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NM}I Introduction

American Microsystems, Inc., the first commercial producer of MOS/LSI beginning in 1966, is a major designer,
manufacturer and marketer of circuits for the consumer, EDP and communications markets.

AMI is the leading designer of custom LSI, makes and markets its proprietary S2000 family of 4-bit microcomputers,
is a major alternate source for the S6800 8-bit microprocessor family and the only alternate source for the S9900
16-bit family of microprocessors. We also provide development support through the Phoenix series of low-cost univer-
sal microprocessor development stations and the ADS advanced development support tools. The Company provides
the market with selected 1K and 4K low power CMOS Static RAMs, plus 8K, 16K, 32K and 64K ROMs for all
JEDEC pinouts or as EPROM replacements.

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

AMI is pioneering in same-chip integration of digital and analog circuitry, and is a recognized leader in switched
capacitor filter technology.

Processing capability includes N-Channel, advanced silicon gate CMOS and the largest production capability
available in P-Channel.

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.

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.29 through B.32 of this publication.
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S2561A .............. 2.39 S9981 ..t 6.21
S2561C .............. 2.30 SES2000/S2150 ...... 7.5
S25610 .............. 2.2
S2562 ................ 2.47 . H
S2867 ... 331 S680L .. ovvrrrriee 519 Functional Index
S2600 ................ 3.3 S680L(E) ............. 5.19 :
S2601 ... 3.3 S6802 ....onrnrnrnnnn, 5.47 Device Page
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$2688 ................ 3.33 S6803 ................ 5.2 gg;ggzp.mdms 2.3
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Communication Products

Codes (D) — Direct Replacement (C) — Codec Only, No Filters (F) — Functional Replacement
General
AMI Instruments Intel Mitel Mostek Motorola National
S2559 — — MT5087 MK-5086(D), MC1440X MM53125, 130
MK-5087(F)
S2560A AY-5-9151(F), — MT-4320(F) MK-5098(F), MC14408 MM-5393(F),
AY-5-9152(F) MK-5099(F) MM-53190(F)
S2561 — — — — — —
S2561A — — ML-8204(F) — — —
S2561C — — — — — —
S2562 AYS9200 - — MK-5170(F) — —
S2859 — - — — — _
S2860 - — — MK-5089(F) — —
S3501/S3502 - 2910/2912(F) — MK-5151(FC) MC-14406/ —
14414(F)
$3503/S3504 — 2911/2912(F) - MK-5156(FC) MC-14407/ -
14414(F)
S3525A/B — — MT-8865(F) — — -
Memory Products
CMOS RAMs
Vendor 256X 4 1IKX1 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 X 8-24 Pin 8K X 8-28 Pin
AMI 568308 S6831B S68332 S2333 S68A364 S2364
AMD AM9208 AM9I216 AM9232 AM9233
EA EA8308 EA8316 EA8332 EA8333
FAIRCHILD F68B308 3516
FUJITSU MB8364
GI RO3-9332 RO3-9333 RO3-9364
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

*Pin compatible with 2732 EPROM

A4

Source: IC Master 1980
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Memory Products

BYTE WIDE NMOS ROMs

Vendor 1K X 8-24 Pin 2K X 8-24 Pin 4K X8-24 Pin *4K X8-24 Pin 8K X 8-24 Pin 8K X 8-28 Pin
OKI 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 Source: IC Master 1980
S6800 Family
General
AMI Fairchild Instruments Hitachi Motorola National Texas Instruments
S1602 - AY-3-1014 — - MM5303N TMS6011
S2350 — - - — — —
S6800 F6800 — HD46800 MC6800 - —
S6801 — — — MC6801 - —
S6802 F6802 - HD46802 MC6802 - —
S6805 - — HD46805 MC6805 - -
S6808 F6808 — HD46808 MCe6808 - —
S6809 - - - MC6809 - —
S6810 F6810 — HD46810 MC6810 - —
S6821 F6821 — HD46821 MC6821 - —
S6840 F6840 - HD46840 MC6840 - —
S6846 F6846 — HD46846 MC6846 - —
S6850 F6850 - HD46850 MC6850 - —
56852 F6852 — HD46852 MC6852 - —
S6854 F6854 - HD46854 MC6854 - —
568488 F68488 - HD468488 MC68488 - —
S6894 - - — — - —
S68045 - - — - - —
S68047 — — — — — —
.
S9900 Family
AMI Texas Instruments
S9900 TMS9900
S9901 TMS9901
$9902 TMS9902
$9903 TMS9903
S9940 TMS9940
S9980 TMS9980
S9981 TMS9981

