usec) for an N section
filter.

11. Recursive (IIR) Digital Filter Routine IIR2. Entry Address $96, $97 or $98

The function of this routine is similar to that of IIR1. The only differences are that a data input routine {equivalent to
using LINTP) is available at the start, and the parameters and exit transfer address are stored in S(6) and S(5) respec-
tively. Entering the routine at address $96 provides the ‘‘wait for new input’” function, and entering at address $97
bypasses this feature (see description of LINIP routine). Entering at address $98 bypasses the input function
altogether, and the input data will be taken from S(0), as with IIR1. The 2 recursive filter routines may be used
together by mapping their data into different areas of the RAM, by using different start bases. The maximum total
number of filter sections (shared between the 2 routines) remains at 16. By using the input function built into IIR2
and using LINIP to load data into IIR1, and by using separate output routines (LINO1 and LINO?2), it is possible to
process two completely independent signals simultaneously, as long as they have the same sampling frequency. A
typical routine sequence (in a closed loop function) would be LINIP—IIR1—LINO1-IIR2—LINO2—>back to
LINIP. The execution time is 12N+ 3 instruction cycles per sample (3.6N +0.9usec) for an N section filter (as for ITR1)
when entering at address $98, and 2 or 1 instruction cycles longer when entering at address $96 or $97 respectively.

12. Transversal (FIR) Digital Filter Routine FIR1. Entry Address $A7

This routine executes a transversal (non-recursive, or FIR) filter function with 1-32 taps. The routine takes its input
data from, and returns the output data to, scratchpad 0. The memory map for this routine (and for routine FIR2) is
shown in Table 6. The data starts at base 0 at all times. The coefficients should be loaded using block transfer and the

(number of taps —1) data is stored in S(7) (bits 8-4). The exit transfer address is stored in S(5). The two scratchpad
locations should be loaded using the SETUP routine.

Table 6. Memory Map FIR1 and FIR2 Routines

DISPLACEMENT | 0 | 1 2 | 3
BASE 00 a ag X X
01 ay dq X4 X1
02 do ay Xo Xo
03 a3 d3 X3 X3
| ] 1 ] 1
i ' i ! i
, !
! } )
Data for FIR1 Routine J ) L— Data for FIR2 Routine

Note: Scratch pads 1 and 6 are also used for routine to routine transfer when the filters are concatenated.

The algorithm. The algorithm used is straightforward. It computes the sum of products

Yo=apXp + arx; + agXg..... aN—-1XN-1
where the x; are input data samples in reverse chronological order, i.e., xg is the new input sample, xy—; the oldest re-
maining in the storage register. The computation sequence is left to right, i.e., agx, first, then add a; x,, etc. Care must
be taken to avoid overflow due to the system gain. The execution time for an N tap filter is N + 7 instruction cycles.
(0.3N + 2.1usec.) e.g. a 32 tap filter will be executed in 39 cycles, 11.7usec.
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13. Transversal (FIR) Digital Filter Routine FIR2. Entry Address $AF, $B0, or $B1

This routine is very similar to FIR1 except that a data input routine (equivalent to using LINIP) is available at the
start; and the exit transfer address is stored in S(4). It is possible to operate both FIR filter routines concurrently,
since they use mutually exclusive RAM locations for their signal and coefficient data, as shown in Table 6. However,
since both routines use S(7) to store the data for the number of taps in the filters, they are constrained to be equal in
length. This is not a problem in practice since one filter may easily be made shorter than the other by using coefficient
values of zero for the unwanted taps. Note that if entry addresses $AF or $B0 are used for FIR2 then this routine exe-
cutes an independent filter function, with separate input and output from FIR1, but if entry address $B1 is used then
the routine is automatically appended to FIR1 to extend the length of the filter, up to a maximum of 64 taps. This oc-
curs because the last tap data in FIR1 is loaded into the first tap position of FIR2 in the next sample period.
However, the output data of the 2 routines are still treated separately. They must be read out with separate output
routines (LINO1 and LINOZ2) and summed by the control processor to give the total sum of products for the whole
filter. A typical routine sequence {In a closed loop function) for using FIR1 and FIR2 would be

LINIP-FIR1—LINO1-FIR2—LINO2~>back to LINIP

If FIR2 is entered at addresses $AF or $BO0 then this will execute 2 independent filters of the same length with
separate 1/O. If FIR2 is entered at $B1 then the function becomes a single double length filter with a single input and
2 outputs which must be summed externally.

The execution time of FIR2 is N+ 10 instruction cycles per sample (0.3N+3.0usec) for an N tap filter when entering at
address $B1, and 2 or 1 instruction cycles longer when entering at addresses $AF or $B0.

14. Rectifier Routine, RECT. Entry Address $BC

This routine gives the absolute value of the input data, so that in analog terms it acts as a perfect full wave rectifier.
It will usually be used with the routine FINT. It takes its input from, and returns the output to S(0), and the exit
transfer address is stored in RAM $1F.2 using the SETUP routine. The execution time is 3 instruction cycles
(0.9usec).

15. Squaring Routine, SQUAR. Entry Address $BF

This routine squares the input data, so that in analog terms the output is representative of the power level of the
signal. When used with the FINT routine the result will be the mean square signal level. It takes its input from, and
returns the output to, S(0), and the exit transfer address is stored in RAM $1F.2 using the SETUP routine. The exe-
cution time is 5 instruction cycles. {1.5usec.)

16. First Order Integrator Routine, FINT. Entry Address $C4

This routine executes a first order recursive filter function, and although it is intended to be used as an integrator, it
will equally act as a high or low pass filter. The function will be dependent on the coefficient b; used in the algorithm.
Yo =% T by
giving the transfer function

Ho=__ !

1—- bl z—1

When b, = +1 the system becomes a perfect, i.e., zero leakage, or infinite time constant, integrator. This is not quite
attainable in practice since the maximum possible value of b; is $7FF0. (The last hexad is a zero not F, because the
coefficient is truncated to 12 bits at the multiplier input.) This is equivalent to a decimal value of 0.9995. The coeffi-
cient by is stored in RAM location $1F.1 using block transfer, and the exit transfer address is stored in RAM $1F.0
using the SETUP routine. The execution time is 6 instruction cycles (1.8usec.).

17. Rectify and Integrate Routine, RINT. Entry address $CA

This routine is equivalent to a combination of RECT and FINT. The coefficient b, is stored in RAM location $1D.1
using block transfer, and the exit transfer address is stored in RAM $1E.0 using the SETUP routine. The execution
time is 8 instruction cycles (2.4usec.) making it 1 cycle faster than using RECT and FINT.
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18. Square and Integrate Routine, SQINT. Entry Address $CE

This routine is equivalent to a combination of SQUAR and FINT: The coefficient b, is stored in RAM location $1D.1
using block transfer, and the exit transfer address is stored in RAM $1E.0 using the SETUP routine. The execution
time is 8 instruction cycles (2.4usec.) making it 3 cycles faster than using SQUAR and FINT.

19. Sine Generator Routine, SINE. Entry address $D6

This routine computes the sine of the input angle. The input data is required in the form of w/n so that input data
varying from —1 to +1 will represent angles from —n to +n, covering a full cycle, or rotation. Cosines may be obtain-
ed by complementing the angle.

The algorithm. The 2 MSBs of the input angle (B;5-B;4) denote the quadrant in which angle lies. This information is
first extracted and stored. The next 4 bits (B;3-B;() are then used to address a 16 step sine/cosine lookup table, giving
64 values for the quantized angle in the 4 quadrants. The remaining bits are then used to interpolate between these 64
values, using the relationship:

sinfA+d}=sin A cosd+ cos A sind

and the approximations cos d = 1
and sind = ¢

giving sin (A + d)=sin A + d cos A

Since d < 6° (360/64) the maximum error in the approximation is 0.5% so that the result is correct to approximately 9
bits, including the sign. The routine takes its input from, and returns the output to, S(0), so that it may be used as
data either for an output routine or as an input for one of the other computational routines. The execution time of the
routine is 15 instruction cycles (4.5usec.).

} for small values of 4

20. Noise Generator Setup Routine, NSET. Entry Address $E5

This routine sets up a non-zero starting value in the RAM location used as the register for the PRBS in the NOISE
routine, and also allows the user to set a scaling factor for the output level of the noise. The peak level of the noise is
equal to the scale factor used. A 6800 control program to execute this function is shown below:

LDA A #SCALE ;FETCH SCALE FACTOR
STA A DUH ;LOAD INTO IR (MSBYTE)
STA A XEQ ;EXECUTE NSET

where: DUH EQU $HHH2
XEQ EQU $HHH4

and SCALE is the desired scale factor in the range $00 to $7F. It is assumed that 8 bit precision is sufficient for the
scale factor, but a 12 bit scale factor may be used if desired. The execution time of the routine is 4 instruction cycles
(1.2usec.) and the routine returns to the idle state after execution.

21. Noise Generator Routine, NOISE. Entry Address $E9

This routine generates a pseudo-random-binary-sequence of length 32767 cycles (215 —1) using a 15 bit shift register
with linear (exclusive - OR) feedback from the last 2 bits. The register is actually RAM location $1D.0, so that the
result is that a pseudo-random number in the range $0001 to $7FFF is generated in this address. The value is then
offset by $4000 to make the range symmetrical about zero (to eliminate the D.C. component) and doubled, making the
new range $FFFE to $7FFE. It is then multiplied by the scaling factor loaded using the NSET routine, so that any
peak value may be obtained. The output is loaded into S(0), so that it may be used as data either for an output routine
or as an input for one of the other computational routines. The execution time of the routine randomly varies from 16
to 17 instruction cycles (4.8 - 5.1usec.), with a mean time of 16.5 cycles over the entire sequence.

Cascading the Routines to Perform Functions

In order to perform a real function with the S2815 it is necessary to cascade a number of routines by setting up the
appropriate exit transfer addresses to cause each routine to jump to the entry address of the next. The complete se-
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quence may be open ended, jumping to the idle state after executing the final routine, or closed loop, jumping back to
the entry address of the first routine after executing the last. A sequence will usually consist of an input/generation
routine, followed by a chain of computational routines, ending in an output routine. This is explained in more detail in
the examples.

Compatibility and Mutual Exclusivity of Routines

Since some routines share common storage locations for their exit transfer addresses, they are generally incompati-
ble, or mutually exclusive, e.g., the two input routines LINIP and MULIP both use S(2) to store their exit transfer ad-
dresses, and consequently the function executed will be identical after exit from either of these two routines. In a clos-
ed loop situation, therefore, the function will always return to the same input routine after completion of the cycle, so
that the other input routine becomes redundant. However, it is very unlikely that a situation would arise where both
input routines would be required within the same closed loop program, so that this mutual exclusivity is very unlikely
to be a problem.

The reason for using common exit transfer address storage locations is to reduce the memory requirement for this
function, so as to make more memory available for the computational routines, such as the IIR and FIR routines. It
will be found that in most cases no conflict will occur since the storage locations have been allocated in such a way as
to minimize the mutual exclusivity of routines that are likely to be used together.

Another factor that can cause unwanted interaction between routines is common allocation of addresses for coeffi-
cients and/or data used internally in routines. In some cases this data is only stored temporarily in these locations and
it is not necessary to preserve these data from one sample period to the next, however, in other cases this is not so. A
good example is the use of scratchpads 1 and 6 in the FIR2 routine. These are always used (and overwritten) during
the execution of this routine, but are only used for sample to sample data storage if this routine is used to extend the
length of a filter with FIR1 i.e, by entering at address $B1. In the latter case the execution of the routine will be upset
if another routine using these scratchpads (e.g., SINE, which uses S(1)) is incorporated in the program sequence. The
memory maps for the BMPY, ITR1 & 2, and FIR1 & 2 routines are shown in Tables 4, 5, and 6. The address used in
these routines are dynamically allocated according to the requirements e.g., the number of taps in the FIR filters, and
care must be taken when using these routines in conjunction with others. A memory map for the locations used by the
other routines is shown in Table 7.

Table 7. Memory Map for Routines (except BMPY, IIR and FIR)

[ se 0 1 2 3
1/0 DATA (MOST ROUTINES) | T(4, 7, 8, 13, 19) D(13)* £3, 4) E(5, 7)
| sp 4 5 6 7
E(10, 13) E(11, 12) P(11) P(10, 12, 13)
—>DISPLACEMENT
BASE} 0 1 2 3
1C. T(8) T(8)
1D. n(21) T(21) (17, 18) c(21) T(21) D(17, 18)
1E. E(17, 18, 19, 21) T(18) £(6.8) T(15)
1F. E(16) C(16) E(14, 15) D(16)
NOTES: E = EXIT TRANSFER ADDRESS
P = PARAMETERS (BASE REGISTER AND LOOP COUNTER DATA)
C = COEFFICIENT
D = DATA (STORED FROM ONE SAMPLE PERIOD TO NEXT)
T = TEMPORARY DATA (USED ONLY DURING EXECUTION CYCLE)
(n) = ROUTINE NUMBER IN WHICH IT IS USED

(see Table 3 for cross-reference to routines)
*ONLY WHEN FIR2 ROUTINE IS ENTERED AT ADDRESS $B1 TO CONCATENATE FILTERS.
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Hardware

The minimum hardware for the S2815 is shown in Figure 4. This does not include any provisions for analog interfac-
ing, which is treated in the next section. The S6846 ROM/I/O/TIMER is used to store the S6802 control program and
parameters, handle the parallel I/O from the S2815 and generate timing signals, e.g., sampling control. The
microprocessor is synchronized to the sampling period by means of the NMI signal generated by the EOC (end of con-
version) output of the A to D converter, if necessary. (This is unnecessary when using the serial port of the S2815 to
handle the data from the A to D converter.)

Figure 4. Minimum Hardware Configuration
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Interfacing to the Serial Port

" The serial port allows bidirectional asynchronous interfacing between the S2815 and other devices such as successive
approximation A/D converters and PCM Codecs or highways (using the MULIP and MULOP routines). Note that
the data is inverted on both input and output. Data is clocked into and out of the S2815 with the serial clocks SICK
and SOCK respectively, and gated with the enable lines SIEN and SOEN. The timing is shown in Figure 5.

Figure 5. $2815 Serial Interface Timing
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SIEN MUST BE SYNCHRONIZED TO THE FALLING EDGE OF SICK SUCH THAT THE RISE AND FALL OF SIEN FOLLOW
FALLING EDGE OF SICK.

DATA MAY CONTAIN 1 TO 16 BITS DEFINED BY WIDTH OF SIEN. SPP WILL LEFT JUSTIFY DATA WORDS 16 BITS.
DATA ARE SAMPLED ON THE TRAILING EDGE OF SICK.

- MINIMUM 16 SICK PULSES + 64 CYCLES OF S2815 OSCILLATOR ARE REQUIRED BETWEEN SIEN RISING ENGES.
. IF SERIAL INPUT BUFFER IS FULL, SPP WILL IGNORE NEW INPUT SAMPLES.

. THE SERIAL DATA IS INVERTED AND MAY BE EITHEA IN SIGN + MAGNITUDE OR TWO'S COMPLEMENT CODE.
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. RISE AND FALL OF SOEN MUST FOLLOW FALLING EDGE OF SOCK.
OUTPUT DATA WILL BE 1 T0 16 BITS DEFINED BY WIDTH OF SOEN.

DATA ARE VALID FROM RISING EDGE TO RISING EDGE OF SOCK SO THAT THE RECEIVING SYSTEM CAN SAMPLE
DATA ON TRAILING EDGE.

MINIMUM 16 SOCK PULSES + 64 CYCLES OF $2815 OSCILLATOR ARE REQUIRED BETWEEN SOEN RISING EDGES.
IF THE SERIAL OUTPUT BUFFER IS EMPTY, ALL ONES WILL BE DUTPUT.

SO WILL BE IN A HIGH IMPEDANCE STATE WHEN NOT ENABLED BY SERIAL OUTPUT SEQUENCE.

THE SERIAL DATA IS INVERTED AND MAYBE EITHER IN SIGN + MAGNITUDE OR TWO'S COMPLEMENT CODE.
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ADVANCED PRODUCT DESCRIPTION
- S2816

Please note: the S2816 has been replaced with the S28216
which is an NMOS direct pin for pin electrical and functional
replacement for the S2816.

Features
[ S2811 Based System With Echo Canceller
: Routines

O Especially Suited to Single-Hop or Double-Hop
Satellite and Long Haul Terrestrial Circuits

Eliminates Echo Without Signal Degradation
Allows Full-Duplex Speech
Accommodates Unlimited Long Haul Delays

Operates With Local Loop Delays of Up to
25mSec. Expandable in 25mSec Increments Up to
100mSec

Cancel Echoes With up to 6mSec Dispersion
J Convergence Time < 250mSec

oo oo

]

ECHO CANCELLER
PROCESSOR (ECP)

General Description

The AMI S2816 Echo Canceller Processor (ECP) is a pre-
programmed version of the S2811 Signal Processing
Peripheral. Architectural and internal operating details
of the S2811 may be found in the S2811 Advanced Pro-
duct Description. The S2816 is designed to provide the
main echo canceller processing functions in a micropro-
cessor based split-type echo canceller system. Program-
med functions provided by the $2816 include 255 law-
to-linear and linear-to-u255 law 1/O conversion, local loop
delay estimation, 48-tap auto-equalizing transversal
filter, silence detection, and echo canceller performance
estimation. This collection of routines allows the S2816
to dynamically eliminate echoes from long distance
satellite undersea cable and terrestrial communication
systems, employing either analog or digital links.

Typical System Application
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Pin Configuration

NOTE:

PIN FUNCTIONS
PARENTHESIS APPLY
ONLY FOR 8 VERSION
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Echo Canceller Routines
I/0 Conversion

The input and output conversion routines are optional
routines used when the echo canceller is placed in a PCM
data stream, or when the echo canceller is placed in an
analog data stream and a codec is used at the interface.
The input conversion routine converts u255 law PCM
data to linear data. The output conversion routine con-
verts linear data to u255 law PCM data.

Local Loop Delay Estimator

The local loop delay estimator is used to determine the
delay around the local loop. This information is supplied
to the control processor which transfers the received data
delayed by this estimate. The maximum local loop delay
handling capability of the S2816 is 25.6mSec. May be
expanded in 25mSec increments to 100mSec by adding
additional memory storage.

Auto-Equalizing Transversal Filter

The auto-equalizing transversal filter is used to model the
echo so that it may be subtracted from the signal pre-
sented on the long haul side. A 48-tap filter is used to ac-
complish this task. Echoes with up to 6mSec dispersion
may be eliminated by this arrangement.

Silence Detector

The silence detector is used to control the learning rate of
the auto-equalizing transversal filter; the silence detector
routine calculates the running power average and makes
a decision whether the incoming signal is speech or noise.
If there is no signal to learn on, or there is a high level in-
terfering signal, learning is suspended.

Echo Canceller Performance Estimator

The Echo Canceller performance estimate, like the silence
detector, is used to set the learning rate of the echo
canceller. The learning rate of the canceller is set at a
level which is proportional to the estimated performance.
Performance is based on the ratio of the running
averages of the signal before and after cancellation. This
ratio is used to control the learning rate of the auto-
equalizing transversal filter. Convergence time, for 18dB
echo cancellation with a 6dB Echo Return Loss (ERL), is
less than 500mSec plus the local loop delay time.

System Application

A proposed echo canceller system based on the S2816 is
shown in Figure 2 together with the expected perfor-
mance specifications. The S3507 codecs provide the re-
quired interfacing to the analog data stream. The
S68A52 synchronous serial data adapter is used to con-
vert the serial data stream into 8-bit words which can
then be loaded into the S6810 RAM. The S6810 is used
to store the receive data for a period of time equal to the
local loop delay and then loaded into the S2816 for pro-
cessing. The S6846 ROM-1/0O-Timing is used to store the
S6802 program, control the I/O between the S6802 and
S2816, and provide timing signals required by the
codec’s. The S2816 performs the echo cancelling routines
outlined above. Finally, the S6802 controls and monitors
the entire operation.

Typical Echo System Specifications Using the $2816

[J Echo Return Loss (ERL) >6dB
[l Residual Echo (Center
Clipping Operating/Echo
Suppression at High S/N
Ratios) <—60dBmo

L] Convergence Time:
ERL of 6dB
and R;, of —10dBmo)

{7 Maximum Tail Circuit

12dB < 250mSec
18dB < 500mSec

25.6mSec (1200 mi.