Ab






Custom Capabilities

AMERICAN MICROSYSTEMS, INC.




AMIL

Custom Capabilities

AMI’s Six Step Program
for Success in Custom LSI.

No other company can match AMI’s track record in
developing state-of-the-art custom MOS products. With
more than 2,000 custom devices designed and manufac-
tured since 1967, AMI has more experience than any
other integrated circuit company in building a wide var-
iety of custom microcircuits.

AMI not only has the experience but the design engineer-
ing organization and the advanced production and test-
ing facilities to produce the highest quality MOS/LSI cir-
cuits. Because AMI also offers standard memory, micro-
processor, telecommunication and consumer products
and the widest variety of custom LSI processes in the in-
dustry, we're able to be objective in helping customers
determine their most cost effective approach.

AMI can participate at any level of
the custom LSI process.

We participate at any level in the design of the custom
IC, from the classic ‘‘we’ll-design-and-produce-it-for-you”
approach where we have complete responsibility, to the
“Customer Tooling”’ cooperative approach for customers
who do their own design but want us to do the manufac-
turing. We will even enter into long-term, fully-funded
joint development agreements, designing ICs for families
of end products, joining together your systems designers
with our circuit designers.

We’ve developed a six step program in which you, the
customer, can work with us to successfully develop the
custom IC for your product by:

. Considering All the Factors.

. Looking At the Custom Options.

. Selecting the Right MOS/LSI Process.

. Designing The Best Circuit.

. Fabricating the Optimum Device.

. Testing For Reliable Performance.

UL W N

The results are a unique product designed to your com-
plete satisfaction.

1.2

Step One: Considering all the Factors.

There are many ways to build your product, so, why do
we believe the custom MOS/LSI approach is right for
you? For the answer let’s look at the alternatives:

Electromechanical. These assemblies suffer compared
to MOS circuits: in reliability because moving parts
wear; in convenience because of the greater space
needed; and because of their limits in handling highly
complex functions.

Hardwired Logic. This is more expensive due to the high
labor and material cost involved. Much space is needed
and power is much higher than for MOS/LSI circuits.

Standard Circuits. Standard ICs perform the same jobs
as custom ICs but require more devices, higher assembly
costs, more power and space with lower reliability.
Microprocessors. Using standard microprocessors re-
quires several microcircuits, and much of the device’s
capability may not be needed. A custom circuit, however,
can combine all your needed functions on one IC, con-
serving space and cost.

The custom MOSI/LSI decision

The advantages of custom MOS/LSI circuits become
more apparent when considered in relation to IC com-
plexity, component count, power consumption and confi-
dentiality (it’s your circuit exclusively).

Complexity. An application suitable for custom LSI is
usually one needing moderately complex circuits or func-
tions; i.e., more than 15 to 2,000 gates. Fewer than this
might not justify the engineering, design, and manufac-
turing effort required for the custom IC.

Custom LSI may be the only way technically to achieve a
desired result, no matter what the development cost.

Component Count. An important consideration affecting
cost is the number of components in a system that are
eliminated by the substitution of a single custom LSI cir-
cuit. A reduction in component count significantly lowers
the number of electrical interconnections and increases
product reliability.

This factor often reduces troubleshooting problems at
the board, subsystem and system levels, minimizes field
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repairs and usually reduces warranty costs. The reduc-
tion in component count also decreases assembly and ini-
tial checkout costs.

Power Consumption. The amount of power required to
operate an end product is increasingly an important con-
sideration. MOS/LSI circuits require much less power
than the electro-mechanical and hardwired logic alterna-
tives. A custom MOS/LSI solution usually requires less
power than the multi-chip alternatives offered by stan-
dard circuits and microprocessors. For battery operated
designs, we offer custom, high performance/ultra-low
power complementary MOS (CMOS) capability.

Confidentiality. Of prime concern in any highly competi-
tive market situation is confidentiality of design. AMI
treats each circuit assignment as a highly proprietary
project insuring complete security to, and through, the
product’s manufacturing life.

Step Two: Looking at the Custom Options.

AMI experience has shown that each customer has uni-
que needs based on system requirements and the
customer’s technical capability regarding design and
implementation of non-catalog MOS products. AMI’s
interface with the customer typically includes one or
more of the following non-catalog product capabilities,
the combination structured to satisfy the particular
customer requirement:

O AMI designs and manufactures the circuit to meet a
customer-developed specification.

O The customer develops the test specification, circuit
design and test program, with AMI manufacturing
the circuit to the customer-designed tooling.

O AMI provides training in integrated circuit design
through joint customer/AMI development teams or
provides capability through technology transfers to
the customer’s engineering and manufacturing organ-
izations.

O Customer-provided schematics or tooling inputs are
implemented in semi-custom uncommitted logic
arrays.

The total AMI approach

AMTI'’s custom capability encompasses the entire devel-
opment sequence of a product. The services we provide
start with five conceptual planning steps:

O System Definition;

[0 System Design and Partitioning;

0 Preliminary Logic Design/Simulation;
O Final Logic Design; and

O LSI Circuit Design.

First, system definition requires the customer to have
full knowledge of the system requirements for the cus-
tom IC. Working with AMI’s application engineers, the
two companies form a team to develop a final system
which not only meets the needs, but optimizes perfor-
mance and economics.

Second, system partitioning follows the joint develop-
ment of system definition. This involves the cataloging of
functions into MOS subfunctions, and then into chip
functions. At this step the optimum MOS process for the
application is chosen. Usually, functional flow charts and
timing diagrams are generated at this time as a prelimi-
nary step in logic design.

Once partitioning is complete, preliminary logic design
and simulation can be done. The chip functions are trans-
lated into MOS logic diagrams. Traditional breadboard-
ing techniques are quite often used to verify these logic
designs. AMI uses proprietary computerized simulation
programs for verification. These programs check the
design as well as help reduce time and cost factors for
design verification.

Final logic design is next. First, system errors discovered
through breadboarding or simulation are corrected.
Earlier partitioning may be refined if the final logic
design indicates the need. During the final logic design
step all system design objectives are analyzed again.
MOS logic diagrams are finalized, the chip sizes are
estimated, and testing procedures are generated.

And then— the chip design. The topological chip layout is
a precise science. The exact dimensions and placement
for each transistor and other components must be deter-
mined. Here again AMI uses computerized circuit analy-
sis programs to validate chip designs and verify that the
design meets the performance objectives. The computer-
ized analysis not only substantiates logic, it is an integral
part of the on-going quality assurance program at AMI.

The customer design approach

The Customer-Designed product approach provides all of
the advantages of a full custom implementation at lower
volumes, since the engineering development is shared be-
tween the customer and AMI. This approach allows the
customer to maintain complete control over the logic and

13




AMIL

Custom Capabilities

electrical requirements and the design schedule during
the majority of the development phase. The customer can
easily implement changes and improvements due to
changes in the total system requirement prior to finaliza-
tion of the system performance specification.