Delay

Nominal Transmission
Levels

Insertion Loss

Frequency Response

Harmonic Distortion

nominal)

+7dBm receive path
—16dBm send path

0 +0.5dB, @1004Hz

+0.5dB, 300-3200Hz
Ref. to 1IKHz

<1% for OdBmo test
tone @1004Hz

[J Idle Noise <16dBrnco
[} Envelope Delay <100pSec,
Distortion 500-3000Hz
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System Application
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S3501/S3501A, S3502/S3502A

Features

0 CMOS Process for Low Power Dissipation

O Full Independent Encoder with Filter and
Decoder with Filter Chip Set

O Meets or Exceeds AT&T D3 and CCITT G. 711
and G. 733 Specifications

O On-Chip Dual Bandwidth Phase-Lock Loop

Derives All Timing and Provides Automatic

Power Down

Low Absolute Group and Relative Delay

Distortion

O Single Negative Polarity Voltage Reference Input

0 Encoder with Filter Chip Has Built-In Dual
Speed Auto Zero Circuit with Rapid Acquisition
During Power Up that Eliminates Long Term
Drift Errors and Need for Trimming

O Serial Data Rates from 56kb/s to 3.152Mb/s at
8kHz Nominal Sampling Rate

O Programmable Gain Input/Output Amplifier
Stages

O

SINGLE CHANNEL
u-LAWPCMCODEC/FILTERSET

[J CCIS* Compatible A/B Signaling Option—
S3501A/S3502A

General Description

The S3501 and S3502 form a monolithic CMOS Compan-
ding Encoder/Decoder chip set designed to implement
the per channel voice frequency CODECS used in PCM
Channel Bank and PBX systems requiring a u-255 law
transfer characteristic. Each chip contains two sections:
(1) a band-limiting filter, and (2) an analog « digital
conversion circuit that conforms to the u-255 law transfer
characteristic. Transmission and reception of 8-bit data
words containing the analog information is typically per-
formed at 1.544Mb/s rate with analog sampling occur-
ring at 8kHz rate. A strobe input is provided for syn-
chronizing the transmission and reception of time multi-
plexed PCM information of several channels over a single
transmission line.

*Common Channel Interoffice Signaling

S$3501 Block Diagram Encoder with Filter

Pin Configuration
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S§3502 Block Diagram Decoder with Filter
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$3501 Encoder with Filter
Functional Description

S3501 Encoder with Filter chip consists of (1) a bandpass
filter with D3 filter characteristic, (2) an analog to digital
converter that uses a capacitor array, (3) a phaselock loop
that generates all internal timing signals from the exter-
nally supplied strobe signal and (4) control logic that per-
forms miscellaneous logic functions.

The band-limiting filter is a 5th order low pass elliptic
filter followed by a third order Chebyshev high pass
filter. The combined response characteristic (Figure 3) ex-
ceeds the D3 filter specifications. Note that the loss
below 65Hz is at least 25dB which helps minimize the
effect of power frequency induced noise.

The analog to digital converter utilizes a capacitor array
based on charge redistribution technique (Ref. 1) to per-
form the analog to digital conversion with a u-255 law
transfer characteristic (see Figure 4).

The timing signals required for the band-pass filter
(128kHz and 8kHz) and analog to digital converter
(1.024MHz) are generated by a phase-lock loop compri-
sing a VCO, a frequency divider, a loop filter and a lock
detector. The loop locks to the externally supplied 8kHz
strobe pulses. In the absence of the strobe pulses, the
lock detector detects the unlocked condition and forces
the device into a power-down mode thereby reducing
power dissipation to a minimum. Thus power-down mode
is easily implemented by simply gating the strobe pulses
“off” when the channel is idle. The lock-up time, when
strobe pulses are gated “on”, is approximately 20ms.
During this time the device outputs an idle code (all 1's)
until lock-up is achieved. Note that signaling information
is not transmitted during this time.

The control logic implements the loading of the output
shift register, gating and shifting of the data word,
signaling logic and other miscellaneous functions. A new
analog sample is acquired on the rising edge of the strobe
pulse. The data word representing the previous analog
sample is loaded into the output shift register at this
time and shifted out on the positive transitions of the
shift clock during the strobe “on’ time. (See Figure 1.)
The signaling information is latched immediately after
the A/B select input makes a transition. The A" signal-
ing input is selected after a positive transition and the
B signaling input is selected after a negative transition.
Signaling information is transmitted in the eighth bit
position (L.SB) of the next frame. (See Figures 1 and 2.) In
the CCIS compatible A/B signaling option, the A bit is
transmitted during the first data bit time. B bit is
transmitted during the remaining 7-bit times. (See
Figures 1 and 2.)

“All zero" code suppression is provided so that negative
input signal values between the decision value numbers
127 and 128 are encoded as ‘‘00000010" after signalling
insertion has been done.

S§3501 Encoder with Filter
Pin Function Descriptions

Strobe: (Refer to Figure 1 for timing diagram.) This TTL
compatible input is typically driven by a pulse stream of
8kHz rate. Its active state is defined as a logic 1 level and
should be active for a duration of 8 clock cycles of the shift
clock. A logic ““1” initiates the following functions: (1} in-
structs the device to acquire a new analog sample on the
rising edge of the signal (logic 0 to logic 1 transition); (2) in-
structs the device to output the data word representing the
previous analog sample onto the PCM-out pin serially at
the shift clock rate during its active state; {3) forces the
PCM-out buffer into an active state. A logic ‘0’ forces the
PCM-out buffer into a high impedance state if the Out Con-
trol pin is wired to Vpp. This input provides the sync infor-
mation to the phase-lock loop from which all internal tim-
ing is developed. The absence of the strobe conveys power-
down status to the device. (See functional description of
the phase-lock loop for details.)

Shift Clock: This TTL compatible input is typically a
square wave signal at 1.544MHz. The device can operate
with clock rates from 56kHz (as in the single channel
7-bit PCM system) to 3.152MHz (as in the T1-C carrier
system). Data is shifted out of the PCM-out buffer on the
rising edges of the clock after a valid logic 0 to logic 1
transition of the strobe signal.

PCM-Out: This is an open drain buffer capable of driving
one low power Schottky (74LS) TTL load with a suitable
external pull-up resistor (1kQ). This buffer is in active
state (as controlled by the value of the data bit) whenever
the strobe signal is a logic 1 and is in a high impedance
state when the strobe input is a logic 0 and if the out con-
trol pin is wired to Vpp supply. When the out control is
wired to Vgg the state of the output buffer is controlled
by the value of the data bit being shifted out. For 56kHz
and 64kHz PCM systems where output data is a contin-
uous bit stream, the out control pin should be connected
to Vgg.

A/B Select: (S3051 only) (Refer to Figure 2 for timing
diagram.) This TTL compatible input is provided in order
to select the path for the signaling information. It is a
transition sensitive input. A positive transition on this
input prior to the negative transition of the strobe input
selects the “A"" signaling input and is transmitted as the
eighth bit in the subsequent frame. Similarly, a negative
transition causes selection and transmission of informa-

3.132



AMI

S3501/S3501A, S3502/S3502A

tion on the “B’’ signaling input. Because it is a transition
sensitive input, tying it to Vpp or Vgg disables A/B
signaling.

A SIG IN, B SIG IN: These two T'TL compatible inputs
are provided to allow multiplexing of signaling informa-
tion into the transmitted PCM data word in the eighth
bit position in accordance with the timing diagram of
Figure 2.

A/B Out: (S3501A only.) This is an open drain buffer-

capable of driving one low power Schottky (74LS) TTL
load with a suitable external pull-up resistor 10kQ). This
is an optional output for implementing CCIS compatible
A/B signaling. (See Figure 2b.) During data bit 1 time, A
signaling bit is output. During remaining 7-bit times, B
signaling bit is output. This output is in a high impe-
dance state when strobe is not present.

Out Control: This is a CMOS compatible input and must
be wired to either the Vpp or Vgg (except in ‘test’ mode).
When connected to the Vgg, The PCM-out buffer is
always in the active state. For continuous analog-to-
PCM operation at 56 or 64kb/sec, Out Control should be
tied to Vss.

Vin—: Vin+s ViNF: These three pins are provided for con-
necting analog signals in the range of —Vggyp to +Vgpr
to the device. Viy_ and Vi are the inputs of a high in-
put impedance op amp and Vyp is the output of this op
amp. These three pins allow the user complete control
over the input stage so that the input stage can be con-
nected as a unity gain amplifier, amplifier with gain, amp-
lifier with adjustable gain or as a differential input ampli-
fier. The adjustable gain configuration will facilitate
calibration of the transmit channel and testing of the en-
coder in a stand alone situation. The input stage also
allows the user to construct an anti-aliasing filter to
provide sufficient suppression at 128kHz. (See Design

Considerations on page 13.)

—Vggr: The input provides the conversion reference for
the analog to digital conversion circuit. A value of
—3volts is required. The reference must maintain
100ppM/°C regulation over the operating temperature
range. A high input impedance buffer is provided on this
input which facilitates bussing of the same reference
voltage to several devices.

AZ Filter: A capacitor Cpz (nominal .022uF) is required
from this pin to analog ground for the functioning of the
on-chip auto zero circuit. The most significant bit (sign
bit) is filtered by the auto zero circuit and fed back to the
input of the A/D converter to compensate for filter output
offset variations. This technique insures that the long
term average of the sign bit will be zero.

Analog Ground, Digital Ground: Two separate pins are
provided for connection of analog signals referenced to
analog ground and digital signals referenced to digital
ground. This minimizes switching noise associated with
the digital signals from affecting the analog signals.

Vpp, Vss: These are positive and negative supply pins.

Loop Filter: A capacitor Cj,oop (nominal .1uF) is required
from this pin to digital ground to provide filtering of the
phase comparator output.

Test: This pin is provided to allow for separate testing of
the filter and encoder sections of the circuit. The circuit
functions normally when this pin is connected to Vgg.
When this pin is connected to Vpp, test mode results. In
this mode when A SIG IN and B SIG IN inputs are con-
nected to Vgg the filter output is disconnected from the
encoder input. The encoder input is connected instead to
the Out Control pin. For all other logical combinations of
the A SIG IN and B SIG IN inputs the filter output is
connected to the Out Control pin.

Ref. 1:“A Two Chip PCM Voice CODEC with Filters,” IEEE Journal of Solid State Circuits December 1979,
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Figure 1-A. Typical Waveforms in a Time Multiplexed System
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SHFT CLOCK AND RISING EDGE OF STROBE SIGNAL {see Fiqure 2C).

Figure 1-B. Waveform Detail

Le— =

30",
507,
10
» i -
SHIFT CLOCK e N »lis -
- v
tsc
> (0N)
1,
STROBE -l - (0FF) -
- - lYon > < ldon
PCM 0UT
> g - -y -

Figure 1-C. 64kHz Continuous Bit Stream Application

256kHz

S S I o S o S s Y s S s I s A

STROBE (8kHz) 1

DATAT X sss X 1mss X w2 DEE

NOTES:

1. OUT CONTROL IS WIRED TO Vss FOR CONTINUOUS BIT STREAM OPERATION.

2. THE NEGATIVE TIME OF THE STROBE SHOULD EXCEED ONE SHIFT CLOCK PERIOD.
3. THE CLOCK AND STROBE EDGES SHOULD BE SEPARATED BY AT LEAST 200ns.
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Figure 2-A. Encoder A/B Signalling Waveforms

STROBE |
| | |
i ; ! |

’a
— —
(ENCODER) ! : !
A/B SELECT | | |
| I : |
| | ' : .
- o sy e > lgss - |
|
) A L) L)
A SIGNALING BIT A SIGNALING BIT 8 SIGNALING 8 SIGNAUING BIT
LATCHED TRANSMITTED AT Dy TIME BIT LATCHED TRANSMITTED DURING 0y TIME
FRAME : ' .
Y 5 . 5 7 [ [ . 1 n T
— T — T — !
MBSELECT __.l ' . L
T
4 4 ‘
- _ e o - 4
1 u 1Az CHANNEL STRORES — - Bi-By
TRANSMITTED TRANSMITTED

Figure 2-B. CODEC System Timing Diagram
Ch.(n—1)

STROBE

Ch. n STROBE 1
[ Ch. (n-+ 1 STROBE

]D,‘,.,,T[n.". T‘I Duﬂ ”zﬂ Dm Doy I Dstn) l Dsim) l L) mnl W* ﬂ“nn»uﬁm ‘leuunms(ﬁl"slmlnumnl"mvnlnmoﬂﬂsz
] !

PCM OUT/IN (ENCODER/DECODER) : ! !
1 | ! H !
\ . . : ;
| i | | | :
) ! | | ! |

Ap- o\ LATCHED | Ajny LATCHED [ Aoy LATCHED |
| 1 | !
3 H j | ! |
—» By r‘«-] By l“"’”l Bin+ 1) I ‘4-"21[5("'21-’
A/B OUTIN
B(n- 1) RECEIVED A, RECEIVED Ansyy Bins )

By
RECEIVED RECEIVED RECEIVED RECEIVED

Figure 2-C.

|

|

STROBE <c !
(FOR SHIFT CLOCK i R !
=2.048mHz) | : :
(] < ¢ !

STROBE Ll [ X
(FOR SLOWER SHIFT cLOCKS) | | I
1 !

NOTES:

1. THE RISING EDGE OF THE STROBE MUST BE WITH IN T, AND THE FALLING EDGE WATHIN Ty. T, = 200ns (MIN).
FOR A 2.048mHz SHIFT CLOCK, IDLE CHANNEL NOISE WILL BE MINIMIZED IF THE RISING EDGE OF THE STROBE
OCCURS IN Ty. T = 100ns.

3. FOR SLOWER SHIFT CLOCK RATES, IDLE CHANNEL NOISE IS MINIMIZED IF THE RISING EDGE OCCURS IN T,. FOR
EXAMPLE, T, IS 125ns FOR A 1.544mHz SHIFT CLOCK.

4. ADJUSTING THE FALLING EDGE OF THE SHIFT CLOCK WILL NOT AFFECT IDLE CHANNEL NOJSE.
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Figure 3. $3501 Encoder Filter Loss Response
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$3501 Transfer Characteristics
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$3501 Absolute Maximum Ratings

DC Supply Voltage VDD ..o vttt ittt e e +6.0V

DC Supply Voltage Vag ...ttt e e e e e —6.0V

Operating TemPerature . . . ... ... ....ueeeon ettt e e e e a e eeeeennn 0°C to +70°C

Storage Temperature . ... .........o.er it e —65°C to +150°C

Power Dissipation at 25°C ... ... ... ... i e e 250mW

Digital IpUt o e _0.3$V]N5VDD +0.3 .

ANAlog INPUL . ..ottt e ey —VREF<VINSVREF ; -

_VREF ................................................................................ VSSSVREFSO é 5
= -
(=1
(5]

S$3501 Electrical Operating Characteristics (T =25°C)
Power Supply Requirements

Symbol Parameter Min. Typ. Max. | Units Conditions
V+ Positive Supply 4.75 5.0 5.25 \Y%
e Negative Suppply —4.75 | —5.0 | —5.25 \Y% .
: See Figure 7
—VREF Negative Reference —24 -3 —3.10 \%
Popr Power Dissipation (Operating) 60 100 mW
PstBY Power Dissipation (Standby) 15 mW
S§3501 AC Characteristics (Refer to Figures 1 and 2)
Symbol Parameter Min. Typ. Max. Units Conditions
fsc Shift Clock Frequency 0.056 1.544 3.152 MHz
Dgc Shift Clock Duty Cycle 40 50 60 %
tre Shift Clock Rise Time 100 ns
tfe Shift Clock Fall Time 100 ns
trs Strobe Rise Time 100 ns
tfs Strobe Fall Time ’ 100 ns
Shift
tsc(On) Shift Clock to Strobe (On) Delay 0+ (1/2 CP)—| Clock
Period
Shift
tge (Off) | Shift Clock to Strobe (Off) Delay 0+ (1/2 CP)—| Clock
Period
tq (On) Shift Clock to PCM Out (On) Delay 140 170 ns 1k, 50pF
tq (Off) Shift Clock to PCM Out (Off) Delay 140 170 ns
trd PCM Output Rise Time Ci,=50pF 100 125 ns 1kQ Pull-Up on PCM
!
tfd PCM Output Fall Time C,=50pF 50 70 ns &‘;ﬁ,ﬁ,ﬁ e,.f;fjdﬁf‘,’l‘;
A/B Select to Strobe Trailing
tdss Set Up Time 100 ns
79 Phase-Lock Loop Lock Up Time 20 90 ms
tj P—P Jitter of Strobe Rising Edge 5 us
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§3501 Encoder DC Characteristics (5V Power Supply, —Vggr = —3.0V see Figure 9.)

Symbol Parameter Min. | Typ. | Max. | Units | Conditions
Rina Analog Input Resistance 10 MQ | Vin—, Vin+ Inputs
Cin Input Capacitance 10 pF | Vin—, Vin+.VinF Inputs

Logic Input Low Current _
Tinvw (Shift Clock, Strobe) 1| wA | V=08V '
IiNg Logic Input High Current 1 pA | Vig=2.0V g
ViL Logic Input “Low’ Voltage 0.8 v 2

=

Viu Logic Input “High” Voltage 2.2 v S
Igrgr— Negative Reference Current 150 300 nA

Negative Reference Input
RREF- Resistance 10 Me

Logic Output ‘“Low” Voltage

VOL (PCM Out) 0.8 A% IOL =5mA
Logic Output ‘“‘Low” Voltage

VOL (A/% Out) p g 0.8 \Y IOL =.1lmA

Iog PCM Output Off Leakage Current 1 A | Vp=0to 5V

§3501 Analog Performance Characteristics

Condition
Parameter Min. Typ. Max. Unit Analog Input=
(dBmO)

35 40 dB 0

35 40 dB —20

35 39 dB —25

Signal to Distortion 35 38 dB —30

32 35 dB -35

29 32 dB —40

25 28 dB —45

0+.02 +0.25 dB —-10

0£0.02 +0.25 dB —20

0+0.03 +0.25 dB —25

. . 0+0.03 +0.25 dB —30

Gain Tracking ~.02+0.04 | *0.25 dB ~35

—~.02%0.06 +0.50 dB —40

—.02%0.09 +0.50 dB —45

o —.02%0.13 +0.50 dB —50
Idle Channel Noise 12.5 19 dBrncO Analog Input to

Analog GND
Transmission Level Point 5.4 dBm
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$3502 Decoder with Filter
Functional Description

S3502 Decoder with Filter consists of (1)a digital to
analog converter that uses a capacitor array; (2) a low
pass filter with D3 filter characteristic; (3) a phase-lock
loop that generates all internal timing signals from the
externally supplied strobe signal and (4) control logic
that performs miscellaneous logic functions.

The digital to analog converter uses a capacitor array
based on charge redistribution technique (Ref. 1) to per-
form the D/A conversion with a u-255 law transfer
characteristic (See Figure 4).

The timing signals required for the low pass filter
(128kHz) digital to analog converter (1.024M Hz) are gen-
erated by a phase-lock loop comprised of a VCO, a fre-
quency divider, a loop filter and a lock detector. The loop
locks to the externally supplied 8kHz strobe pulses. In
the absence of the strobe pulses, the lock detector detects
the unlocked condition and forces the device into a
power-down mode thereby reducing power dissipation to
a minimum. Thus, power-down mode is easily implemen-
ted by simply gating the strobe pulses "off”" when the
channel is idle. During the power-down mode the output
amplifier is forced to a high impedance state and the A, B
outputs are forced to inactive state. The lock-up time,
when strobe pulses are gated ‘‘on’, is approximately
20ms. During this time the A/B outputs and the analog
output stage are held in the idle state.

The control logic implements the loading of the input
shift register, signaling logic and other miscellaneous
functions. A new data word is shifted into the input
register on a positive transition of the strobe signal at the
shift clock rate. The received data is decoded by the D/A
converter and applied to the sample and hold circuit. The
output sample and hold circuit is filtered by a low pass
filter. The low pass filter is a sixth order elliptic filter. The
combined response of the sample and hold and the low
pass filter is shown in Figure 5.

Signaling information is received and latched immedi-
ately after the A/B select input makes a positive or nega-
tive transition. On the positive transition of the A/B
select input information received in the eighth bit of the
data word is routed to the AgyT pin and latched until up-
dated again after the next positive transition of the A/B
select input. Similarly “B" signaling information is
routed and latched at the Byt pin after each negative
transition of the A/B select input. The A and B outputs
are designed such that either relay or TTL compatibility
can be achieved (see detailed description under Pin/Func-
tion descriptions). In the CCIS compatible A/B signaling

option ‘A" bit is latched during the data bit 1 time and
“B" bit is latched during the data bit 8 time.