The customer can develop the tooling and test program
within his own facility or by use of independent design
capability. In either case AMI provides technical infor-
mation on its available standard MOS processes, test
program formats, pattern generator and data base tape
input formats and support for device modeling and
simulation through computer timeshare services.
Specific questions encountered or technical information
required during the design phase is provided through an
engineer-to-engineer interface supported by AMI’s
Customer-Designed product engineers. AMI also offers
as part of its services an automated design rule check to
insure that customer-designed circuits have the layouts
consistent with AMI’s MOS process requirements.

From the tooling inputs and completed questionnaires
furnished by the customer, AMI will prepare 10X reticles
and furnish blow-ups to verify proper accomplishment of
the data conversion and preliminary verification of the
conformance of the design to the electrical schematic.

Once the customer provides blow-up approval, AMI then
completes preparation of the working plates and proces-
ses two lots of wafers, verifying that the completed
wafers meet process and optical requirements. AMI then
ships sample quantities of untested devices or several un-
sorted wafers, as required. These untested but optically
good devices are used by the customer to verify the cir-
cuit is the logical and functional equivalent of the
schematic.

After the customer approves the untested sample
devices, AMI then performs acceptance verification of
completely developed test programs supplied by the
customer or completes test program development from
customer-supplied test vectors, and supplies the neces-
sary hardware for testing as well as the completion of re-
quired manufacturing documentation. We finish this
task before providing the customer with a small quantity
of prototype parts. These prototype parts will have been
tested to the completed test program and are guaranteed
to be in conformance with the customer-supplied elec-
trical and test specification. Since these devices are ident-
ical to those which will be provided in a production phase,
the customer provides final approval before the product
package is transferred to production. Initial production
quantities in excess of pilot requirements can typically be
made available within 16 weeks after approval of the pro-
totype units.

14

Depending on customer requirements and capability,
AMI can provide completely assembled and tested units
in compliance to portions or all of military specifications
38510 or 883 for application in hostile environments.
AMI can also provide untested assemblies as well as dice
in wafer or individual form created from tooling provided
in the pattern generator or data base input tape form.
Walfers provided to process and optical specification can
be provided from pattern generator tape, data base tape
or working plate inputs. Working plate inputs can also be
used to verify, through production of prototype quan-
tities of wafers, process compatibility between another
organization’s process and AMI’s standard process.

. . . But there are other options

We're not biased particularly in favor of custom LSI,
especially if it becomes clear it’s not the best way to solve
a customer problem. AMI is also a major microprocessor
supplier in the 4-, 8-, and 16-bit categories: our own fam-
ily of S2000 single chip microcomputers, the Motorola-
designed 6800, and Texas Instrument’s 9900 product
line, respectively.

By having available both custom LSI and standard mic-
roprocessors, we can offer customers alternatives that
can also combine the two. For example, to test the
market for a new product, we can design a microproces-
sor-based system which provides a relatively quick,
though not necessarily cost effective way to get a pro-
duct to market. As part of the approach, we customize
the microprocessor program or ‘“‘software,” and then, if
the product is successful, design and make a custom LSI
circuit dedicated to that particular application.

But if a microprocessor—ours or anyone else’s—is the
best solution, custom LSI is still useful, for microproces-
sors can’t operate alone. They need interface devices. To
achieve a system with a minimum chip count, custom
devices can be designed to allow the customer to effi-
ciently interface standard microprocessors with the cus-
tomer’s system.

Step Three: Choosing the right
MOSILSI process.

One of the most important decisions to be made in the
custom LSI approach is determining the right MOS/LSI
process.

Where many of our competitors offer one, and possibly
two MOS processes with which to build devices, AMI of-
fers seven custom MOS process options, more than any
other company supplying custom circuits. They are:
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P-channel high voltage metal gate

This is the most mature process in the industry and
because of its relative simplicity, has the lowest cost per
wafer. It provides high noise immunity, making it ideal
for applications involving mechanical equipment which
can generate RF noise and where low power dissipation is
not a prime requirement.