$3502 Decoder with Filter
Pin/Functions Descriptions

Strobe: (Refer to Figure 1 for timing diagram.) This TTL
compatible input is typically driven by a pulse stream of
8kHz rate. Its active state is defined as a logic 1 level and
is normally active for a duration of 8 clock cycles of the
shift clock. It initiates the following functions: (1)
instructs the device to receive a PCM data word serially
on PCM IN pin at the shift clock rate; (2) supplies sync¢
information to the phase-lock loop from which all internal
timing is generated; (3) conveys power-down mode to the
device by its absence. {See functional description of the
phase-lock loop for details.)

Shift Clock: This TTI. compatible input is typically a
square wave signal at 1.544MHz. The device can operate
with clock rates from 56kHz (as in the single channel
7-bit PCM system) to 3.152MHz (as in the T1-C carrier
system), Data is shifted in the PCM IN buffer on the fall-
ing edges of the clock after the strobe signal makes a
logic 0 to logic 1 transition.

PCM IN: This is a TTL compatible input on which time
multiplexed PCM data is received serially at the shift
clock rate during the active state of the strobe signal.

A/B Select: (Refer to Figure 6 for timing diagram.) This
TTL compatible input is provided in order to select the
path for the signaling information. It is a transition sen-
sitive input. A positive transition on this input routes the
received signaling bit to the *A" output and a negative
transition routes it to the “B™" output.

A Out, B Out: These two open drain outputs are provided
to output received signaling information. These outputs
are designed in such a way that either LS TTL or relay
drive compatibility can be achieved. With a suitable pull-
up resistor (47KQ) connected to the LS TTL logic supply,
the output voltage will swing between digital ground and
the LS TTL logic supply when the Polarity pin is connec-
ted to digital ground. (See Figure 6.) The output polarity
is the same as the received signaling bit polarity. If the
Polarity pin is connected to the Vgg supply, the output
voltage will swing between Vgg and Vpp supplies with a
suitable pull-up resistor. This facilitates driving a relay
by a PNP emitter grounded transistor in — 48V systems.
The output polarities are inverted from the received
signaling bit polarity to facilitate relay driving.

Polarity: This pin is provided for testing purposes and for
controlling the A/B output polarities and TTL/relay drive
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compatibilities. For TTL compatibility this pin is con-
nected to digital ground. The A/B output polarities are
then the same as the received signaling bit polarities. For
relay drive capability this pin is connected to the Vgg
supply. The A/B output polarities then are inverted from
the received signaling bit polarities. Test mode results
when this pin is connected to Vpp. In this mode the
decoder output (S&H output) is connected to the B-Out
pin while the filter input is connected to the A-Out pin.

— VRer: The input provides the conversion reference for
the digital to analog conversion circuit and the phase-
lock loop. The reference must maintain 100ppM/°C regu-
lation over the operating temperature range. A high in-
put impedance buffer is provided on this input which
facilitates bussing of the same reference voltage to
several devices.

Vourn: This is the output of the low pass filter which
represents the recreated voice signal from the received
PCM data words. This is a high impedance output which
can be used by itself or connected to the output amplifier
stage which has a low output impedance.

VourtL, IN—: These two pins are the output and input of
the uncommitted output amplifier stage. Signal at the
VouTH Pin can be connected to this amplifier to realize a
low output impedance with the unity gain, increased gain
or reduced gain. This allows easier calibration of the
receive channel and testing of the decoder in a stand
alone situation.

Analog Ground, Digital Ground: Two separate pins are
provided for connection of analog signals referenced to
analog ground and digital signals referenced to digital
ground. This minimizes switching noise associated with
the digital signals from affecting the analog signals.
Vpp, Vss: These are the positive and negative power sup-
ply pins.

Loop Filter: A capacitor Cy oop (nominal .1uF) is required
from this pin to digital ground to provide filtering of the
phase comparator output.

A/B IN: (S3502A only) This optional TTL compatible in-
put is provided to implement CCIS compatible A/B
signaling scheme.Time multiplexed A, B signaling infor-
nation is applied at this input and recovered by the
decoder as shown in Figure 2-b.

Figure 5. S3502 Decoder Filter with Sample & Hold Loss R
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Figure 6-A. Waveform Detail
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Figure 6-B. Decoder A/B Output Timing
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§3502 Absolute Maximum Ratings

DC Supply Voltage VDD -« .vvvtti i e e e e +6.0V
DC SUpply VOoltage Vgg - .t v vttt s —6.0V
Operating Temperature . .. ... ... ...ttt ittt 0°C to +70°C
Storage TemPerature ... ... .....co.uouuiun ettt e e —65°C to +150°C
Power Dissipation at 25°C ... ... ..ot e 250mW
ngltal Input ................................................................... —0.3< VIN<VDD +0.3
Analog Input ... ... ... e —VRErSVINSVREF
—VREF ............................................................................... VSSSVREFSO
S§3502 Electrical Operating Characteristics (T, =25°C)
Power Supply Requirements

Symbol Parameter Min. Typ. Max. | Units Conditions

V+ Positive Supply 4.75 5.0 5.25 \%

\ Negative Supply —4.75 | —5.0 | —5.25 \% See Figure 11

—Vrer | Negative Reference —24 -3 =31 A

Popr Power Dissipation (Operating) 60 100 mW

PgrBY Power Dissipation (Standby) 15 mW
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83502 AC Characteristics (Refer to Figures 1 and 6)

Symbol | Parameter Min. Typ. Max. Units Conditions
fsc Shift Clock Frequency 0.056 1.544 3.152 MHz
Dgc Shift Clock Duty Cycle 40 50 60 %
tre Shift Clock Rise Time 100 ns
tfc Shift Clock Fall Time 100 ns 5
trs Strobe Rise Time 100 ns ";’
tfs Strobe Fall Time 100 ns E
Shift 3
tge(On) Shift Clock to Strobe (On) Delay 0+ (1/2 CP)—| Clock
Period
Shift
tge (Off) | Shift Clock to Strobe (Off) Delay 0+ (1/2 CP)-| Clock
Period
trd PCM Input Rise Time 100 ns
tfd PCM Input Fall Time 100 ns
ty, Phase-Lock Loop Lock Up Time 20 90 ms
tj P—P Jitter of Strobe Rising Edge 5 us
ts PCM Input Setup Time 100 ns
v | S Pl B I

S§3502 Decoder DC Characteristics 5V Power Supplies, — Vgrpp= —3.0V (see Figure 11.)

Symbol Parameter Min. | Typ. | Max. | Units | Conditions

RL(VouTL) | Output Load Resistance 600 Q

Rina(IN—} | Analog Input Resistance 10 MQ

CiNnalIN—} | Analog Input Capacitance 10 pF

IREF- Negative Reference Current 150 300 nA

Rpgr— ngizt;v:c?eference Input 10 Mo

ViL Logic Inp‘l‘xt (Sl}f’ft Clock, Strobe, 08

PCM In) “Low” Voltage

Vin Logic Input “High” Voltage 2.2

IiNL Logic Input ‘“Low’” Current 1 pA | Vi, =0.8V

Iinu Logic Input “High” Current 1 wA | Vig=2.0V

VoL A, B Output “Low” Voltage 0.8 \% Polarity=Dig. Gnd,
IOL =1mA

VoL A, B Output “Low” Voltage Vgg+1.0f V| Polarity=Vgg, Io;,= 1mA
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$3502 Analog Performance Characteristics

Condition
Parameter Min. Typ. Max. Unit Analog Input=
(dBmO)
35 40 dB 0
35 40 dB —20
35 38.5 dB —25
Signal to Distortion 35 39 dB —30
32 36.5 dB -35
29 33.5 dB —40
25 29 dB —45
.02+.02 +0.25 dB -10
04+.02 +0.25 dB -20
.04+.03 +0.25 dB —-25
. . .03+.03 +0.25 dB —-30
Gain Tracling 04+.04 | +025 dB -35
.04+.05 +0.50 dB —40
1+.05 +0.50 dB —45
15+.07 +0.50 dB —50
Idle Channel Noise 9 13 dBrncO PCM Input to
Analog GND
0 Transmission Level Point 4.9 dBm —3V VRiF
(Digital Milliwatt Response) 600Q Load
. 8§3501/83502 System Characteristics
Typical Group Delay Characteristic
Abs. Gr. Delay Relative Gr. Delay Distortion
Device us (Over Band of 1000 Hz to
f = 1000Hz f = 2600Hz 2600Hz wrt 1000Hz) us
Encoder Low Pass 132 220 88
Encoder High Pass 104 22 —82
Encoder Total 236 242 6
Decoder Low Pass 153 250 97
Encoder + Decoder (Total) 389 492 103
End to End Group Delay
(Encoder Analog Input to 639 742 103
Decoder Analog Output)

Design Considerations

Because the Codec set is required to handle signals with a
very large dynamic range, optimal analog performance
requires careful attention to the layout of components:

The analog ground, digital ground, Vpp and Vgg busses
should run independently to the power supply, or at least
to the edge connector. They should be separate for each
chip and should be kept as wide as possible on the printed
circuit.

The connections should be as independent as possible.
For example (see Figure 7), the 750Q pull-up resistor to
Pin 6 should join the Vpp, supply at the edge connector
and not at the device pin.

Decoupling capacitors should be as close as possible to
the power supply pin and analog ground pin.

Digital signal lines should be kept away from analog
signals, and separated by an analog ground line where
possiole for shielding.
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3501/3501A Design Guidelines
analog ground. Pin 2, AZ filter, requires a .022uF
A recommended S3501 schematic is shown in Figure 7. capacitor to analog ground in parallel with 5MQ resistor.
Parts of the circuit are discussed in more detail below.
Loop Filter Network—For shift clock rates above Anti-Aliasing
512kHz the network in Figure 8 is recommended. For
512kHz or below a .1uF capacitor between pins 13 and 17

is sufficient.

In applications where anti-aliasing pre-filtering is re-
quired, an on-chip op-amp may be configured into an

ctive filter (Fi 10). Note that 1l ch i i
Supply Decoupling— Figure 9 shows the recommended a er (Figure 10). No 2 sma® cnanges It gamn

<
(=]
v d ki ireuits. The diod can be made by adjusting the resistor ratio R;/R,. Where zZ2
p,OY'fer sip;;/y ecoup ng]jcxrcults. € dlodes are esSen-  ynti-aliasing is not needed, a 3KQ-4KQ resistor can be = 5
tial for £5V power supplies. connected between pins 3 and 5 (inverted gain S
Reference Voltage—pin 18, requires a .1uF capacitor to configuration).
Figure 7. Hookup Schematic for S3501 Using 1.544mHz Shift Clock Rate
0 —3V
SMQ L’- 8 0.14F
VW TEST —VRer ! —
022,F 10kQ 0.1uF
BRIy Loop 117 e frall
1 FILTER FILTER ) M 1
3.9kQ 470pF ' '
3 16 P
AAA T ViNF $3501 Vss l_ﬂw o —5V
680pF = p 1N914
. ANALOG |15 T .1 T224F . ANALOG
IN+ GND GND
~ = 3300pF
AUDI 5 14
AUDID W B B Vi STROBE STROBE
3.9kQ 5.1kQ
PCM 61 pcm pieiraL |13 o DIGITAL
(111 S ot GND GND
SHIFT 7| SHIFT A |12
cLock ” 1 cLOCK SIG IN
802 2 8] our B |1
CONTROL SIG IN
1N914
9 aB |10
+5V o—A " Vop SELECT [
2.24F T Tm.
NOTE: TEST PIN 1 MUST BE CONNECTED TO PIN 16 (NOT —5V) TO PREVENT FORWARD BIASING THE PIN.
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Figure 8. Selection of Loop Filter Network Figure 9-B.
Supply Decoupling for the Vgg Supply Pin

LOOP FILTER .
[T 1N914 OR EQUIVALENT
-5V o——K} ’ > Vss (PIN 16)
10kQ
. .
- 470k 224F = 0.14F
0.1.4F
DIGITAL GND
(PIN 13)
- ANALOG GND
= (PIN 15)
Figure 9-A. Figure 10. Anti-Aliasing Filter
Supply Decoupling for the Vpp Supply Pin
PIN 3 (Vine)

1N914 OR EQUIVALENT i
+5V Voo (PIN 9) 1, nzy s
3 I
Ry
PIN5 (Vin—)

2.24F 0.14F

o—vAW—
Ra
g
Ry = Rz = 3.9kQ
L A"?r'.}fm GND gg = 2'3‘0“,53
- 15] =
( ) PIN 15 (AGND) €1 = 3300pF
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S$3502/S3502A Design Guidelines
ing with T2 output levels; not shown in Figure 11), R
Figure 11 depicts a recommended S3502 circuit. Allof the should be 47KQ or greater.

following comments apply to Figure 11: Pin 1 should be connected to Pin 10, and not just to —5V,
Aoyt and Boyr are connected to Vpp. R should belarger  to avoid forward biasing the pin.

than 10K< to reduce noise. ) The 51KQ output amplifier resistors should be carefully
When pin 1 is connected to DGND (non-inverted signal- positioned away from the digital signals.

Figure 11. Hookup Schematic for $3502 Using 1.544mHz Shift Clock Rate

R
1 16
POLARITY Bour ——w_é
R 2 15 +5V
+5V O——vwWA— At Vouts
3
LooP —VRer —
AUDIO FILTER —O0 —3V
ouT 420k 4 ANALOG
3 Vour 1 GND ANALOG GND
" 51kQ3
t 5 A/B
ﬁ‘;;v IN— SELECT
AuF = Sk 6 ~ 1[,4F_J:
DIGITAL o T DIGITAL Voo b AAMA—0O 45V
BND GND
7
STROBE > STROBE Vss —5V
SHIFT 8 1 swirr pcM | 8 —¢ PCMN
CLOCK 7 CLOCK N
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AMERICAN MICROSYSTEMS, INC.

ADVANCED PRODUCT DESCRIPTION
S$3503/S3504

Features

'l CMOS Process for Low Power Dissipation
[l Full Independent Encoder with Filter and
Decoder with Filter Chip Set
(' Meets or Exceeds CCITT G.711, G.712 and
G.733 Specifications
On-Chip Dual Bandwidth Phase-Lock Loop
Derives All Timing and Provides Automatic
Power Down
Low Absolute Group and Relative Delay
Distortion
! Single Negative Polarity Voltage Reference Input
Encoder with Filter Chip Has Built-In Dual
Speed Auto Zero Circuit with Rapid Acquisition
During Power Up that Eliminates Long Term
Drift Errors and Need for Trimming
I Serial Data Rates from 56kb/s to 3.152Mb/s at
8kHz Nominal Sampling Rate
Programmable Gain Input/Output Amplifier
Stages

SINGLE CHANNEL

A-LAW PCM CODECIFILTER SET

General Description

The 83503 and S3504 form a monolithic CMOS Compan-
ding Encoder/Decoder chip set designed to implement
the per channel voice frequency CODECS used in PCM
systems requiring an A-law transfer characteristic. Each
chip contains two sections: (1) a band-limiting filter, and
{2) an analog « digital conversion circuit that conforms
to the A-law transfer characteristic. Typical transmission
and reception of 8-bit data words containing the analog
information is performed at 2.048Mb/s rate with analog
sampling occurring at 8kHz rate. A strobe input is pro-
vided for synchronizing the transmission and reception
of time multiplexed PCM information of several channels
over a single transmission line. These chips are pin-for-
pin replacements for the S3501/S3502 chip set with the
exception of the A-law transfer characteristic conforming
to CCITT G.711 and the unused sigaling capability
which remains available for special applications.

$3503 Block Diagram Encoder With Filter
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PRELIMINARY DATA SHEET
$3506/S3507/S3507A

AMERICAN MICROSYSTEMS, INC.

CMOS SINGLE CHIP -LAW/A-LAW
COMBO CODECS WITH FILTERS

Features [0 Encoder has Dual-Speed Auto-Zero Loop for Fast
O Independent Transmit and Receive Sections With Acquisition on Power-Up o
75dB Isolation O Low Absolute Group Delay =450usec. @ 1kHz =
0 z
O Low Power CMOS 80mW (Operating) General Description 2 z
8mW (Standby) A ="
O Stable Voltage Reference On-Chip The $3506 and S3507 are monolithic silicon gate CMOS S
O Meets or Exceeds AT&T D3, and CCITT G.711, Companding Encoder/Decoder chips designed to imple-
G.712 and G.733 Specifications ment the per channel voice frequency Codecs used in PCM
O Input Analog Filter Eliminates Need for External systems. The chips contain the band-limiting filters and
Anti-Aliasing Prefilter the analog<>digital conversion circuits that conform to
0 Input/Output Op Amps for Programming Gain the desired transfer characteristic. The S3506 provides
0 Output Op Amp Provides +3.1V into a 1200Q the European A-Law companding and the S3507 provides
Load or Can Be Switched Off for Reduced the North American u-Law companding characteristic.
Power (70mW) These circuits provide the interface between the analog
] Special Idle Channel Noise Reduction Circuitry for signals of the subscriber loop and the digital signals of the
Crosstalk Suppression PCM highway in a digital telephone switching system.
Block Diagram Pin Configuration (22 Pin)
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General Description {Continued)

The devices operate from dual power supplies of +5V.

For a sampling rate of 8kHz, PCM input/output data
rate can vary from 64kb/s to 2.1Mb/s. Separate trans-
mit/receive timing allows synchronous or time-slot asyn-
chronous operation.

Absolute Maximum Ratings

In 22-pin cerdip or ceramic packages (.400” centers) the
S3506/S3507 are ideally suited for PCM applications: Ex-
change, PABX, Channel bank or Digital Telephone as
well as fiber optic and other non-telephone uses. A 28-pin
version, the S3507A, provides standard p-Law A/B
signaling capability. These devices are also available in a
28-pin chip carrier (see page 9). Extended temperature
range versions can be supplied.