P-channel ion implanted metal gate

This is very similar to its high voltage P-channel process,
with two additional processing steps. An ion implanta-
tion of the gate areas reduces the device thresholds to
levels consistent with the low voltage P-channel process
while at the same time retaining the high field thresholds
of the high voltage process.

A second ion implant in selected gate regions reduces
those thresholds to the point of forcing depletion mode
transistor operation. The use of depletion mode devices
as load transistors greatly increases device speed per unit
area, can lower power, improve noise margins, makes
bipolar interfacing easier, permits the use of unregulated
power supplies, and allows generation of full amplitude
signals on chip with only one power supply. This latter
feature can be especially useful in converting certain logic
implementations to much simpler forms which thereby
reduce chip area significantly. This process has been used
in several different standard memory products as well as
many custom chip applications where speed, noise im-
munity and wide power supply tolerances are specified.

P-channel silicon gate (SiGate)

This process has two main features: (1) somewhat
smaller transistor structures due to a self-aligning fabri-
cation technique that eliminates certain masking
tolerance problems, and (2) a partial third layer of inter-
connect which can sometimes significantly reduce cell
area and interconnections between cells. The self-aligning
gate structure lowers the effective gate capacitance. The
circuit response is faster than regular P-channel low
voltage devices, but slower than ion implanted circuits
with depletion mode load devices. This process has been
mostly used in memory applications and in customer
tooled circuits. AMI no longer designs products in this
process.

N-channel silicon gate

This process uses ion implantation in the field areas to
achieve high field threshold without having to resort to

thick field oxides. Then the gate regions are implanted to
establish the required control of device thresholds. This
process is designed for single supply circuits that do not
have stringent performance requirements but must have
significant packing densities. This packing density
results from the following:(1)for a given device
N-channel can charge or discharge a mode faster than
P-channel, (2) the self-aligning feature of the process,
and, (3) the extra layer of interconnect inherent in silicon
gate which can be used to reduce chip interconnect area.

N-channel ion implanted SiGate
with depletion loads

This is a high performance process; it offers all the advan-
tages of the N-channel, ion implanted SiGate process
plus the increased speed associated with depletion loads.
The drawback to this process lies in the increased com-
plexity of the additional processing steps.

Complementary MOS (CMOS)

The CMOS technology has many advantages. Its biggest
asset is that CMOS draws very little power. The major-
ity of the power is consumed when switching occurs.
Under static conditions or during power down CMOS
dissipates virtually no DC power. CMOS is also very
fast, and it has very high noise immunity, comparable to
ion implanted circuits using depletion mode transistors.
Like ion implanted depletion mode circuits, CMOS can
work over a very wide single supply power range. The
area used per logic function has been larger than with
other processes, but this is decreasing with advanced
CMOS techniques. CMOS chips are currently used in low
power, often battery operated applications such as elec-
tronic watches, clocks, and memories where the ability to
work at very low power is an absolute requirement, and
in automotive electronics, where low standby current and
high noise immunity are important. CMOS is also mak-
ing important inroads into microprocessors and com-
munications circuitry.

Present CMOS technologies include both standard metal
gate and silicon gate, as well as a high density, isoplanar
silicon gate process.

Five-Micron CMOS

AMTI’s major second generation 5-micron CMOS process
uses an n+ only ubiquitous P-well approach to improve
performance, simplify layout and reduce circuit size. This
process permits implanting in the field oxide region, thus
eliminating guard rings. AMI’s process also reduces
P-well doping levels below alternative 5-micron processes
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and consequently lowers junction capacitances and in-
creases switching speeds.