DC Supply Voltage Vpp
DC Supply Voltage Vgg

Operating Temperature

Storage Temperature
Power Dissipation at 25°C
Digital Input
Analog Input

1000mW
Vgg —0.3<Viy < Vpp +0.3
Vgs ~0.3<Vyy <Vpp +0.3

Electrical Operating Characteristics (T, =0° to 70°C)
Power Supply Requirements

Symbol | Parameter Min. Typ. Max. Units Conditions
Vop Positive Supply 4.75 5.0 5.25 v
Vss Negative Supply ~-4.75 —5.0 —5.25 v
Popr Power Dissipation (Operating) 80 110 mW
Power Dissipation (Operating
PoPr | /o Output Op Amp 0 mW | vpp = 5.0V
Pstey | Power Dissipation (Standby) 8 12 mwW | Vss = —5.0V
AC Characteristics (Refer to Figures 3A and 4A)

Symbol | Parameter Min. Typ. Max. Units Conditions
Dgys System Clock Duty Cycle 40 50 60 %
fsc Shift Clock Frequency 0.064 2.048 MH:z
Dge Shift Clock Duty Cycle 40 50 60 %
tre Shift Clock Rise Time 100 ns
tfc Shift Clock Fall Time 100 ns
trs Strobe Rise Time 100 ns
tfs Strobe Fall Time 100 ns
tsc Shift Clock to Strobe (On) Delay -100 0 200 ns

. @2.048 700ns min
tsw Strobe Width 600ns 124.3us MHz | @1.544MHz
ted Shift Clock to PCM Out Delay 100 150 ns 100pF, 510Q Load
tdc Shift Clock to PCM in Set-Up Time 60 ns
trd PCM Output Rise Time C;,=100pF 50 100 ns to 3V; 5109 to Vpp
tfd PCM Output Fall Time Cy,=100pF 50 100 ns t0.4V; 5109 to Vpp

A/B Select to Strobe Trailing Edge

tdss Set~up Time 100 ns
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DC Characteristics (Vpp = +5V, Vgg = —5V)

Symbol | Parameter Min. Typ. Max. Units | Conditions
Rina Analog Input Resistance IN+, IN— 100 KQ
Cin Input Capacitance to Ground 7 15 pF All Logic and
Analog Inputs
Shift Clock, PCM IN, System Clock,
Strobe, PDN :
InL Logic Input Low Current 1 HA Vi, =0.8V S
IiNg Logic Input High Current 1 uA Vig = 2.0V z
A/B Sel, A IN B IN S
IinL Logic Input Low Current 600 HA Vi, = 0.8V 3
Iinu Logic Input High Current 600 uA Vig = 2.0V
ViL Logic Input “Low” Voltage 0.8 \"
Vig Logic Input “High” Voltage 2.0 A%
VoL Logic Output “Low’’ Voltage 0.4 \' 510Q Pull-up to
VoL Logic Output “Low’’ Voltage(A/B Out} 0.4 v IoL = 1.6mA
Vou Logic Output “‘High” Voltage 2.6 v Io = 40uA
Ry, Output Load Resistance Vo 1200 Q
Transmission Delays
Symbol | Parameter Min. Typ. Max. Units | Conditions
Encoder 125 us From TgrroBE to
the Start of Digital
Transmitting
Decoder 30 8T+25 us T=Period in us of
Rgprrr CLOCK
Transmit Section Filter 182 us @1kHz
Receive Section Filter 110 us @1kHz
$3506 Single-Chip A-Law Filter/Codec Performance
Symbol | Parameter Min. Typ. Max. Units | Conditions
ICNw Idle Channel Noise (Weighted Noise) —85 —73 dBmOp| CCITTG.7124.1
ICNgr | IdleChannel Noise —60 dBmO | CCITTG.7124.2
(Single Frequency Noise)
ICNg Idle Channel Noise (Receive Section) —78 dBmOp| CCITTG.7124.3
Spurious Out-of-Band Signals at —28 dBmO | CCITTG.7126.1
Channel Output
IMDgp | Intermodulation (2 Tone method) —35 dBm | CCITTG.7127.1
IMDpy | Intermodulation —49 | dBm | CCITTG.7127.2
(1 Tone + Power Frequency)
Spurious In-Band Signals at the —40 dBmO | CCITTG.7129
Channel Output Port
Interchannel Crosstalk Vi — Voyr 75 80 dB CCITTG.71211
ViNMax)| Max Coding Analog Input Level *3.1 Vopk
Vour Max Coding Analog Output Level +3.1 Vopk | Ri=12KQ
(Max)
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S§3506 Single-Chip u-Law Filter/Codec Performance (Continued)

Symbol | Parameter Min, Typ. Max. Units | Conditions

AD Absolute Delay End-to-End @ 1KHz 450 500 usec @ 0dBmO

ED Envelope 500 to 600Hz 200 750 usec Relative to Mini-
Delay 600 to 1000Hz 120 375 usec mum Delay
Distortion 1000Hz to 2600Hz 110 125 usec Frequency

2600Hz to 2800Hz 160 750 usec

SD Signal to 0 to —30dBmO 36 39 dB Method 2 - Sine-
Total —40dBmO 29 31 dB wave Signal Used
Distortion —45dBmO 24 26 dB ‘

GT Gain Tracking with Input Level +0.2 +0.5 dB +3 to —40 dBmO
Variations (End-to-End. Each half +04 *1.0 dB —45 to —50 dBmO
channel is one half this value.) *+1.0 +3.0 dB —55dBmO

AG Gain Variation with Temperature +0.25 dB
and Power Supply Variation
Transmit Gain Repeatability +0.1 +0.2 dB
Receive Gain Repeatability +0.1 +0.2 dB

OTLPg | Zero Transmission Level Point 1.51 VRMS | Vgyr Digital Milli-
(Decoder See Figure 1) watt Response

OTLPyp | Zero Transmission Level Point 1.51 VRMS | Vjy to Yield Same
(Encoder See Figure 1) as Digital Milli-

watt Response at
Decoder

§3507/S3507A Single-Chip u-Law Filter/Codec Performance

Symbol | Parameter Min. Typ. Max. Units | Conditions

ICNw Idle Channel Noise (Weighted Noise) 5 17 dBrncO

ICNgr | Idle Channel Noise —60 dBmO
(Single Frequency Noise)

ICNg Idle Channel Noise (Receive Section) ) 15 dBrncO
Spurious Out-of-Band Signals at —28 dBmO
the Channel Output :

IMDyr | Intermodulation (2 Tone method) —35 dBm

IMDpyp | Intermodulation —49 dBm
(1 Tone + Power Frequency)

Spurious In-Band Signals at the —40 dBmO
Channel Output Port
Interchannel Crosstalk VIN_VOUT 75 80 dB

VIN(Max) Max Codmg Analog Input Level +3.1 VOpk

Vour Max Coding Analog Output Level +3.1 Vopk | Ri 1.2KQ

(Max)

GT Gain Tracking with Input Level +0.2 +0.5 dB +3 to —40 dBmO
Variations (End-to-End. Each half +0.4 *1.0 dB —45 to —50 dBmO
channel is one half of this value.) +1.0 +3.0 dB —55dBmO

AG Gain Variation with Temperature +0.25 dB

- and Power Supply Variation
Transmit Gain Repeatability +0.1 +0.2 dB
Receive Gain Repeatability *+0.1 +0.2 dB
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S$3507/S3507A Single-Chip p-Law Filter/Codec Performance (Continued)

Symbol | Parameter Min. Typ. Max. Units | Conditions
OTLPg | Zero Transmission Level Point 1.51 VRMS | Vgyr Digital Milli-
(Decoder See Figure 1) watt Response
OTLPy | Zero Transmission Level Point 1.51 VRMS | Vpy to Yield Same
(Encoder See Figure 1) as Digital Milli-
watt Response at
Decoder s
AD Absolute Delay End-to-End @ 1KHz 450 500 usec @ OdBmO E3
ED Envelope 500 to 600Hz 200 750 usec | Relative to Mini- z
Delay 600 to 1000Hz 120 375 psec mum Delay bt
Distortion 1000Hz to 2600Hz 110 125 usec Frequency
© 2600Hz to 2800Hz 160 750 usec
SD Signal to 0 to —30dBmO 36 39 dB
Total —40dBmO 29 31 dB
Distortion —45dBmO 24 26 dB
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Pin/Function Descriptions
Pin S$3506/S3507 S3507A Description

SYS CLK 4 5 System Clock 256kHz—This pin is a TTL compatible input for a 256kHz,
1.544MHz, 2048MHz, or 1.536MHz clock that is divided down to provide
the filter clocks. The status of CLK SEL pin must correspond to the pro-
vided clock frequency.

T-SHIFT 3 4 Transmit Shift Clock—This TTL compatible input shifts PCM data out of
the coder on the positive going edges after receiving a positive edge on the
T-STROBE input. The clocking rate can vary from 64kHz to 2.048MHz.

R-SHIFT 9 13 Receive Shift Clock—This TTL compatible input shifts PCM data into the
decoder on the negative going edges after receiving a positive edge on the
R-STROBE input. The clocking rate can vary from 64kHz to 2.048MHz.

T-STROBE 5 6 Transmit Strobe—This TTL compatible pulse input (8kHz) is used for
analog sampling and for initiating the PCM output from the coder. It must
be synchronized with the T-SHIFT clock with its positive going edges
occurring after the falling edge of the shift clock. The width of this signal is
not critical. An internal bit counter generates the necessary timing for
PCM output.

R-STROBE 10 14 Receive Strobe—This TTL compatible pulse input (8kHz) initiates clock-
ing of PCM input data into the decoder. It must be synchronized with the
R-SHIFT clock with its positive going edges occurring after the falling
edge of the shift clock. The width of the signal is not critical. An internal
bit counter generates necessary timing for PCM input.

CLK SEL 2 3 Clock Select—This pin selects the proper divide ratios to utilize either
256kHz, 1.544MHz, 2.048MHz, or 1.536 MHz as the system clock. The pin
is tied to Vpp (+5V) for 2.048MHz, to Vgg (—5V) for 1.544MHz or
1.536MHz operation, or to D GND for 256kHz operation.

PCM OUT 6 7 PCM Output—This is a LS-TTL compatible open-drain output. It is active
only during transmission of PCM output for 8 bit periods of T-SHIFT
clock signal following a positive edge of the T-STROBE input. Data is
clocked out by the positive edge of the T-SHIFT clock into one 5102 pull-
up per system plus 2 LS-TTL inputs.

PCMIN 11 15 PCM Input—This is a TTL compatible input for supplying PCM input
data to the decoder. Data is clocked in by the negative edge of T-SHIFT
clock.

Caz 8 11 Auto Zero— A capacitor of 0.1uF +20% should be connected between these

Caz GND 14 18 pins for coder auto zero operation. Sign bit of the PCM data is integrated
and fed back to the comparator for DC offset cancellation.

VREF 1 28 Voltage Reference—Output of the internal band-gap reference voltage
(=—8.075V) generator is brought out to Vggr pin. Do not load this pin.

IN+ 15 19 These pins are for analog input signals in the range of —Vggp to +Vggp.

IN— 16 20 IN— and IN+ are the inputs of a high input impedance op amp and Vyy is

Vin 17 21 the output of this op amp. These three pins allow the user complete control

over the input stage so that it can be connected as a unity gain amplifier,
amplifier with gain, amplifier with adjustable gain or as a differential input
amplifier. The adjustable gain configuration will facilitate calibration of the
transmit channel. Vyy should not be loaded by less than 47K ohms.

FLT OUT 19 23 Filter Out—This is the output of the low pass filter which represents the
recreated analog signal from the received PCM data words. The filter sam-
ple frequency of 256kHz is down 37dB at this point. This is a high impe-
dance output which can be used by itself or connected to the output
amplifier stage which has a low output impedance. It should not be loaded
by less than 47K ohms, or the Digital MilliWatt response will fall off
slightly.
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Pin/Function Descriptions (Continued)

Pin $3506/S3507 S3507A Description
ouT— 20 24 These two pins are the output and input of the uncommitted output ampli-
Vour 21 25 fier stage. Signal at the FLT OUT pin can be connected to this amplifier to
realize a low output impedance with unity gain, increased gain or reduced
gain. This allows easier calibration of the receive channel. The Voyr pin
has the capability of driving OdBm into a 600Q load. (See Figure 1). If :
Out— is connected directly to Vgg the op amp will be powered down, reduc- [
ing power consumption by 10mW, typically. 3 g
Vpp 22 27 These are power supply pins. Vpp and Vgg are positive and negative supply -
Vss 12 16 pins, respectively (typ. +5V, —5V). The voltages should be applied simul- S
taneously or Vgg should be applied first.
A GND 13 17 Analog and digital ground pins are separate for minimizing crosstalk.
D GND 7 8
PDN 18 22 Power Down—This TTL compatible input when held low puts the chip into
the powered down mode regardless of strobes. The chip will also power
down if the strobes stop. The strobes can be high or low, but as long as they
are static, the powered down mode is in effect.
A IN 2 The transmit A/B select input selects the A signal input in a positive tran-
B IN 1 sition and the B signal input on the negative transition. These inputs are
T-A/B SEL 26 TTL compatible. The A/B signaling bits are sent in bit 8 of the PCM word
in the frame following the frame in which T-A/B SEL input makes a transi-
tion. A common A/B select input can be used for all channels in a multiplex
operation, since it is synchronized to the T-STROBE input in each device.
A OUT 10 In the decoder the A/B signaling bits received in the PCM input word are
B OUT 9 latched to the respective outputs in the same frame in which the R-AB SEL
R-A/B SEL 12 input makes a transition. A bit is latched on a positive transition and B bit

is latched on a negative transition. A common A/B select input can be used
for all channels in a multiplex operation.

a 3rd Order High-Pass Filter clocked at 64kHz. The
resulting band-pass characteristics meet the CCITT
G.711, G.712 and G.733 specifications. Some representa-

Functional Description
The simplified block diagram of the S3506/S3507 appears

on page one. The device contains independent circuitry for
processing transmit and receive signals. Switched capaci-
tor filters provide the necessary bandwidth limiting of
voice signals in both directions. Circuitry for coding and
decoding operates on the principle of successive approxi-
mation, using charge redistribution in a binary weighted
capacitor array to define segments and a resistor chain to
define steps. A band-gap voltage generator supplies the
reference level for the conversion process.

Transmit Section

Input analog signals first enter the chip at the uncommit-
ted op amp terminals. This op amp allows gain trim to be
used to set OTLP in the system. From the Vyy pin the
signal enters the 2nd order analog anti-aliasing filter. This
filter eliminates the need for any off-chip filtering as it
provides attenuation of 34dB (typ.) at 266kHz and 46dB
(typ.) at 512Hz. From the Cosine Filter the signal enters a
5th Order Low-Pass Filter clocked at 256kHz, followed by

tive attenuations are >26dB (typ) from 0 to 60Hz and
>35dB (typ) from 4.6kHz to 100kHz. The output of the
high pass filter is sampled by a capacitor array at the
sampling rate of 8kHz. The polarity of the incoming signal
selects the appropriate polarity of the reference voltage.
The successive approximation analog-to-digital conver-
sion process requires 9%z clock cycles, or about 72us. A
switched capacitor dual-speed, auto-zero loop using a
small non-critical external capacitor (0.1uF) provides DC
offset cancellation by integrating the sign bit of the PCM
data and feeding it back to the non-inverting input of the
comparator.

The PCM data word is formatted according to the p-law
companding curve for the S3507 with the sign bit and the
ones complement of the 7 magnitude bits according to the
AT&T D3 specification. In the $S3506 the PCM data word
is formatted according to the A-Law companding curve
with alternate mark inversion (AMI), meaning that the
even bits are inverted per CCITT specifications. '
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Included in the circuitry of the S3507/S3507A is “All
Zero” code suppression so that negative input signal
values between decision value numbers 127 and 128 are
encoded as 00000010. This prevents loss of repeater syn-
chronization by T1 line clock recovery circuitry as there
are never more than 15 consecutive zeros. The 8-bit PCM
data is clocked out by the transmit shift clock which can
vary from 64kHz to 2.048MHz.

Idle Channel Noise Suppression

An additional feature of the CODEC is a special circuit to
eliminate any transmitted idle channel noise during quiet
periods. When the input of the chip is such that for
250msec. the only code words generated were +0, —0,
+1, or —1, the output word will be a +0. The steady +0
state prevents alternating sign bits or LSB from toggling
and thus results in a quieter signal at the decoder. Upon
detection of a different value, the output resumes normal
operation, resetting the 250msec. timer. This feature is a
form of Idle Channel Noise or Crosstalk Suppression. It is
of particular importance in the S3506 A-Law version
because the A-Law transfer characteristic has ‘“mid-riser”’
bias which enhances low level signals from crosstalk.

Receive Section

A receive shift clock, variable between the frequencies of
64kHz to 2.048MHz, clocks the PCM data into the input
buffer register once every sampling period. A charge pro-
portional to the received PCM data word appears on the
decoder capacitor array. A sample and hold initialized to
zero by a narrow pulse at the beginning of each sampling
period integrates the charge and holds for the rest of the
sampling period. A switched-capacitor 5th Order Low-
Pass Filter clocked at 256kHz smooths the sampled and
held signal. It also performs the loss equalization to
compensate for the sin x/x distortion due to the sample
and hold operation. The filter output is available for driv-
ing electronic hybrids directly as long as the impedance is
greater than 47kQ. When used in this fashion the low
impedance output amp can be switched off for a savings
in power consumption. When it is required to drive a 600Q
load the output is configured as shown in Figure 1 allow-
ing gain trimming as well as impedance matching. With
this configuration a transmission level of 0dBm can be
delivered into the load with the +3.14dB or +3.17dB
overload level being the maximum expected level.

Figure 1. $3507 Input/Output Reference Signal Levels
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Power Down Logic

Powering down the CODEC can be done in several ways.
The most direct is to drive the PDN pin to a low level.
Stopping both the transmit strobe and the receive strobe
will also put the chip into the stand-by mode. The strobes
can be held high or low.

Voltage Reference Circuitry

A temperature compensated band-gap voltage generator
(—3.075V) provides a stable reference for the coder and
decoder. Two amplifiers buffer the reference and supply
the coder and decoder independently to minimize
crosstalk. This reference voltage is trimmed during
assembly to ensure a minimum gain error of £0.2dB due
to all causes. The Vygy pin should not be connected to any
load.

Power Supply and Clock Application

For proper operation Vpp and Vgg should be applied
simultaneously. If not possible, then Vgg should be
applied first. To avoid forward-biasing the device the
clock voltages should not be applied before the power sup-
ply voltages are stable. When cards must be plugged into
a “hot” system it may be necessary to install 1000Q
current-limiting resistors in series with the clock lines to
prevent latch-up.

Timing Requirements

The internal design of the Single-Chip CODEC paid
careful attention to the timing requirements of various
systems. In North America, central office and channel-
bank designs follow the American Telephone and Tele-
graph Company’s T1 Carrier PCM format to multiplex 24
voice channels at a data rate of 1.544Mb/s. PABX
designs, on the other hand, may use their own multiplex-
ing formats with different data rates. Yet, in digital
telephone designs, CODEC’s may be used in a non-
multiplexed form with a data rate as low as 64kb/s. The
S3507 and S3507A fill these requirements.

In Europe, telephone exchange and channelbank designs
follow the CCITT carrier PCM format to multiplex 30
voice channels at a data rate of 2.048Mb/s. The S3506 is
designed for this market and will also handle PABX and
digital telephone applications requiring the A-Law trans-
fer characteristics.

The timing format chosen for the AMI Codec allows oper-
ation in both multiplexed or non-multiplexed form with
data rates variable from 64kb/s to 2.048Mb/s. Use of sep-
arate internal clocks for filters and for shifting of PCM in-
put/output data allows the variable data rate capability.
Additionally, the S3506/S3507 does not require that the
8kHz transmit and receive sampling strobes be exactly 8

bit periods wide. The device has an internal bit counter
that counts the number of data bits shifted. It is reset on
the leading (+) edges of the strobe, forcing the PCM out-
put in a high impedance state after the 8th bit is shifted
out. This allows the strobe signal to have any duty cycle
as long as its repetition rate is 8kHz and transmit/receive
shift clocks are synchronized to it. Figure 2 shows the
waveforms in typical multiplexed uses of the CODEC.

System Clock

The basic timing of the Codec is provided by the system
clock. This 2.048MHz, 1.544MHz, or 256kHz clock is
divided down internally to provide the various filter
clocks and the timing for the conversions. In most
systems this clock will also be used as the shift clock to
clock in and out the data. However, the shift clock can
actually be any frequency between 64kHz and 2.048MHz
as long as one of the two system clock frequencies is pro-
vided. Independent strobes and shift clocks allow asyn-
chronous time slot operation of transmit and receive. The
3507 will also operate with a 1.536 system clock, as used
in some PABX systems, with the CLK SEL pin in the
1.544 MHz Mode.

Signaling in y-Law Systems

The S3506 and S3507 are compact 22-pin devices to meet
the two worldwide PCM standards. In y-Law systems
there can be a requirement for signaling information to
be carried in the bit stream with the coded analog data.
This coding scheme is sometimes called 7-5/6 bit rather
than 8 bit because the LSB of every 6th frame is replaced
by a signaling bit. This is referred to as A/B Signaling
and if a signaling frame carries the “A” bit, then 6
frames later the LSB will carry the “B” bit. To meet this
requirement, the S3507A is available in a 28-pin dip
package, or in a 28-pin dip carrier, as 6 more pins are
required for the inputs and outputs of the A/B signaling.

Pin Configuration—S83507A 28-Lead Chip Carrier

CFLT Ut

T-A/B SEL ]2 3 19 2 Caz GND

Voo (+5V) 27 17 A GND
Vaer )28 163 Vss (—5Y)
BINJ ] $3507A 15 _C PCMIN
ANS]2 14[ ¢ R-STAOBE

DGND T =
BOUT S Jw
AQUT ) ]

T-STROBE J o
PCM OUT )]~
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Figure 2A. Waveforms in a 24 Channel PCM System
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Figure 2B. Waveforms in 30 Channel PCM System
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Figure 2C. Waveform Details
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*In this example the shift clock is the system clock (1.544 or
2.048MHz). In systems where the data shift rate is not the
same the relationship of each to the strobe remains the
same. The system clock and shift clock need not have coin-
cident edges, but must relate to the strobe within the tg, tgg
timing requirements.

The effect of the strobe occurring after the shift clock is
to shorten the first (sign) bit at the data output.

The length of the strobe is not critical. It must be at a
logic state longer than one system clock cycle. Therefore,

the minimum would be >488ns at 2.048 and the maxi-
mum <124 3usec at 1.544MHz.