We use this 5-micron process to design and produce swit-
ched capacitor circuits for analog and digital functions.
Among the kinds of circuits that can benefit enormously
from mixed digital-analog approaches are low-noise,
high-gain op amps, high-speed offset-cancelled compara-
tors and high-current line buffers. CMOS linear sub-
systems have appeared on AMI-designed circuits to per-
form A to D and D to A conversion, switched capacitor
filtering and quasi-adaptive phase lock and auto-zero
loops. System level integrated circuits have been design-
ed and fabricated for complex filter functions, DTMF,
MF and SF receivers, low and medium speed modems,
codecs, voice compression, industrial control and voice
synthesis.

st
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A key to AMI’s success in the custom LSI business is its
Computer-Aided Design (CAD) capability. Our CAD cap-
abilities, the most advanced in the semiconductor indus-
try, are based on a wealth of experience in custom
MOS/LSI circuit design work. CAD software and hard-
ware aids are employed throughout the custom IC devel-
opment cycle, from the early logic design stage to crea-
tion of production tooling.

Logic Simulation

Early in the design phase logic simulation is used to
verify that the logic is sound. The circuit is extensively
simulated to verify logical correctness as well as timing
and signal propagation characteristics. Logic simulation
is used throughout the design cycle from hierarchical
block-level logic design to test program generation.

SIMAD is an MOS oriented four-state logic simulator
which supports assignable rise and fall switching delay.
It includes such features as:

[0 block-oriented input notation, including macros, Boo-
lean expressions, and array notation;

[ basic logic gates, several types of MOS transmission

gates, RAMs, ROMs, shift-registers, and user speci-
fied combinational logic gates;

four-state (@, 1, u, z) simulation;
multi-phase user specified clocking schemes;
assignable rise and fall delay;

race detection and inertial delay simulation;

Ooogooao

versatile input, output, and simulation
control options;
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checkpoint-restart capability;
accurate initialization algorithm;

extensive compression and formating of simulation
results for automatic test equipment.

Circuit simulation

At the circuit design phase, a circuit simulator contain-
ing semiconductor device models is used to identify
undesirable circuit behavior. Exact circuit behavior is
simulated and the results are used to insure the circuit
will operate within allowable tolerances.

The ASPEC circuit simulator can perform non-linear DC,
non-linear DC transfer function, non-linear transient and
small signal (linear) AC circuit analysis. Built-in compo-
nent models include independent voltage and current
sources; linear elements such as resistance, inductance,
capacitance, transconductance, voltage controlled swit-
ches and coupled-inductors. Non-linear transistor models
for junction field effect transistors (JFETs), MOSFETsS,
and bipolar junction transistors (BJT) are also available.

The MOSFET model simulates linear and saturation

region DC operation; body effect as a function of sub-
strate bias; channel length modulation in saturation;
mobility reduction at elevated gate voltages; channel
pinchoff; short channel effects; weak inversion; as well as
full non-linear voltage-dependent modeling of the MOS
capacitors which determine device transient behavior.

Symbolic mask design using SIDS

AMI has developed an advanced symbolic mask design

system for MOS ICs. This Symbolic Interactive Design

System (SIDS) reduces the total mask design cycle time

as much as 50 percent, with half the manpower effort and

half the cost of the hand drawn approach. SIDS
eliminates hand drafting by using symbols to represent
complex multi-level circuit elements.

SIDS circuit masks are designed symbolically on an

interactive color CRT terminal. The mask design process

is supported by such checking aids as:

O Design Rule Checking (DRC) which checks for all
symbol-to-symbol layout violations;

O TRACE, which traces a circuit node and visually
highlights the node on the color CRT terminal so the
user can observe circuit continuity errors.

0 CONTINUITY, which generates a net list from a
logic description file, compares it to a net list traced
from the symbolic layout, and prints out any contin-
uity differences.
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The final SIDS step is the conversion from symbols to
polygons (STP) and the generation of the pattern genera-
tion (PATGEN) tape.

Hardware design aids

[0 On-site Burroughs 7765 large scale computer with
multiprocessing capability.

0 Prime minicomputers in Santa Clara, Pocatello and
Swindon, England.

[J A Calma GDSII interactive graphics system for digi-
tizing and editing of composite drawings; includes 3
digitizing surfaces and 4 CRT edit stations.

O High speed, high resolution Electromask
pattern generator.

[0 Versatec 42 inch high speed electrostatic plotter.
[0 Calcomp 748 Flatbed Plotter.

Software design aids

[J ASPEC Circuit Simulator

[0 Semiconductor device models tailored to
AMI processes
[0 Tides Logic Simulator for:
— Logic Validation
— Pattern Validation
— Test Word Generation
O SIDS for mask design

[0 Geometrical Design Rule Checking (DRC) for
hand drawn circuits

O Trace and continuity checking for
hand drawn circuits

[J Device test program development aids

Step Five: Fabricating the optimum device.
A partnership

AMTI’s long history of success in the custom MOS/LSI
business is the result of a close, working partnership
between AMI and each of our customers.

These customers have taken advantage of orders of mag-
nitude increases in circuit complexity over the years,
thereby reducing even further the component count in
their systems.

The flexibility of AMI’s development program allows the
customer to select the interface point best suited to his
particular needs. The most common interface points are

noted as (¥) in the review of the sequence of steps invol-
ved in developing a custom MOS/LSI circuit below:

1. System Definition Design (*)

. Preliminary logic design and simulation(*)

. Final logic design and system design review
. Chip circuit design

Topological design

Artwork generation *

Mask fabrication (*)

. Wafer fabrication and map test

. Wafer sort test (*)

. Final test and characterization

© ® N ® T s WD
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11. Product assurance tests

Step Six: Testing for reliable performance.

Currently more than 50% of the custom LSI circuits
designed by AMI work the first time. The key to this
impressive record is a comprehensive program of quality
assurance, rigorous testing and constant double checking
of each step.

It starts at the initial stages of logic design, with the
custom LSI chip designed to incorporate facilities for
ease of testing and ends with prototype debugging.

Common test data base

To facilitate the processing of vast quantities of test
data, a base of parametric and functional information
with run, wafer or die resolution has been created by
AMI engineers.

With this data analysis system, each user creates a per-
sonal data base secured by user code and information in-
putted from magnetic tape, cards or remote terminals.
Using an interactive command language for manipula-
tion of data, subsets of test information can be retrieved
and listed through the use of key attributes—test group,
process, product number, test date, test time at start,
operator ID, save data, run or lot number. The retrieved
data base subset can be analyzed statistically as: histo-
grams, scatter plots, Wafer maps, trend charts, tabula-
tions of percentiles, means, standard deviations and cor-
relation coefficients.

Extensive test facilities
AMI maintains sixteen Fairchild Sentry II and 600

automated test systems and three Sentry VII’s, plus a
wide range of other testers for debugging of protypes,
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solving design and testing problems and production
testing.

Quality assurance

An on-going activity that pervades the entire design and
manufacturing process is AMI’s quality assurance pro-
gram. This includes a special group of inspectors organi-
zationally separate from the production group, whose
main responsibility is to examine and test the custom
LSI circuits and all the raw materials that go into them.
Some of the quality control checkpoints include:

O final logic design where system objectives

are reviewed;

O chip circuit design, where it is verified that

performance meets objectives;

working plates check;

mask fabrication check;

wafer fabrication check;

wafer sort;

scribe and break with 100% optical inspection;
die attach checks;

Oo0oo0oo0ooao
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O lead bonding followed by 100% preseal
optical inspection;

[0 seal checks;
O final tests; and,
O final electrical/environmental tests.

At each one of these pre-production steps meticulous
checks of both design and workmanship are made. And
only after the checks at each of these steps are completed
is a device considered fully manufacturable. It is then
turned over to production with its yield history. In pro-
duction a similar series of quality control checks is made.