MIN MAX
tew 195nsec. 9.38usec.
trs 100ns
tfs 100ns
tsc —100nsec. 200ns
tre 100ns
tfe 100ns
tsw 600ns* 124.3usec.
ted 100nsec. 150ns
tdce 60nsec.
trdi 100ns
tidi 100ns

iThat is, the strobe can precede the shift clock by 200nsec, or follow
it by as much as 100nsec.

*@2.048MHz 700ns @1.544MHz

Signaling Interface

In the AT&T T1 carrier PCM format an A/B signaling
method conveys channel information. It might include
the on-or-off hook status of the channel, dial pulsing (10
or 20 pulses per second), loop closure, ring ground, etc.,
depending on the application. Two signaling conditions
(A and B) per channel, giving four possible signaling
states per channel are repeated every 12 frames (1.5
milliseconds). The A signaling condition is sent in bit 8 of
all 24 channels in frame 6. The B signaling conditions is
sent in frame 12. In each frame, bit 193 (the S bit) per-
forms the terminal framing function and serves to iden-
tify frames 6 and 12.

The S3507A in a 28-pin package is designed to simplify
the signaling interface. For example, the A/B select input
pins are transition sensitive. The transmit A/B select pin

selects the A signal input on a positive transition and the
B signal input on the negative transition. Internally, the
device synchronizes the A/B select input with the strobe
signal. As aresult, acommon A/B select signal can be used
for all 24 transmit channels in the channelbank. The A and
B signaling bits are sent in the frame following the frame
in which the A/B select input makes the transition. There-
fore, A/B select input must go positive in the beginning of
frame 5 and the negative in the beginning of frame 11 (see
Figure 3).
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Figure 3. Signaling Waveforms in a T1 Carrier System
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Figure 4. A Subscriber Line Interface Circuit

ol )

RiNG
RINGING
SUPPLY

BATTERY
FEED |

PROTECTION NETWORK

BALANCING
NETWORK

LINE
SUPERVISION
AND CONTROL
lzz 25 2
POK Vit OUT— FLTOUT
10 [Agyr e <2
:7 Bour w2
+5¢ Voo
22 a wlz
r{_“' L Ti 171 ANA.GND »
221 -6 $3507A W
FT uF Di
—5Y o—«LI—L—B Vss B o |
3] cuk seL
8] oi6. onD [ rL‘__.L
Caz(uF)
18
Py Ll
= B Vaer
PCM sys SHFT 1 pow
W STR A8 CLK T R A/B STR OUT

15 (14 112

PCM IN

_—_‘_—_J

RsThoae
R-A/B SEL

4 13

(1.544MHz) SHIFT CLOEK - 1

__ T-MBSEL

The decoder uses a similar scheme for receiving the A
and B signaling bits, with one difference. They are latch-
ed to the respective outputs in the same frame in which
the A/B select input makes a transition. Therefore, the
receive A/B select input must go high at the beginning of
frame 6 and go low at the beginning of frame 12.

Applications Examples

There are two major categories of Codec applications.
Central office, channel bank and PABX applications us-
ing a multiplex scheme, and digital telephone type
dedicated applications. Minor applications are various
A/D or D/A needs where the 8 bit word size is desirable
for uP interface and fiber optic multiplex systems where
non-standard data rates may be used.

A Subscriber Line Interface Circuit

Figure 4 shows a typical diagram of a subscriber line
interface circuit using the S3507A. The major elements

of such a circuit used in the central office or PABX are a
two-to-four wire converter, PCM Codec with filters
(S3507A) and circuitry for line supervision and control.
The two-to-four wire converter—generally implemented
by a transformer-resistor hybrid —provides the interface
between the two-wire analog subscriber loop and the
digital signals of the time-division-multiplexed PCM
highways. It also supplies battery feed to the subscriber
telephone. The line supervision and control circuitry pro-
vides off-hook and disconnect supervision, generates
ringing and decodes rotary dial pulses. It supplies the
A/B signaling bits to the coder for transmission within
the PCM voice words. It receives A/B signaling outputs
from the decoder and operates the A/B signaling relays.

In the T1 carrier system, 24 voice channels are multi-
plexed to form the transmit and recetve highways, 8 data
bits from each channel plus a framing bit called the S bit
form a 193 bit frame. Since each channel is sampled 8000
times per second, the resultant data rate is 1.544Mb/s.
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Within the channelbank the transmit and receive chan-
nels of a Codec can occupy the same time slot for a syn-
chronous operation or they can be independent of each
other for time slot asynchronous operation. Asyn-
chronous operation helps minimize switching delays
through the system. Since the strobe or sync pulse for
the coder and decoder sections is independent of each
other in the S3507A, it can be operated in either manner.

In the CCITT carrier system, 30 voice channels and 2
framing and signaling channels are multiplexed to form
the transmit and receive PCM highways, 8 data bits
from each channel. Since each channel is sampled 8000
times per second, the resultant data rate is 2.048Mb/s.

The line supervision and control circuitry within each
subscriber line interface can generate all the timing

signals for the associated Codec under control of a central
processor. Alternatively, a common circuitry within the
channelbank can generate the timing signals for all chan-
nels. Generation of the timing signals for the S3506 and
S3507 is straightforward because of the simplified timing
requirements (see Timing Requirements for details).
Figures 5 and 5A show design schemes for generating
these timing signals in a common circuitry. Note that
only three signals: a shift clock, a frame reset pulse (coin-
cident with the S bit) and a superframe reset pulse (coin-
cident with the S bit in Frame 1) are needed. These
signals are generated by clock recovery circuitry in the
channelbank. Since the AMI Codec does not need chan-
nel strobes to be exactly 8-bit periods wide, extra
decoding circuitry is not needed.

SUPERFRAME

Figure 5. Generating Timing Signals in a T1 Carrier System
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A Digital Telephone Application

Most new PABX designs are using PCM techniques for
voice switching with an increasing trend toward applying
them at the telephone level. The simplest form of a digi-
tal telephone design uses four wire pairs to interface to
the switch. Two pairs carry transmit and receive PCM
voice data. One pair supplies an 8kHz synchronizing
clock signal and the remaining pair supplies power to the
telephone. More sophisticated designs reduce costs by
time-division-multiplexing and superimposition tech-
niques which minimize the number of wire pairs. The
AMI Single-chip Codec is ideally suited for this applica-

tion because of the low component count and its simpli-
fied timing requirements. Figure 6 shows a schematic for
a typical digital telephone design.

Since asynchronous time slot operation is not necessary,
transmit and receive timing signals are common. A
phase-lock-loop derives the 256kHz system clock and
64kHz shift clock from the 8kHz synchronizing signal
received from the switch. The synchronizing signal also
serves as the transmit/receive strobe signal since its duty
cycle is not important for Codec operation. Microphone
output feeds directly into the coder input while the
decoder output drives the receiver through an impedance
transformer to complete the design.

45V -5y

2.24F
s
22

12
Vpp Vs ANA  DIG
15 GND GND

PCM | 6
ot

16

pem | 11
Vi N

HANDSET $3506 OR

WIFILTER
Vour
Tswier

REC ouT—

Figure 6. Voice Processing in a Digital Telephone Application
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S3525A/S3525B

Features

0O CMOS Technology for Wide Operating Single
Supply Voltage Range (7.0V to 13.5V). Dual
Supplies (+3.5V to +£6.75V) Can Also Be Used.

[0 Uses Standard 3.58MHz Crystal as Time Base.
Provides Buffered Clock to External Decoder
Circuit.

[J Ground Reference Internally Derived and
Brought Out.

(] Uncommitted Differential Input Amplifier Stage
for Gain Adjustment

[J Filter and Limiter Outputs Separately Available
Providing Analog or Digital Outputs of Adjust-

DTMF BANDSPLIT FILTER

General Description

The S3525 DTMF Bandsplit Filter is an 18-pin monoli-
thic CMOS integrated circuit designed to implement a
high quality DTMF tone receiver system when used with
a suitable decoder circuit. The device includes a dial tone
filter, high group and low group separation filters and
limiters for squaring of the filtered signals. An uncom-
mitted input amplifier allows a programmable gain stage
or anti-aliasing filter. An overall signal gain of 6dB is pro-
vided for the low group and high group signals in the cir-
cuit. The dial tone filter is designed to provide a rejection
of at least 52dB in the frequency band of 300Hz to
500Hz. The difference between the S3525A and the
S3525B is the frequency of output clock signal at the
CKOUT pin. In the S3525B, it is a 894.89kHz square
wave while in the S3525A, it is a 3.58MHz buffered

<
=]
z
2
=
=
=]
o

able Sensitivity. oscillator signal. The S3525A can be used with digital

DTMF decoder chips that need the TV crystal time base
allowing use of only one crystal between the filter and
decoder chips.

[1 Can be Used with Variety of Available Decoders
to Build 2-Chip DTMF Receivers.
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Absolute Maximum Ratings:

DC Supply Voltage (VDD - V) -« vt enttt ettt e et e ettt e e e e et +15.0V
Operating Temperature . ... ............uiiuiiintan et aiiaienaes 0°C to +70°C
Storage TemMPerature . ... ........uotnuntetn ettt aiiee e et tteeenaneeeeannnes —55°C to +125°C
Analog INPUL .. ..ottt e e Vgs —0.3V <Vin<Vpp +0.3V

DC Electrical Operating Characteristics: T =0°C to +70°C

Symbol Parameter/Conditions Min. Typ. Max. Units
Vop Positive Supply (Ref to Vgg) 9.6 12.0 13.5 \%
VoLckouT) Logic Output “Low” Voltage
Ty = 1604A Vgg+0.4 v
Von(ckour) Logic Output‘‘High” Voltage _
Toes = uh Vpp—1.0 \
VoLFH, FL) Comparator 500pF Load Vgs+0.5 \Y%
Output Voltage
Low 10k Load Vgs+2.0 \%
VOH(FH, FL) Comparator 500pF Load Vpp—0.5 v
Output Voltage
High 10kQ Load Vbp—2.0 v
RINA (IN—,IN+) Analog Input Resistance 8 MQ
CINA (INA—, IN+) Analog Input Capacitance 15 pF
VREF Reference Voltage Out 0.49 0.50 0.51 V.
(VDD —Vss) | (Vbp — Vsg)| (Vbp — Vss)
Vor=[BVgrgr-Vrer] | Offset Reference Voltage 50 mV
Pp Power Dissipation Vpp=10V 170 mW
VDD =12.5V 400 mW
VDD =13.5V
and 0°C 650 mW
AC System Specifications:
Symbol Parameter/Conditions Min. Typ. Max. Units
Ay Pass Band Gain 5.5 6 6.5 dB
Dial Tone Rejection
Dial Tone Rejection is measured at
the output of each filter with respect
to the passband
Low Group 350Hz 55 59 dB wrt
DTRy, Rejection 700Hz
440Hz 50 53 dB wrt
700Hz
DTRy High Group Either Tone 55 68 dB wrt
Rejection 1200Hz
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AC System Specifications (Continued)

Symbol Parameter/Conditions Min. Typ. Max. Units

Attenuation Between Groups

Attenuation of the nearest frequency of the opposite group
is measured at the output of each filter with respect to the

passband <
GAL Attenuation of 1209Hz 50 >60 dB wrt 2 P
700Hz : 8
GAy Attenuation of 941Hz 40 42 dB wrt 3
1200Hz =

Total Harmonic Distortion

THD Total Harmonic Distortion (dB). Dual tone of 770Hz and —40 dB
1336 Hz sinewave applied at the input of the filter at a level
of 3dBm each. Distortion measured at the output of each
filter over the band of 300 Hz to 10kHz (Vpp=12V)

Idle Channel Noise

ICN Idle Channel Noise measured at the output of each filter 1 mVyms
with C-message weighting. Input of the filter terminated
to BVggp

Group Delay (Absolute)
GD, Low Group Filter Delay over the band of 50Hz to 3kHz 4.5 6.0 ms

GDy High Group Filter Delay over the band of 50Hz to 3kHz 4.5 6.0 ms

Pin/Function Descriptions
OSCyn, OSCout These pins are for connection of a standard 3.579545MHz TV crystal and a 10MQ +10%

resistor for the oscillator from which all clocking is derived. Necessary capacitances are
on-chip, eliminating the need for external capacitors.

CKOUT (S3525A) Oscillator output of 3.58 MHz is buffered and brought out at this pin. This output drives
the oscillator input of a decoder chip that uses the TV crystal as time base. (Only one
crystal between the filter and decoder chips is required.)

CKOUT (S3525B) This is a divide by 4 output from the oscillator and is provided to supply a clock to decoder
chips that use 895kHz as time base.

IN—, IN+, Feedback These three pins provide access to the differential input operational amplifier on chip. The
feedback pin in conjunction with the IN— and IN+ pins allows a programmable gain
stage and implementation of an anti-aliasing filter if required.

FH OUT, FL OUT These are outputs from the high group and low group filters. These can be used as inputs
to analog receiver circuits or to the on-chip limiters.

HI IN—, HI IN+ These are inputs of the high group and low group limiters. These are used for squaring of

LO IN—, LO IN+ the respective filter outputs. (See Figure 2.)
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Pin/Function Descriptions (Continued)

FHSQ,
FLSQ

Vop, Vss
VREF

BVRgr

These are respectively the high group and low group square wave outputs from the
limiters. These are connected to the respective inputs of digital decoder circuits.

These are the power supply voltage pins. The device can operate over a range of 7V<
(VDD—VSS’ < 138.5V,

An internal ground reference is derived from the Vpp and Vgg supply pins and brought
out to this pin. Vggp is 1/2(Vpp — Vgg) above Vgg.

Buffered Vgiy is brought out to this pin for use with the input and limiter stages.

LOSS (dB)
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Figure 1. Typical $3525 DTMF Bandsplit Filter Loss/Delay Characteristics
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Input Configurations

The applications circuits show some of the possible input
configurations, including balanced differential and single
ended inputs. Transformer coupling can be used if
desired. The basic input circuit is a CMOS op amp which
can be used for impedance matching, gain adjustment,
and even filtering if desired. In the differential mode, the
common mode rejection is used to reject power line-
induced noise, but layout care must be taken to minimize
capacitive feedback from pin 13 to pin 12 to maintain
stability.

Since the filters have approximately 6dB gain, the inputs

should be kept low to minimize clipping at the analog
outputs (FLgyt and FHgy).

Output Considerations

The S3525 has both analog and digital outputs available.
Most integrated decoder circuits require digital inputs so
the on-chip comparators are used with hysteresis to
square the analog outputs. The sensitivity of the receiver
system can be set by the ratio of R1 and R2, shown in
Figure 2. The amount of hysteresis will set the basic sen-
sitivity and eliminate noise response below that level.

Figure 2. Typical Squaring Circuit

$3525 BANDSPLIT FILTER
r——=-"—"==- -: :
! -
141 |5 | LOW GROUP ASSUMING BVger=0 OR
aiarosouri | —— > | SQUARED DUTPUT VeVop Vss) then
/ ! | - UTP=Egsan) 1
I 4 1 6]+ | R + Rz
! $ [ LTP=—Egean M1 __
N Ve S - By + Rz
1
/ !
! . T~
_____ | Ry Ry

Clock Considerations

The clock is provided by a standard 3.58MHz TV crystal in parallel with a 10M€ resistor across pins 16 and 17. A
buffered output at pin 18 is provided to drive the companion decoder at 3.58MHz (S3525A) or 895kHz (S3525B). It
can be directly coupled or capacitively coupled depending on the decoder.

The circuits shown are not necessarily optimal but are intended to be good starting points from which an optimal

design can be developed for each individual application.

Applications

Companion decoders to be used with the S3525 vary in performance and features. Teltone Corporation’s TT6174,
Rockwell Microelectronic’s CRC8030 and MOSTEK’s MK5102/03 are available units that can be used with the

S3525.
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Figure 3. AMl/Teltone 2 Chip DTMF Receiver
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Figure 4. AMI/Mostek 2 Chip DTMF Receiver
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Additional information can be obtained from the S3525 Applications Note available on request from AMI, and from
the suppliers of the decoder circuits.
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S3526A/S35268B

TUNEABLE BANDPASS/NOTCH FILTER

Features

O Provides Band Pass and Band Reject Outputs

[J Uses 3.58MHz TV Crystal or 256KHz Clock as
Timebase for 2600Hz Center Frequency

Generates 2600Hz Sinewave
Single or Dual Supply Operation
Buffer Drives 6002 Loads

O o g o

The bandpass/motch frequency can be shifted
from 2600Hz by using other clock frequencies.

General Description

The S3526 Single Frequency (SF) Filter is a 14-pin mono-
lithic CMOS circuit designed to implement a precision
SF tone receiver. When used with an inexpensive 3.58
MHz TV crystal or a 256kHz clock input it provides
sharp 2600 Hz bandpass and notch filters as well as a
2600Hz sine wave output. The 256kHz clock can be at
CMOS or TTL levels. A change in the crystal (or clock)
frequency from 3.58MHz (256kHz) will proportionately
change the bandpass, notch and sine wave output fre-
quencies. The S3526A is intended for dual +5V and
—5V power supply operation, whereas the S3526B is in-
tended for a single +10V supply.

Block Diagram

Pin Configuration
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AJM‘I« S3526A/S35268B

Absolute Maximum Ratings

Supply Voltage ‘VDD'VSS) ............................................................. +15.0V
Operating Temperature . ............... ... ... 0°Cto 70°C
Storage Temperature ... ............... ... .. —65°C to +150°C
Analog Input ................................................. VSS -03Vg VIN < VDD +0.3V

DC Electrical Operating Characteristics: Ty =0°C to +70°C

Symbol Parameter/Conditions Min. Typ. Max. Units
Vb Positive Supply (Ref. to Vgg) 9.0 10 13.5 A%
Pp Power Dissipation Vpp =10V 100 mW
Vor 2600Hz Sine Wave Output Load=10KQ #*3.1 V (P-P)
Vr, 2600Hz Output Distortion Load =10KQ —35 dB
{for 2600Hz center frequency)

Rin Input Resistances (Except SIG IN) 8 MQ
Cin Input Capacitances 15.0 pF

Filter Performance Specifications

Symbol Parameter/Conditions Min. Typ. Max. Units
Ap Pass Band Gain - All Paths —0.5 0 0.5 dB
Zin Input Impedance (SIG IN, Pin 1) 2.5 MOhms
2600Hz Band Rejection Filter Attenuation (referenced
from 1000Hz)
250Hz to 2200Hz —-0.5 0.1 0.5 dB
2200Hz to 2400Hz —-0.5 5.0 dB
2585Hz to 2615Hz 60 70 dB
2800Hz to 3000Hz —0.5 5.0 dB
3000Hz to 3400Hz —-0.5 0.1 0.5 dB
2600Hz Band Pass Filter Attenuation (referenced from
2600Hz)
DC to 1600Hz 70 80 dB
2100Hz 50 63 dB
2400Hz 30 37 dB
2540Hz 3 5.8 dB
2560Hz 9 3 dB
2640Hz 1.3 3 dB
2660Hz 3 6.5 dB
2800Hz 30 35 dB
3100Hz 50 58 dB
3600Hz 70 74 dB
Ripple 2564Hz to 2632Hz 0.5 dB
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Table 1: Control Pin Definitions

Pin No. | Name Connection Operation Note
— Vpp to (Vpp —0.5V) | CMOS Logic Levels
14 | o bo 10 Voo ~0.5V) % 1
(Vop —4V) to Vgg TTL Logic Levels
4 oS Voo Ext. 256KHz Sqg. Wave Clock at Pin 3 5
Vgg Or Vag 3.58MHz Crystal Connected Between Pins 2 and 3 or 3.58 Clock to Pin 2 i
Voo Buffer Out = Input Signal S
10 SC . zg
Vs Buffer Out = Band Reject Out =2
= -
Notes: 8

1) CMOS logic levels are same as Vpp and Veg supply voltage levels. For TTL interface ground of TTL logic must be connected to Vgg supply pin.
2) For ext. 256KHz clock operation pin 2 must be connected to V. For ext. 3.58 clock. drive pin 2. leave pin 3 open

Pin Function Description

Pin No. Function

SIG IN 1 Signal In — This pin is the analog input to the filters and the buffer. It is a high impedance
input (Z=2.5MQ).

OSCin 2 These pins are the timing control for the entire chip. A 3.58MHz TV crystal is connected

OSCoyr 3 across these two pins in parallel with a 10MegOhm resistor. Another option is to provide a

256KHz signal at pin 3 and connect pin 2 to Vpp. It may be either TTL or CMOS levels, as
determined by pin 14. Or, a CMOS level external 3.58 MHz may be applied to pin 2 directly
leaving pin 3 open.

CS 4 Clock Select - This pin when tied to Vpp configures the chip for 256 KHz clock input opera-
tion. When tied to V5 or Vgg the chip operates from a 3.58MHz crystal or clock input.

2600 OUT 5 This is an output pin providing a 2600Hz sine wave.

Vss 6 Negative supply voltage pin.

Vobp 7 Positive supply voltage pin.

BR OUT 8 Band Reject Out - This is the output of the filter that notches out 2600Hz energy. It should
drive a load > 10KQ.

BUF OUT 9  Buffer Out - This buffer can drive a 600 load and provides either the reproduced signal in-
put without filtering, or provides the signal input with 2600Hz energy notched out.

SC 10 Switch Control - This pin controls which signal is presented at the Buffer Out. A logic high
(Vpp) connects the input signal straight through. A logic low (Vgg) connects the output of the
2600Hz band reject filter to the Buffer Out.

BUF- 11 Buffer Negative - This is the inverting input to the buffer.

BP OUT 12 Band Pass Out - This is the output of the 2600Hz band pass filter which will pass any energy
at 2600Hz present at the Signal In pin. It should drive a load 2 10KQ.

Vac 13  Analog Ground - This is the analog ground pin for audio inputs and outputs. When used with

a single supply, this pin is 1/2 (Vpp-Vgg). When used with +5V supplies, this point is at
ground. The S3526B has internal voltage divider resistors to Vpp and Vgg of 220KQ. The
S$3525A does not.

CIT 14  This pin determines whether CMOS or TTL levels will be accepted at pin 3 for a clock input.
When tied to Vpp, the chip accepts CMOS logic levels; when tied to a point € (Vpp-4V), the
chip accepts TTL levels.
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Table 2: Analog Signal Parameters

Parameter Min. Typ. Max. Units
Input Signal Level (Vop-Vss) Volts
Load Resistance (R, ) (BR OUT, BP OUT) 10 kQ

Load Resistance (R, ) (BUFF QUT) 600 Ohms
Output Signal Level into R_ (Typ) BR OUT, BP OUT, BUFF OUT ' +9 dBm

Figure 1. Typical Filter Performance Curves

2400Hz  2600Hz  2800H:z

T | L
0d8
BAND REJECT ATTENUATION $3526 2600Hz FILTER TYPICAL
PERFORMANCE CURVES WITH
3.58MHZ CLOCK AT 10V SUPPLY
2008 |—
40d8

BAND PASS ATTENUATION

60dB

80dB

"'Jllllllllllllllll
1600Hz 2000Hz 2600Hz 3200Hz 3600Hz
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AMERICAN MICROSYSTEMS, INC.

LPC-10 SPEECH SYNTHESIZER
WITH ON-CHIP 20K SPEECH DATA ROM

Features General Description
. . . The S3610 LPC-10 Speech Synthesizer generates speech S
[ Simple Digital Interface of high quality and intelligibility from LPC (Linear [
] CMOS Switched-Capacitor Filter Technology Predictive Coding) data stored in an internal 20K bit §
O Automatic Powerdown ROM. The simple digital interface consists of 5 word- 8
select lines, a strobe input to load the address data and
(] 5-8 Volts Single Power Supply Operation initiate operation, and a busy output signal. At the end of
. . enunciation the chip automatically goes into the power-
[ Direct Loudspeaker Drive down mode until a new word select address is strobed in.
0 30mW Audio Output The data rate from the speech ROM into the synthesizer
. is 2.0K bits/sec max. Typically the average data rate will
U 20K Bits Speech ROM be reduced to about 1.2K bits/sec. by means of the data
[0 Low Data Rate rate reduction techniques used internally, giving about
- 17 seconds of speech from the ROM data. The 5 word-
[ Up to 32 Word Vocabulary select lines allow a maximum vocabulary of 32 words.
Block Diagram Pin Configuration
Ko :i
WORD WORD SPEE:S DATA
SELli:g z DECODE 258 BITS s ALLOGATION ]
Ayo—»] PLA
A [ 1 24 [ Vpp
A 2 23 [ NE
s o— letooen o [ A 3 22 NG
VALUE oM ne [ 4 21 [ NE
srnl]osn:i: G%:&EES%E A::D o ____J VOICED/UNVOICED | — Ao E 5 20 :] A4
05t op] " CONTROL :r coNTROL ST[] 6 $3610 9 []8
Ao 3 INTERPOLATION NC (] 7 8T
! T[] 8 17 [ T
PITCH | PITCH
COUNTER 1| REGISTER 0sC, E 9 16 :] N/C
(
| i e by .
Voo 0> STACK 0SC; [: 1k 14 ] LS,
Vss o—
TEST 10— T Vss [] 12 13 ] A GND
TEST 20—
TEST 3 O——> —
mé{:ﬁgﬁmg (10 sTace N/C=NO CONNECTION
1§,
INTERPOLATION
POWER AMPLIFIER
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The synthesizer is realized using analog switched- The S3610 also features an on-chip oscillator, requiring
capacitor filter technology and operates at 8K samples/ only a 640kHz ceramic resonator and a 120pF capacitor
sec. An output interpolating filter and bridge power for normal operation.

amplifier give 30mW output power at 6 volts supply and
allow the device to be connected directly to a 100R
loudspeaker.

AMI is able to provide a speech analysis service to
generate the LPC parameters from customers’ speech
supplied on audio magnetic tape.

Absolute Maximum Ratings*

SUPDLY VOltage . .« oottt et e e e 11 Volts DC
Operating Temperature Range . .. .ovv vttt ittt et eiiastenaeeeeraneernnns 0°Cto +70°C
Storage Temperature Range . ........oouiuuiiiittiniirieer e aoieeenierennnas —55°C to +150°C
Voltageat any Pin...... ...ttt e Vgg —0.3 to Vgg +0.3V
Lead Temperature (soldering, 10 S€C.) . ... .ottt ittt it et 200°C
Power DIssIpation . . ...ttt e e e i e e e 1w

*¥COMMENT: Stresses above those listed under **Absolute Maximum Rating’ may cause permanent damage to the device. This is a stress rating only and func-
tional operation of the device at these or at any other condition above those indicated in the operational sections of this specification is not implied. Exposure to
absolute maximum rating conditions for extended periods may affect device reliability.

Electrical Specifications: (Vpp=6.0V £10%, Vgg=0V, Cog=0.047uF, Tp =0° to 70°C, unless otherwise

specified)
D.C. Characteristics
Symbol Parameter Min. Typ. Max. Units Conditions
Viu Input High Logic 1" Voltage 2.4 Vobp \4
Vi Input Low Logic “0” Voltage -0.3 0.8 v
Iin Input Leakage Current 10 uA Vin=0 to

Vop

VoL Output Low Voltage Busy Output 0.4 v Io,=1.6mA
AVpa Output DC Offset Voltage, Audio 200 mV
Voa DC Output Voltage, Audio Y% Vpp Rp,0ap =100Q
Ipp Supply Current, Operating 25 mA
IppL Supply Current, Powerdown 0.75 mA
AC Characteristics
Symbol Parameter Min. Typ. Max. Units Condition
Po Audio Output Power 30 mW Rioap=100Q
tas Address Set-up Time 200 nsec See Figure 1
tAn Address Hold Time 10 nsec See Figure 1
tso Strobe Off Width 1 usec See Figure 1
tss Strobe to Busy Delay 100 500 nsec See Figure 1
teo Busy to Speech Output Delay 19 msec See Figure 1
Fosc Oscillator Resonator Frequency -1% 640 +1% KHz
Rioap  Audio Output Load Impedance 100 Q
Cinosc  Input Capacitance, Oscillator 100 pF
Cin Input Capacitance, Digital Interface 7 pF
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Figure 1. Timing Requirements

—— - - —— -

VALID
ADDRESS

- VALD
Ao-hs ADDRESS >< ___________

tas | tan 150

tse

sT /
By

SPEECH OUTPUT

(L81-LS2)

Pin Function/Description

Digital Interface

Ay through A,

ST

BU

Audio Interface
LS1 and 2

Misc.
0SC;, OSC,

Ty, Tg, T
Vss

Vpp
AGND

Word Select Inputs. The 5-bit address data on these lines selects the word to be enunciated
from the internal vocabulary.

Strobe Input. A rising edge on this line strobes in the word select data and causes enunciation
to commence. If this line is taken low prior to the end of enunciation (as indicated by the busy
signal), enunciation stops immediately and the chip goes into power down mode.

Busy Output. This open drain output signals that enunciation is in progress by going low.

Loudspeaker Outputs. These pins are used to connect the chip to the loudspeaker. They are
D.C. coupled and have an offset of half the supply voltage. The audio output is balanced on the
two outputs.

Oscillator Input and Qutput. A 640KHz ceramic resonator (MuRata CSB640A or equivalent)
should be connected between these pins for normal operation, or an external 640KHz signal
may be fed into OSC;, When a resonator is used, a 120pF capacitor should be connected
between OSC; input and ground.

Test Inputs. These inputs should be left unconnected for normal operation.

Most negative supply input. Normally connected to OV.
Most positive supply input.

Analog Ground. An internally generated level approximately half way between Vgg and Vpp.
A 0.047uF decoupling capacitor should be connected from this pin to Vgg. Do not connect this
pin to a voltage supply.
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Circuit Description

The main components of the S3610 LPC-10 Speech
Synthesizer are shown in the block diagram.

Word Decode ROM —This ROM decodes the data pre-
sented on the word select lines into the start addresses
of the speech words as stored in the Speech Data ROM.
Up to 32 twelve bit start addresses may be program-
med into this ROM. When the strobe line is taken high
the start address selected is used to preset the Address
Counter.

Address Counter—This binary counter is used to
address the Speech Data ROM. After being preset to
the desired start address it is incremented each time a
new byte of data is required for the synthesizer.

Speech Data ROM-—This ROM contains the 2.5K
(2560) bytes of LPC-10 parameters encoded into a non-
linearly quantized packed format. This format allows
each frame of LPC parameters to be stored in only 5
bytes or less and is shown in Figure 2.

End of Word Decoder—This circuit detects the special
code indicating that the last byte read from the Speech
Data ROM denotes the end of the speech word data and
initiates the power down routine after the previous
frame has been enunciated.

Buffer Registers—The data from the Speech Data
ROM is assembled into frames and then decimated into
the 12 parameters required for LPC-10 synthesis: pitch,
gain and the 10 lattice filter coefficients. The para-
meters are stored in an encoded format and the decod-
ing is done in the Parameter Value ROM. The coeffi-
cient address registers are used to store the assembled
frame data and address this ROM.

Bit Allocation PLA—A programmable logic array is
used to control the allocation of bits in the Buffer
Register to the 12 parameters. The allocation and per-
missible variations are shown in Figure 2.

Parameter Value ROM —This ROM is used as a look-up
table to decode the stored parameters into the LPC
coefficients. .

Interpolation Logic—The coefficients for each frame of
speech, normally 20msec. are interpolated four times
per frame to generate smoother and more natural
sounding speech. Hence, the interpolation period is one
quarter of a frame period, normally 5msec. After inter-
polation, the coefficients are used to drive the pitch-
pulse source, the lattice filter and the gain control.

Interpolation is inhibited when a change from voiced to
unvoiced speech, or vice versa, is made.

Pitch Register and Counter—This register stores the
pitch parameter used to control the pitch counter.

Pitch-pulse Source — This is the signal source for voiced
speech (vowel sounds). It is realized in switched-capa-
citor technology and generates symmetrical bipolar
pulses at the rate specified by the pitch parameter and
controlled by the pitch counter.

Pseudo-random Noise Source—This is the signal
source for unvoiced speech (fricatives and sibilants) and
consists of a 15-bit linear code generator giving a
periodicity of 32767 sampling periods (4.096sec.). The
output of this generator is scaled to a lower value and
used as a random sign, constant amplitude signal.

Voiced/Unvoiced Speech Selector Switch—This switch
determines whether the voiced or unvoiced signal
source is used to drive the filter during a given frame.

LPC-10 Parameter Stack— This stack of 10 filter coeffi-
cients is used to control the lattice filter. The coeffi-
cients have an accuracy of 8-bits plus sign.

10 Stage Lattice Filter—The filter which simulates the
effect of the vocal tract on the sound source (glottis) in
the human speaker is realized here as a switched-
capacitor (analog sampled data) 10 stage lattice filter.
The filter parameters are determined dynamically by
the time varying coefficients in the Parameter Stack
and the filter operates at a sampling frequency of SKHz
(clock frequency/80).

Gain Controller—This controls the input signal level to
the lattice filter to vary the sound level, and is an in-
tegral part of the lattice filter.

Interpolation Filter—The output signal from the lat-
tice filter is sampled at 8KHz, and consequently its
spectrum is rich in aliasing (foldover) distortion com-
ponents above 4KHz (See Figure 3). The signal is clean-
ed up by passing it through a 4KHz low pass filter
sampled at 160KHz. The spectrum of the output signal
contains no aliasing distortion components below
156 KHz, making the output suitable for feeding direct-
ly into a loudspeaker after amplification. This filter is
also realized using switched-capacitor filter
technology.

Power Amplifier—The amplifier brings up the level of
the signal to give an output level of 30mW RMS into
1009 load. The output is a balanced bridge configura-
tion with anti-phase signals on the 2 output pins.
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Figure 2. Packed Quantized Data Formats

BYTES BYTE 4 BYTE3 BYTE 2 BYTE1
7(6/5/4(3(2|1(0|716(5(4(3|2|1(0|7|{6|5|4(3{2(1|0[7|6|5|4{3]|2|1(0{7{6/5|4|3|2|1|0
vig
VOICED <~ PITCH > K10,K9,K8,K7,K6,K5 —» K4,K3, K2, K1 {,P“GAINT*
NERRRRRNEEEY U
vIE
UNVOICED |«————————NOT USED K4,K3, K2, K1 > ll_l P [<«GAIN-+>
LLLL v[r
E
REPEAT - NOT USED PITCH-»{ GAIN |p
T
END OF — olo 0
WORD NOT USED 0j0|0{0|0|0

*NOTE: 0= SINGLE (OR LAST) REPEAT. 1=MULTIPLE REPEAT

(a) SPECTRUM OF SIGNAL OUTPUT OF LATTICE FILTER

L1

0 4 8

NOTE:
THIS IS OMITTED FOR SIMPLICITY.

Figure 3.
I/l\/l\/ ”
| s
0 4 8 12 16 o

—— e —— . —— — —— — — ——
f

(b) SPECTRUM OF SIGNAL AT OUTPUT OF INTERPOLATION FILTER.
IN BOTH CASES A SIN x/x CHARACTERISTIC MODULATES THE SPECTRA.

KHz 156 160 164

Clock Generators and Power-down Control—This block
contains the oscillator and timing circuits and also
generates the analog ground reference voltage.

Speech Data Compression

The data rate of the synthesizer input is 5400 bits/sec
before interpolation (21600 bits/sec after interpolation)

consisting of 12 parameters of 9 bits each repeated every
20msec. This is reduced to less than 2000 bits/sec for
storage by means of a non-linear quantization technique.
Each of the 12 coefficients is constrained to have a fixed
set of values in an optimized manner. The actual values
are dependent on the speech data and generated auto-
matically in the analysis process. The parameters used to
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specify the coefficients are stored in the speech data ROM
and used to address the coefficient look-up table ROM.
The packing formats for the speech data are shown in
Figure 2.

The speech data rate is further reduced by two other
techniques shown in Figure 2. A substantial reduction is
achieved by reducing the order of the lattice filter (the
LPC order) to 4 during periods of unvoiced speech. This
allows a 40% data reduction during these periods, which
themselves typically account for 30-40% of speech (in the
English language). A second reduction is obtained by
detecting periods during which the filter parameters may
be the same as those in the previous frame. Only the gain
and pitch parameters are updated in such a frame, allow-
ing an 80% data reduction. Note that in repeat frame only
3 bits are allocated to the gain parameter. The LSB is
forced internally to zero.

Programming the S3610

The word decode ROM, the speech data ROM and the
coefficient ROM are mask programmed with the custo-
mer’s speech data. Interfacing with AMI to produce the
ROM mask is possible at several levels, to suit the
customer’s requirements, AMI is able to provide a com-
plete speech analysis service for this purpose. This allows

Interfacing

The S3610 is designed to be easily interfaced to a host
controller. The interface timing requirements are shown
in Figure 1. A valid 5-bit address should be presented on
the word select lines and the strobe line taken to a logic 1
and held there until the end of enunciation, as indicated
by the Busy output. A typical system configuration is
shown in Figure 4. If it is not possible or inconvenient to
monitor the Busy output or to maintain the strobe for the
duration of the enunciation, these 2 lines may be combin-
ed as shown in Figure 5. The Busy output will automati-
cally maintain the Strobe input once it is initiated. Note
that an inverted strobe input is now required, and its
duration should ensure that the Busy output goes low
before it is removed. A minimum duration of lusec is
recommended. A method of operating the synthesizer
directly from a keyboard is shown in Figure 6. Using the
74C922 encoder limits the vocabulary to 16 words. This
can be expanded to the maximum of 32 words by using 2
encoders. The R-C delay provides the address set-up time
required before ST goes high.

Applications

Toys and Games

accurate programming of the ROMs from a speech sam- EDP
ple provided on audio magnetic tape with a fast turn- Instrumentation
around. Customers who have LPC speech analysis facili- Communications
ties and wish to interface with AMI at a different level Industrial Controls
should contact the factory for further details about the Automotive
quantization technique and formats acceptable. Appliances
Figure 4. Typical System Configuration
[ Voo 100Q
A7 S Ap LS m
>t . LS
HOST > 2
SYSTEM A —{ Ay 0SCy
$3610 640kHz
EG.S6802  Aq2 > sT 0sC RESONATOR
| _ \ 0 120pF
T o "L
Vss - 0.047,F I
= = =
NOTE: NOMENCLATURE ON HOST REFERS TO S6802 =
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Figure 5. Using Busy Output to Maintain Strobe
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Figure 6. Direct Keyboard Operation
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AMERICAN MICROSYSTEMS, INC.

LPC-10 SPEECH SYNTHESIZER

Features General Description
O Simple Mi I

imple Microprocessor Interface The S3620 LPC-10 Speech Synthesizer generates speech
[0 CMOS Switched-Capacitor Filter Technology of high quality and intelligibility from LPC (Linear
O Automatic Powerdown Predic'ti\'re C?ding) datg st;qred i.n an exter.nal memory.
. . The digital interface circuitry is fully microprocessor
O 58 Volts Single Supply Operation compatible and allows the processor to load the data with
O Direct L . or without a DMA controller. The loading takes place on
ect Loudspeaker Drive a handshake basis, and in the absence of a response from
O 30mW Audio Output the processor the synthesizer automatically shuts down
7 Low Data Rate and goes into the powerdown mode. A busy signal allows

the processor to sense the status of the synthesizer. The
input data rate is 2.0K bits/sec. max., but typically the
average data rate will be reduced to about 1.4K bits/sec.
by means of the data rate reduction techniques used in-

ternally.
Block Diagram Pin Configuration
8o o—»]
O—1
DAT, X
WPOTS o weur oir
= ] el
D7 o—»f e
R o Dy [:: 1 22 [} Voo
B o— END OF WORD BT e D3 q 2 2105
W 0 s 20
M o] i o hL v
05C; o ___ | voceouwvorcen _
oS6e ou) PONERDDWN — r 1 conthoL (T W[l s 18 E’mn
I
! _
Aono H INTERPOLATION §T E 6 83620 17 BU
{ LOGIC ng 7 N
I
co [+ ofE el I
| - nNe (] 9 14 ] L5
CoeEFiENT 0sc; (] 10 1B]Ls
Voo 0—— STACK i ] 2
Vss O—- ° v 1 12 A GND
TEST 10— T ss ] :I
TEST 20—
TEST 30— PSEUDD N/C=NO CONNECTION
RANDOM 10 STAGE
O CE LATTICE FILTER
18y
INTERPOLATION
POWER AMPLIFIER
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The synthesizer is realized using analog switched- The S3620 also features an on-chip oscillator, requiring
capacitor filter technology and operates at 8K samples/ only a 640kHz ceramic resonator and a 120pF capacitor
sec. An output interpolating filter and bridge power for normal operation.

amplifier give 30mW output power at 6 volts supply and
allow the device to be connected directly to a 100Q
loudspeaker.

AMI is able to provide a speech analysis service to
generate the LPC parameters from customers’ speech
supplied on audio magnetic tape.

Absolute Maximum Ratings*

SUPPLY VOoltage . . ..o e e e e 11 Volts DC
Operating Temperature Range . ........... . i e 0°Cto +70°C
Storage Temperature Range . ... ......ouit ittt e —55°C to +150°C
Voltageat any Pin....... ... i e e Vgs —0.3 to Vgg +0.3V
Lead Temperature (Soldering, 10 SeC.) . ... ... vttt ittt r ittt et ianaeeeieeenns 200°C
Power Dissipation . .. ....... .o e e e e 1w

*COMMENT: Stresses above those listed under ** Absolute Maximum Rating'' may cause permanent damage to the device. This isa stress rating only and func-
tional operation of the device at these or at any other condition above those indicated in the operational sections of this specification is not implied. Exposure to
absolute maximum rating conditions for extended periods may affect device reliability.

Electrical Specifications: (Vpp=6.0V £10%, Vgg=0V, Cog=0.047uF, T =0° to 70°C, unless otherwise

specified)
D.C. Characteristics
Symbol | Parameter Min. Typ. Max. | Units Conditions
Vin Input High Logic ““1” Voltage 2.4 Vpp \Y%
ViL Input Low Logic “0”’ Voltage —0.3 0.8 \%
Iin Input Leakage Current 10 UA Vin=0 to Vpp
VoL Output Low Voltage Busy Output 04 A% Io,=1.6mA
AVoa Output DC Offset Voltage, Audio 200 mV
Voa DC Output Voltage, Audio %Vpp Riroap=100Q
Ipp Supply Current, Operating 25 mA
IppL Supply Current, Powerdown 0.75 mA
AC Characteristics
Symbol | Parameter Min. Typ. Max. | Units Condition
Po Audio Output Power 30 mW Rpoap=100Q
tps Data Set-Up Time 100 nsec See Figure 1
tou Data Hold Time 10 nsec See Figure 1
tws Strobe Pulse Width 0.5 100 usec See Figure 1
tss 1st Strobe to Busy Delay 100 500 nsec See Figure 1
tq 1st Strobe to 1st IRQ Delay 19 msec See Figure 1
trREP IRQ Repetition Rate 250 usec See Figure 1
twq IRQ Pulse Width 3 3.5 usec See Figure 1
tqs IRQ to Strobe DelaylSee Note 1} 200 usec See Figure 1
Fosc Oscillator Resonator Frequency —-1% 640 +1% KHz See Figure 1
Ripoap | Audio Output Load Impedance 100 Q
Cinosc | Input Capacitance, Oscillator 100 pF
Cin Input Capacitance, Digital Interface 7 pF

NOTE 1: Failure to respond to an IRQ with a new strobe within the specified period results in the chip going into the power down mode.
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Figure 1. Timing Requirements

Timing of First and Second Bytes
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Pin Function/Description

Digital Interface
Dy through D,
ST

IRQ

Audio Interface
LS1 and 2

Misc.
0OSC;, 0SC,

Data Inputs. The speech data (in quantized form) is loaded on these lines in 8 bit bytes.

Strobe Input. A rising edge on this input strobes in the data bytes. Enunciation will com-
mence after the first frame of data has been loaded. If no strobe is received by the chip in
response to an IRQ output then enunciation stops immediately and the chip goes into the
power-down mode.

Busy Output. This open drain output signals that enunciation is in progress by going low.

Interrupt Request Output. This open drain output signals that the chip is ready to receive the
next byte of data. Failure to respond within the prescribed time results in the chip going into
the power-down mode.

Loudspeaker Outputs. These pins are used to connect the chip to the loudspeaker. They are
D.C. coupled and have an offset of half the supply voltage. The audio output is balanced on the
two outputs.

Oscillator Input and Output. A 640KHz ceramic resonator (MuRata CSB640A or equivalent)
should be connected between these pins for normal operation, or an external 640KHz signal
may be fed into OSC;, When a resonator is used, a 120pF capacitor should be connected
between OSC; input and ground.

Test Inputs. These inputs should be left unconnected for normal operation.
Most negative supply input. Normally connected to 0V.
Most positive supply input.

Analog Ground. An internally generated level approximately half way between Vgg and Vpp.
A 0.047uF decoupling capacitor should be connected from this pin to Vgg. Do not connect this
pin to a voltage supply.
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Circuit Description

The main components of the S3620 LPC-10 Speech
Synthesizer are shown in the block diagram.

Input Latch—This 8-bit latch stores the input data
after the strobe pulse and loads it into the Coefficient
Address Registers.

End of Word Decoder—This circuit detects the special
code indicating that the last byte loaded in the Input
Latch denotes the end of the speech word data and ini-
tiates the power down routine after the previous frame
has been enunciated.

Buffer Registers—The data from the Speech Data
ROM is assembled into frames and then decimated into
the 12 parameters required for LPC-10 synthesis: pitch,
gain and the 10 lattice filter coefficients. The para-
meters are stored in an encoded format and the decod-
ing is done in the parameter value ROM. The coefficient
address registers are used to store the assembled frame
data and address this ROM.

Bit Allocation PLA —A programmable logic array is
used to control the allocation of bits in the Buffer
Register to the 12 parameters. The allocation and per-
missible variations are shown in Figure 2.

Parameter Value ROM —This ROM is used as a look-up

Figure 2. Packed Quantized Data Formats

table to decode the stored parameters into the LPC
coefficients.

Interpolation Logic—The coefficients for each frame of
speech, normally 20msec. are interpolated four times
per frame to generate smoother and more natural
sounding speech. Hence, the interpolation period is one
quarter of a frame period, normally 5msec. After
interpolation, the coefficients are used to drive the
pitch-pulse source, the voiced/unvoiced switch, the lat-
tice filter and the gain control. Interpolation is in-
hibited when a change from voiced to unvoiced speech,
or vice versa, is made.

Pitch Register and Counter—This register stores the
pitch parameter used to control the pitch counter.

Pitch-pulse Source—This is the signal source for voiced
speech (vowel sounds). It is realized in switched-
capacitor technology and generates symmetrical bi-
polar pulses at the rate specified by the pitch parameter
and controlled by the pitch counter.

Pseudo-random Noise Source—This is the signal
source for unvoiced speech (fricatives and sibilants) and
consists of a 15-bit linear code generator giving a
periodicity of 32767 sampling periods (4.096sec.). The
output of this generator is scaled to a lower value and
used as a random sign, constant amplitude signal.

BYTES BYTE 4 BYTE3 BYTE 2 BYTE1
716/5|a[3|2|1|0]7|6|5(a[3]2|1]|0|7]6|5]|43[2|1]0|7(6|5|4|3{2|1]|0|7{6|5[4]3|2[1]0
VIE
VOICED  |<-PITCH K10 K9,K8,K7,K6,K5 K4,K3, K2, K1 > l’, p [«GAINS>
EERRRRNEREEE T
vIR
UNVOICED  f«—————NOT USED K4,K3, K2, K1 - l’j |E> GAIN
LLLLL Jh
R
REPEAT NOT USED PITCH-»| GAIN ;TE’
E\”gn?; NOT USED ojo{ojo|o|o|o|o

*NOTE: 0= SINGLE (OR LAST) REPEAT. 1=MULTIPLE REPEAT

3.185

«<
2w
zz
=S
SF
o

(&)




| |
AMI
| MRe

§3620

Voiced/Unvoiced Speech Selector Switch—This switch
determines whether the voiced or unvoiced signal
source is used to drive the filter during a given frame.

LPC-10 Parameter Stack—This stack of 10 filter coeffi-
cients is used to control the lattice filter. The coefficients
have an accuracy of 8-bits plus sign.

10 Stage Lattice Filter—The filter which simulates the
effect of the vocal tract on the sound source (glottis) in the
human speaker is realized here as a switched-capacitor
(analog sampled data) 10 stage lattice filter. The filter
parameters are determined dynamically by the time vary-
ing coefficients in the Parameter Stack and the filter
operates at a sampling frequency of 8KHz (clock fre-
quency/80).

Gain Controller—This controls the input signal level to
the lattice filter to vary the sound level, and is an integral
part of the lattice filter.

Interpolation Filter—The output signal from the lattice
filter is sampled at 8KHz, and consequently its spectrum
is rich in aliasing (foldover) distortion components above
4KHz (See Figure 3). The signal is cleaned up by passing
it through a 4KHz low pass filter sampled at 160KHz.
The spectrum of the output signal contains no aliasing
distortion components below 156 KHz, making the output
suitable for feeding directly into a loudspeaker after
amplification. This filter is also realized using switched-
capacitor filter technology.

Power Amplifier—The amplifier brings up the level of the
signal to give an output level of 30mW RMS into a 100Q
load. The output is a balanced bridge configuration with
anti-phase signals on the 2 output pins.

Clock Generators and Power-down Control—This block
contains the oscillator and timing circuits and also gene-
rates the analog ground reference voltage.

Figure 3.

NOTE:
THIS IS OMITTED FOR SIMPLICITY.

0 4 8 12 16 ——p KHZ 152 156 160 164 168
(a) SPECTRUM OF SIGNAL OUTPUT OF LATTICE FILTER

|r/l ___________ . M

0 4 8 ~—p KHz 156 160 164

(b) SPECTRUM OF SIGNAL AT OUTPUT OF INTERPOLATION FILTER.
IN BOTH CASES A SIN x/x CHARACTERISTIC MODULATES THE SPECTRA.

Speech Data Compression '

The data rate of the synthesizer input is 5400 bits/sec
before interpolation (21600 bits/sec after interpolation)
consisting of 12 parameters of 9 bits each repeated every
20msec. This is reduced to less than 2000 bits/sec for
storage by means of a non-linear quantization technique,
Each of the 12 coefficients is constrained to have a fixed
set of values in an optimized manner. The actual values
are dependent on the speech data and generated auto-
matically in the analysis process. The parameters used to
specify the coefficients are stored in the speech data
ROM and used to address the coefficient look-up table

ROM. The packing formats for the speech data are
shown in Figure 2.

The speech data rate is further reduced by two other
techniques shown in Figure 2. A substantial reduction is
achieved by reducing the order of the lattice filter (the
LPC order) to 4 during periods of unvoiced speech. This
allows a 40% data reduction during these periods, which
themselves typically account for 30-40% of speech (in the
English language). A second reduction is obtained by
detecting periods during which the filter parameters may
be the same as those in the previous frame. Only the gain
and pitch parameters are updated in such a frame, allow-
ing an 80% data reduction.
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Generation of Speech Data for the S3620

The speech data input to the S3620 is in a compressed
format as explained in the previous section. AMI is able
to provide a complete speech analysis service for this pur-
pose and can supply the data on a diskette or programm-
ed into EPROMs or mask programmed ROMs up to
128k bits. The speech sample should be provided to AMI
on audio magnetic tape. Customers who have LPC
speech analysis facilities and wish to generate their own
data should contact AMI for further details of the quan-
tization technique used and the availability of software
to accomplish this.

Interfacing

The S3620 is designed to be easily interfaced to an 8-bit
microprocessor system such as the S6800 as well as some
4-bit systems such as the S2000 family. The timing re-

shown in Figure 4. The S3620 occupies a single address
in the microprocessor’s memory space and data is loaded
by writing it into that address after reading it from
memory. The Address decode function may be realized
using a PIA. An alternative interface technique is to
write the data directly into the S3620 while reading it
from the memory. This can be accomplished by mapping
the S3620 into the entire address space of the speech
data portion of the memory, so that the strobe is
generated each time a byte of data is read from the
speech memory. This can save hardware, as well as
microprocessor instructions, since the loading of each
byte is now accomplished in a single Read cycle instead
of a Read cycle followed by a Write cycle. An example of
this interfacing is shown in Figure 5, where the speech
data occupies the memory addresses 0000 to 7FFF.

Applications
Toys and Games

quirements are shown in Figure 1. A valid data byte ppp
should be present at the data input lines when the strobe  Communications
line is taken to a logic 1 before the start of enunciation [ umentation
and in response to each IRQ. The busy output may be us- 1, qustrial Controls
ed to identify the IRQ source during polling in a multiple A ;tomotive
interrupt system. A typical system configuration is Appliances
Figure 4.
4.7kQ
VWA +— Vpp
] l 1009
i A ADDRESS v
IRG 0 DECODE IRQ DD |81
At — (HIGH) LS2
E 0SC;
_L
VMA— 640kHz
56802 $3620 T3 ResonaTor
ST 0S¢, T
0o || 0o 120pF
07 | D7 gy Vss AcNp
,L -J- —-II— D4TF
| aooRess sus
MEMORY
EANK TO OTHER PERIPHERALS
DATA BUS
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Figure 5.

4.7KQ
VWA Voo
r J J 1009
iAo Ao IR0 Voo g4
Al (A Ls2
ST
£ )
O08CH™T Gaoum:
$6808 VMA |— $3620 ] RESONATOR
08Co }—J
Dp | Dy 120pF
[|1 S R D7 A
BU Vss GND
l _L TI .DAT.F
8000 TO FFFF - ADDRESS BUS 0000 TO 7FFF
PROGRAM AND __l SPEECH DATA
NON-SPEECH || MEMORY
DATA MEMORY DATA BUS

AV Ve
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AMERICAN MICROSYSTEMS, INC.

S3630A/B

Features

() Single +5V Power Supply

C1 Directly TTL Compatible Inputs

[} Directly TTL Compatible Outputs, Three State
on S3630A

'} Low Power: Supply Current-20mA Max.

[ Power Down Capability (S3630A)

General Description
The S3630A/B is a high density 131072 bit NMOS mask

programmable Read Only Memory. The device is fully
TTL compatible and the organization as 16K X8 bits

128K (16K X 8) BIT NMOS ROM

makes it very suitable for use in microprocessor systems.
It is available in both 6usec and 10usec versions.

The S3630 is available in two pin configurations. The
S3630A has the industry standard pinout (28-pin pack-
age). The S3630B has a minimum pin configuration,
allowing it to be packaged in a 24-pin DIL pack, saving
valuable board space where this configuration is usable,
as well as reducing costs.

The S3630 is manufactured in a high density silicon gate,
depletion load, N-channel process. Its high data capacity
makes it extremely suitable for use in speech synthesis
systems.

Block Diagram Logic Symbol Pin Configuration
Ay —1
! .
n — -
Voo 2 0g
Ao Ay — 0
Ay A — — o,
A
A;: ADDRESS As — 03
e L s B e
A: A7 — 0
Az Ag — — Og
=
Bl---ao-- A —1 0
s ]
Ag l i
Ag Ay
ADDRESS ]
o DECODER > COLUMN Ay —
1 DRIVER CIRCUITS
:12 Ay —]
k] L7 &% —|
e ) Ja &
e 31
oureuT 53 gg A E
N 3-STATE BUFFER 130 A
OE%T>1  cowTaoL® . —Te B s
by
ND Pin Names :‘E
. T s
$3630A ONLY = nD s sess0
Ag-Ay3  Address Inputs | [
09-07 Data Outputs AL
CE Chip Enable 0 ]
OE Output Enable 50
o, ]
Vss [
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Absolute Maximum Ratings*

Ambient Temperature Under Bias .. ...ttt —10°C to 80°C
Storage TempPeratire . . ..o uu ettt i e e e i e —65°C to 150°C
Output or SUPPLY Voltages . . ..o vtt ittt e et e e —0.5V to 7V
Input Volbages . .. ..viee et e i e e et e e e s —0.5V to 6.5V
D20y g B To) T v T U P 1w

*COMMENT: Stresses above those listed under *‘Absolute Maximum Rating’* may cause permanent damage to the device. This is a stress rating only and func-
tional operation of the device at these or at any other condition above those indicated in the operational sections of this specification is not implied. Exposure to
absolute maximum rating conditions for extended periods may effect device reliability.

D.C. Characteristics: (Ty =—10°C to 70°C, Voo =+5V +10%)

Symbol | Parameter Min. Typ. Max. | Units Conditions

VoL Output LOW Voltage 0.4 \% Ipr,=1.6mA

Vou Output HIGH Voltage 2.4 \% Iog =100pA

Vi Input LOW Voltage 0 0.8 v

Viu Input HIGH Voltage 2.0 5.5 \Y%

Ip; Input Leakage Current 10 pA Vin=0 to 5.5V

Iio Output Leakage Current 10 pA Vo=0.4V to 5.5V, @Vc
0.4V or OPEN

Icc Power Supply Current 10 20 mA

Icc Standby 3 mA 3630A

Capacitance: (T, =25°C, f=1MHz.)

Symbeol | Parameter Min. Typ. Max. | Units Condition
Cin Input Capacitance 7 pF ViN=0V
Cour Output Capacitance 10 pF Vour=0V
A.C. Characteristics: (T =—10°C to +70°C, Voc=+5V *10%)
Symbol | Parameter Min. Typ. Max. | Units Conditions
tceo Chip Enable Access Time
S3630A 6 usec
S3630A-1 10 usec
toe Output Enable Access Time
S3630A and S3630A-1 350 nsec
torF Output Deselect Time See A.C. Conditions of Test
S3630A 350 nsec and A.C. Test Load
tas Address Setup Time (S3630A)] 0 nsec
tau Address Hold Time (S3630A) 1 usec
tce CE Off Time (S3630A) 5 usec
tov Access Time from Vg On
S3630B 6 usec
S3630B-1 , 10 usec
torr Output Deselect Time
S3630B 250 nsec
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~ A.C. Characteristics: (Continued)

Symbol | Parameter Min. Typ. Max. | Units Conditions
tas Address Set-Up Time
S3630B —200 nsec
tau Address Hold Time (S3630B) 2 usec
VCCOFF 100 nsec

A.C. Test Conditions

Input Pulse Levels . . .. ... e e e e s 0.8 to 2.0V
Voo Levels ..o e e e s 0 to 4.5V
Input/Output Timing Levels ... ... ...t i e et i 1.5V
OULPUL L0Ad . . . i e e e e 1 TTL Load and 100pF

3630A Timing Diagram

AgTO Aqy3 X VALID ADDRESS
ta

3

tceo
VALID DATA VALID DATA
0g T0 07 /[ INVALID DATA 0g T0 0; (IF OE IS ENABLED)

le-Toe LoFF ]

VALID DATA OUTPUT \>__

OUTPUT LINES

3630B Timing Diagram

| tan

AgTOA43 VALID ADDRESS
[ tas* |
y

Voo /
Vecore I

tore tov
VALID DATA OUTPUT { VALID DATA OUTPUT

*tas MAY BE A NEGATIVE NUMBER SINCE THE ADDRESS DOES NOT HAVE TO BE VALID WHEN Ve
GOES ON BUT MAY OCCUR AFTERWARDS
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Custom Programming

The preferred method of pattern submission is the AMI
Hex format as described below, with its built-in address
space mapping and error checking. This is the format
produced by the AMI Assembler. The format is as
follows and may be on paper tape, punched cards or other
media readable by AMI (see notes on page 4).

Position Description

1 Start of record (Letter S)

2 Type of record
0— Header record (comments)
1—Data record
9—End of file record

3.4 Byte Count

Since each data byte is represented as two hex characters, the byte count must be multiplied by two to
get the number of characters to the end of the record. (This includes checksum and address data.)
Records may be of any length defined in each record by the byte count.

5,6,7,8 Address Value
The memory location where the first data byte of this record is to be stored. Addresses should be in
ascending order.

9,..N Data
Each data byte is represented by two hex characters. Most significant character first.

N+1,N+2 Checksum
The one’s complement of the additive summation (without carry) of the data bytes, the address, and the

byte count.
EXAMPLE: $1130000649E9F10320F0493139F72000FS5EOFO00126
$9030000FC
g8 3
g S z
-] = <
g - =
EE £ 5 §
I N N NP
$113000049E9F10320F0493139F72000F5EO0FO00125
NOTES: c. There should NOT be any extra line feed between
Paper tape format is the same as the card format above records at all. .
except: d. After the last record, four (4) $3$$ (dollar) signs
a. The record should be a maximum of 80 characters. should be punched with carriage return and line feed
b. Carriage return and line feed after each record indicating end of file.

followed by another record.
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Consumer Products Selection Guide
AMERICAN MICROSYSTEMS, INC. ‘

REMOTE CONTROL CIRCUITS

Part No. Description Process Power Supply Commands Packages
52600 Remote Control Encoder CMOS +17V to 10V 31 16 Pin
S2601 Remote Control Decoder PMOS +10V to 18V 31 22 Pin
52602 Remote Control Encoder CMOS +9V 18 16 Pin
52603 Remote Control Decoder PMOS +9V 18 22 Pin
52604 Remote Control Encoder CMOS +9V 18 16 Pin
52605 Remote Control Decoder CMOS +9V 18 22 Pin
S2742 Remote Control Decoder PMOS +15V 512 18 Pin
52743 Remote Control Encoder PMOS +9V 512 16 Pin
S2747 Remote Control Encoder CMOS +9V 512 16 Pin
52748 Remote Control Decoder CMOS +12V 512 16 Pin
ORGAN CIRCUITS
Part No. Description Process Packages
S10110 Analog Shift Register PMOS 8 Pin
S10129 Six-Stage Frequency Divider PMOS 14 Pin
S10130 Six-Stage Frequency Divider PMOS 14 Pin
S10131 Six-Stage Frequency Divider PMOS 14 Pin
S10430 Divider-Keyer PMOS 40 Pin
S2567 Rhythm Counter PMOS 16 Pin
52688 Noise Generator PMOS 8 Pin
$50240 Top Octave Synthesizer PMOS 16 Pin
S50241 Top Octave Synthesizer PMOS 16 Pin
S50242 Top Octave Synthesizer PMOS 16 Pin
$§50243 Top Octave Synthesizer PMOS 16 Pin
550244 Top Octave Synthesizer PMOS 16 Pin
S50245 Top Octave Synthesizer PMOS 16 Pin
CLOCK CIRCUITS
Part No. Description Process Power Supply Digits Packages
54003 Fluorescent Automotive Digital Clock PMOS +12V 4 40 Pin
(12 Hour + Date + Rally Timer)
DRIVERS
Part No. Description Process Power Supply Outputs Packages
$2809 Universal Driver PMOS +8V to +22V 32 40 Pin
S4535 32 Bit, High Voltage, Driver CMOS +5V 32 40 Pin
S$4534 10 Bit, High Voltage, High Current Driver CMOS +5V 10 18 Pin
S4521 32 Bit Driver CMOS +5V 32 40 Pin
AID CONVERTER AND DIGITAL SCALE CIRCUIT
Part No. Description Process Power Supply Digits Packages
S4036 General Purpose A/D Converter and CMOS +9V 4 24 Pin

Digital Scale Circuit
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ADVANCED PRODUCT DESCRIPTION
$2600/S2601

AMERICAN MICROSYSTEMS, INC.

ENCODER/DECODER
January 1982 REMOTE-CONTROL 2-CHIP SET

Features

[0 Small Parts Count — No Crystals Required

[0 Easily Used in LED, Ultrasonic, RF, or Hard-
wire Transmission Schemes

3 Analog (LP Filterable PWM) Outputs
Muting (Analog Output Kill/Restore)
Indexing Output — 2% Hz Pulse Train
Toggle Output (On/Off)
Mask-Programmable Codes

O Very Low Reception Error
O Low Power Drain CMOS Transmitter for
Portable and Battery Operation

O 31 Commands — 5-bit Output Bus with Data
Valid
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Pin Configuration

Block Diagram c
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Functional Description

The S2600/S2601 is a set of two LSI circuits which
allows a complete system to be implemented for remote
control of televisions, toys, security systems, industrial
controls, etc. The choice of transmission medium is up to
the user and can be ultrasonic, infrared radio frequency,
or hardwire such as twisted pair or telephone.

The use of a synchronizing marker technique has
eliminated the need for highly accurate frequencies
generated by crystals. The S2600 Encoder typically
generates a 40kHz carrier which it amplitude-modulates
with a base-band message of 12 bits, each bit preceded by
a synchronizing marker pulse.

Bits 1 and 12 denote sync and end-of-message, respec-
tively, bits 2 thru 6 constitute a fixed preamble which
must be received correctly for the command bits to be
received, and bits 7 through 11 contain the command
data. The S2601 Decoder produces an output only after
two complete, consecutive, identical, 12-bit transmis-
sions. Marker pulses, preamble bits, and redundant
transmissions, have given the S2600/S2601 system a
very high immunity to noise, without a large number of
discrete components.

$2600 Encoder

The S2600 is a CMOS device with an on-chip oscillator,
11 keyboard inputs, a keyboard encoder, a shift register,
and some control logic. The oscillator requires only an ex-
ternal resistor and capacitor, and to conserve power, runs
only during transmission. Keyboard inputs are active-
low, and have internal pull-up resistors to Vpp. When
one keyboard input from the group A through E is acti-
vated with one from the group F through K, the key-
board encoder generates a 5-bit code, as given in the table
entitled ‘“S2600/S2601 CODING,” below. This code is
loaded into a shift register in parallel with the sync,
preamble, and end bits, to form the 12-bit message.

The transmitter output is a 40 kHz square wave of 50%
duty factor which has been pulse-code-modulated by fi.e.,
ANDed with) a signal having a recurring pattern, a bit
frame of 3.2 millisecond duration. This bit frame is com-
prised of three signals: the Start signal which is 0.4
milliseconds of logic “1”; followed by the Data signal
which is 1.2 milliseconds of the lowest-order shift register
bit; followed by the Mark signal which is 1.6 milliseconds
of logic ““0"" (except in the first bit frame where Mark=1
to facilitate receiver synchronization).

The shift register is clocked once per bit frame, so that its
12-bit message is transmitted once in a 38.4 milliseconds.
The minimum number of transmissions that can occur is
two, but if the keyboard inputs are active after the first
3.6 milliseconds of any 12-bit transmission, one more
12-bit transmission will result. Transmissions are always
complete, never truncated, regardless of the keyboard in-
puts.

The Test Input is used for functional testing of the
device. A low level input will cause the oscillator frequen-
cy to be gated to the Data OQutput pin. This input has an
internal pull-up resistor to Vpp_

$2601 Decoder

The S2601 is a PMOS LSI device with an on-chip oscil-
lator, five keyboard inputs, a 40kHz signal input, and 11
outputs. The oscillator requires only an external R and C.
The five keyboard inputs are active-low with internal
pull-up resistors to Vgg; activation of any two causes one
of 10 possible 5-bit codes to be generated and fed to the
outputs of the S2601, overriding any 40kHz signal input.

Two counters, the signal counter and the local counter,
are clocked respectively by the signal input and a 40kHz
signal from the local RC oscillator timing chain. A 40kHz
input lasting 3.2 milliseconds (i.e., an initial bit frame)
causes the signal counter to overrun and reset both itself
and the local counter. At specific intervals thereafter, the
local counter generates pulses used to interrogate the
contents of the signal counter. Resynchronization of the
counters occurs every bit frame so that the interrogation
yields valid data bits even if the transmitter oscillator
frequency has deviated up to £24% with respect to the
receiver oscillator frequency.

Decoded data bits from the next five bit frames following
the initial synchronizing frame are compared with the fix-
ed preamble code. The next five decoded bits, the com-
mand bits, are converted to a parallel format and are
compared against the command bits saved from the prior
transmission. If they match, and if the preamble bits are
correct, the command bits are gated to the receiver out-
puts. However, a mismatch causes the receiver outputs
to be immediately disabled, and the new command bits
are saved for comparison against the command bits from
the next 12-bit transmission. In the case where 2 iden-
tical, proper, 12-bit transmissions are immediately
followed either by transmissions with erroneous pream-
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ble codes or by nothing, the receiver outputs will be acti-
vated during the end-frame of the second transmission,
and will be disabled 45 milliseconds thereafter. In the
rest (disabled) state the five Binary Outputs are at a ““1”
logic level; when not in the rest state, one or more of the
open-sourced output transistors will conduct to Vpp. The
Data Valid output is low during the rest state, and high
whenever data is present at the Binary Outputs.

The S2601 has five other outputs: Pulse Train, On/Off,
Analog A, Analog B, and Analog C. The states of these
outputs are controlled by the 10 particular Binary Out-
put codes which the receiver Keyboard Inputs can cause
to be generated. The Pulse Train output provides a
2.44Hz square wave (50% duty factor) whenever 11011
appears at the Binary Outputs, but otherwise it remains
at a logic '‘0”. This pulse train can be used for indexing,
e.g., for stepping a TV channel selector.

The On/Off (“mains”) output changes state each time
01111 appears at the Binary Outputs. In TV applications
the On/Off output is most often used to kill and restore
the main power supply.

Analog Outputs A, B and C are 10kHz pulse trains
whose duty factors are independently controllable. With

a simple low-pass filter each of these outputs can provide
64 distinct DC levels suitable for control of volume, color
saturation, brightness, motor speed, etc. Each Analog
Output increases its duty factor in response to a par-
ticular Binary Output code and decreases its duty factor
in response to another code—6 codes in all. The entire
range of 0% to 100% duty factor can be traversed in 6.5
seconds or at a rate of the oscillator frequency divided by
212, All three Analog Outputs are set to 50% duty factor
whenever 01011 appears at the Binary Outputs. Analog
A is mutable; 01100 sets it to 0% duty factor. If 01100
then disappears and reappears, the original duty factor is
restored. This of course implements the TV ‘sound
killer” feature.

The S2601 has an on-chip power-on reset (POR) circuit
which sets the Pulse Train and On/Off Outputs to “‘0”,
sets the Analog Outputs at 50% duty factor, and insures
that Analog A is muted. No external components are re-
quired to implement POR, but a POR input has been pro-
vided for applications where externally controlled reset is
desirable, e.g., where the power supply voltage rise time
is extremely slow. The POR input has an internal resistor
pull-up to Vgg; pulling it low causes a reset.

Message Bit Format

0 O

START DECODER DATA OUTPUT

ALWAYS = 1INSYNC AND END BITS
=1 = TRANSMITTED DATA

IN FRAMES 2 THRU 11

(PREAMBLE OR COMMAND}

MARK
= 1INSYNCBIT
= 0OTHERWISE

04 msec |
16 CLOCKS
 —

1.2 msec
48 CLOCKS

> 1.6 msec >
3.2 msec 64 CLOCKS

(TYPICAL CARRIER = 40kHz2)
% “1" MEANS PRESENCE OF A 40kHz CARRIER (STUARE WAVE); “0” MEANS ABSENCE OF A 40kHz CARRIER (SQUARE WAVE).

% % (F MESSAGE BIT = “1” THEN DECODER DATA OUTPUT = ENCODER DATA INPUT = “0";
IF MESSAGE BIT = 0" THEN DECODER DATA QUTPUT = ENCODER DATA INPUT = “1".

Message Format

FIRST PREAMBLEBIT=0

TYPICAL
128 CLOCKS/BIT

V3 - vonToare
INPUT KEYED po M O M 0o M gD MpPO M SO M O W
STARTED HERE ] It 1 1 ] 1 1 [ eAs I -
PRESSED 0
e
osc  RUN — ?
HALT -4
ouTPUT ouTPUT
DECODE OUTPUT DATA DATA=0 OATA=1
40kHz
TRANSMITTED MESSAGE 0 4 l____”_,_l_;p L L__;f.. L _
SYNC 5BITSOF 5BITS OF END SYNC ;nBILSB('].: END
BIT REA BIT
BIT  PREAMBLE COMMAND  BIT [ ReamoLe
e ESSAGEONE————— p e MESSAGETWO ——

76.8msec

TYPICAL
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ADVANCED PRODUCT DESCRIPTION
$2602/S2603

Features

O Accurate Data Transmission - No Frequency

Trimming Required

[0 Easily Used in LED, Ultrasonic, RF, or Hardwire

Transmission Schemes

[0 Very Low Reception Error

U Low Power Drain CMOS Transmitter for

Portable and Battery Operation

ENCODER/DECODER
REMOTE-CONTROL 2-CHIP SET

0 18 Commands—5-bit Output Bus with Data
Valid

[J Analog (LP Filterable PWM) Output
[J Muting (Analog Output Kill/Restore)
U Toggle Output (On/Off)

[0 Mask-Programmable Codes

Block Diagram Pin Configuration
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AR TERR TR liion o
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\ATOH LATCH/DEBOUNCE TG 1) Voo =GN0
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ourpuT N
| SHIFT RIGKT SHET REGISTER =1* B KEY-
KEY- e B LY ol BDARD
LOAD  PARALLEL LOADED WPUTS BOARD 0 —s nEw INPUTS
P ws | 0" “Ee
s o o wevgp Js Y
-0 o
o sl
e P,
i
vy s
et coutae s cor=o
e s
MARK =4707
* PROGRAMMASLE
Block Diagram Pin Configuration
e
o
s )
WUt I &z 8 "3
¢ " 18 L1
5 10 COUNTER
]
©
e T oos
CONTROL
w1 22PINPLASTICDIP
5 swrhe
B40kHz " oewonuLaTED ————————————» % wav, — 22 |~ AnaLOG oUT
SEkAL DATA Keraiaso N |- owiore
INPUTS. fon 3 ?
i L
REMOTEILOGAL t:: : DATA VALID 3 20 N
e o e Wi
o xev. | o—s cw o
I COMPARATOR 80ARD c—s e BINARY
PULSES 2 x A=Bl— INPUTS 8 — 7 18 |—5 ¢ oureuts
R T o i |
* SUNESTO1 OF 10 DECODER NC — s 18 =2
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Functional Description

The S2602/S2603 is a set of two LSI circuits which
allows a complete system to be implemented for remote
control of televisions, toys, security systems, industrial
controls, etc. The choice of transmission medium is up to
the user and can be ultrasonic, infrared radio frequency,
or hardwire such as twisted pair or telephone.

The use of a ceramic resonator with the $2602 Encoder
eliminates the need to trim the S2603 decoder oscillator.

The S2602 Encoder typically generates a 40kHz carrier
which it amplitude-modulates with a base-band message
of 12 bits, each bit preceded by a synchronizing marker
pulse.

Bits 1 and 12 denote sync and end-of-message, respec-
tively, bits 2 through 6 are place-holder bits, and bits 7
through 11 contain the command data. The S2603 De-
coder produces an output only after two complete, con-
secutive, identical transmissions. Marker pulses and
redundant transmissions have given the S2602/S2603
system a very high immunity to noise, without a large
number of discrete components.

S$2602 Encoder

The S2602 is a CMOS device with an on-chip oscillator, 9
keyboard inputs, a keyboard encoder, a shift register, and
some control logic. The oscillator uses an external cera-
mic resonator, and to conserve power, runs only during
transmission. Keyboard inputs are active-low, and have
internal pull-up resistors to Vpp. When one keyboard in-
put from the group C through E is activated with one
from the group F through K, the keyboard encoder gener-
ates a 5-bit code, as given in the table entitled ‘“S2602/
S2603 CODING," below. This code is loaded into a shift
register in parallel with the sync and end bits to form the
message.

The transmitter output is a 40kHz square wave of 50%
duty factor which has been pulse-code-modulated by fi.e.,
ANDed with) a signal having a recurring pattern, a bit
frame of 3.2 millisecond duration. This bit frame is com-
prised of three signals: the Start signal which is 0.4
milliseconds of logic “1"; followed by the Data signal
which is 1.2 milliseconds of the lowest-order shift register
bit; followed by the Mark signal which is 1.6 milliseconds
of logic “0" (except in the first bit frame where Mark=1
to facilitate receiver synchronization).

The shift register is clocked once per bit frame, so that its
12-bit message is transmitted once in 38.4 milliseconds.
The minimum number of transmissions that can occur is
two, but if the keyboard inputs are active after the first
3.6 milliseconds of any 12-bit transmission, one more

4.7

12-bit transmission will result. Transmissions are always
complete, never truncated, regardless of the keyboard in-
puts.

The S2602 Encoder is silenced automatically by an on-
chip duration limiter if a transmission persists for 6%
seconds (FOSC=320kHz). The absence of a keyboard
closure will reset the duration limiter so that a new 6%
second internal starts with the next key closure.

S$2603 Decoder

The S2603 is a PMOS LSI device with an on-chip oscil-
lator, five keyboard inputs, a 40kHz signal input, and 8
outputs. The oscillator requires only an external R and C.
The five keyboard inputs are active-low with internal
pull-up resistors to Vgg; activation of any two causes one
of 10 possible 5-bit codes to be generated and fed to the
outputs of the S2603, overriding any 40kHz signal input.

Two counters, the signal counter and the local counter,
are clocked respectively by the signal input and a 40kHz
signal from the local RC oscillator timing chain. A 40kHz
input lasting 3.2 milliseconds (i.e., an initial bit frame)
causes the signal counter to overrun and reset both itself
and the local counter. At specific intervals thereafter, the
local counter generates pulses used to interrogate the
contents of the signal counter. Resynchronization of the
counters occurs every bit frame so that the interrogation
yields valid data bits even if the transmitter oscillator
frequency has deviated up to +24% with respect to the
receiver oscillator frequency.

The decoded place-holder bits from the next five-bit
frames following the initial synchronizing frame are not
used. However, the next five decoded bits, the command
bits, are converted to a parallel format and are compared
against the command bits saved from the prior transmis-
sion. If they match, the command bits are gated to the
receiver outputs. However, a mismatch causes the re-
ceiver outputs to be immediately disabled, and the new
command bits are saved for comparison against the com-
mand bits from the next transmission. In the case where
2 identical, proper transmissions are immediately follow-
ed by nothing, the receiver outputs will be activated dur-
ing the end-frame of the second transmission, and will be
disabled 45 milliseconds thereafter. In the rest (disabled)
state the five Binary Outputs are at a ““1” logic level;
when not in the rest state, one or more of the open-
sourced output transistors will conduct to Vpp. The
Data Valid output is low during the rest state, and high
whenever data is present at the Binary Outputs.

The S2603 has two other outputs: On/Off and Analog.
The states of these outputs are controlled by the 10 par-
ticular Binary Output codes which the receiver Keyboard
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Inputs can cause to be generated.

The On/Off (“mains”) output changes state each time
10011 appears at the Binary Outputs. In TV applications
the On/Off output is most often used to kill and restore
the main power supply.

The Analog Output is a 10kHz pulse train whose duty
factor is digitally controllable. With a simple low-pass
filter, this output can provide 64 distinct DC levels
suitable for control of volume, color saturation, bright-
ness, motor speed, etc. The Analog Output increases its
duty factor in response to a particular Binary Output
code and decreases its duty factor in response to another
code. The Analog Output is mutable; 11110 sets it to 0%

duty factor. If 11110 then disappears and reappears, the
original duty factor is restored. This of course imple-
ments the TV “‘sound killer”’ feature.

The S2603 has an on-chip power-on reset (POR) circuit
which sets the On/Off Output to “0”, sets the Analog
Output at 50% duty factor, and insures that the Analog
Output is muted. No external components are required to
implement POR, but a POR input has been provided for
applications where externally controlled reset is
desirable, e.g., where the power supply voltage rise time
is extremely slow. The POR input has an internal resistor
pull-up to Vgg; pulling it low causes a reset.

Message Bit Format

1 B ik L e e
o*] e e
START | DECODER DATA OUTPUT MARK
ALWAYS = 1IN SYNC AND END BITS = 1INSYNCBIT
=1 = TRANSMITTED DATA IN FRAMES = 0 OTHERWISE
2 THRU 11
(PLACE-HOLDER OR COMMAND)
04 msac  e———— 1.2 msec Pt 1.6 msec -
16 CLOCKS 48 CLOCKS 3.2 msec 64 CLOCKS
|~— TYPICAL L

Message Format

FIRST PREAMBLE BIT =0

128 CLOCKS/BIT
{TYPICAL CARRIER = 40kHz)

% 1" MEANS PRESENCE OF A 40kHz CARRIER {SQUARE WAVE); “0" MEANS ABSENCE OF A 40kHz CARRIER (SQUARE WAVE).

IF MESSAGE BIT ="1” THEN DECODER DATA OUTPUT = ENCODER DATA INPUT = "0";
IF MESSAGE BIT = /0" THEN DECODER DATA OUTPUT = ENCODER DATA INPUT = “1",

\ V] - oonTcare
INPUT KEYED E D M S0 M S0 MO MFD M SO0 M SO M
STARTED HERE A [ 7 NI i 1 1 1 I Sy N | 1
PRESSED 0
osc  RUN —) i —if
HALT 4 oUTPUT ouTPUT
DECODE OUTPUT DATA DATA =0 DATA =1
40kHz
TRANSMITTED MESSAGE ]_’, F_l_ﬁ_ L | | I
° ly 5 PLAGE-HOLD,
SYNC oaceHolp | SBITSOF END SYNC e s | END
BIT COMMAND BIT BT oo ers O
| ————————— MESSAGE ONE 