Custom MOSILSI 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 custom services available at AMI,
and the level of commitment at AMI to total custom cir-
cuit development and to customer tooling processing. If
your application can benefit from high quality custom
MOS/LSI circuits, AMI is the place to go for design,
engineering, manufacturing, and testing capability.
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AMERICAN MICROSYSTEMS, INC.

Communication Products Selection Guide

STATION PRODUCTS

Part No. Description Process Power Supplies Packages

S2559A/B Digital Tone Generator CMOS 3.5V to 13V 16 Pin

S$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

S2859 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

S2561, S2561C Tone Ringer CMOS 4.0V to 12.0V 18 Pin

S2561A Tone Ringer CMOS 4.0V to 12.0V 8 Pin

S$2562 Repertory Dialer CMOS 3.5V to 7.5V 40 Pin

PCM PRODUCTS

Part No. Description Process Power Supplies Packages

S3501/S3501A u-Law Encoder with Filter CMOS *5V 18 Pin

S3502/S3502A w-Law Decoder with Filter CMOS +5V 16 Pin

S$3503 A-Law Encoder with Filter CMOS +5V 18 Pin

S3504 A-Law Decoder with Filter CMOS +5V 16 Pin

S3505 u-Law Codec with Filters CMOS +5V 24 Pin

S3505A u-Law Codec with Filters CMOS +5V 28 Pin

OTHER PRODUCTS

S2811 Signal Processing Peripheral VMOS 5V 28 Pin

S2814 Fast Fourier Transformer VMOS 5V 28 Pin

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

PRODUCTS TO BE INTRODUCED IN 1981

S$25089 DTMF Generator Direct replacement for the Mostek MK5089 DTMF generator

S25610 Repertory Dialer Single chip key-pad to pulse converter with on-chip memory for ten 14-digit numbers.
Last number redial feature. Can be directly powered by the telephone line. Uses
S2560A pin-out.

S3506 A-Law Codec with Filters Single chip A-law codec.

S3507 u-Law Codec with Filters  Similar to S3505 but with enhanced feature set.

S3610 . Speech Synthesizer CMOS LPC synthesizer. Has internal 20K ROM and output amplifier. Generates up to
32 words of speech (approximately 17 seconds).

S$3620 Speech Synthesizer Similar to the 3610 synthesizer except that the memory is external. The number of
words generated is directly proportional to the amount of ROM used (13 sec/16K bits).

S3630 128K ROM 16K X8 NMOS ROM. 10us access time. Has power down feature.
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S2559A/B/C/D

Features

O Wide Operating Supply Voltage Range: 3.5 to
13.0 Volts (A, B) 2.75 to 10 Volts (C, D)

0O 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
Mute 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

o o oo d

0o

DIGITAL
TONE GENERATOR

General Description

The S2559 Digital Tone Generator is specifically
designed to implement a dual tone telephone dialing
system. The device can interface directly to a standard
pushbutton telephone 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 stability. The required sinusoidal
waveform for the individual tones is digitally synthe-
sized 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
telephone industry specifications. These features permit
the S2559 to be incorporated with a slight modification
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 Verifica-
tion Terminals and process control.
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INH —— e e
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Absolute Maximum Ratings

DC Supply Voltage (VDD = Vg8) S2559 A, B ...\ttt it ettt ettt +13.5V
DC Supply Voltage (VDD = VS8) SZ559 C, D ..o viitiititti ittt ettt e et e e e e e et eeaens +10.5V
Operating TeMPEratUIe . ... .......cuiuureneennenneereenneeneenneeaneeeeneeenneeaneeeneenneeennesn —25°C to +70°C
Storage TeMPETAtUIE . ... ....u.utennttnrnt et eataieenne e enneennsennneenneeaneeeaneeaneenneenns —65°C to +140°C
Power Dissipation at 25°C ... ... u it i e e e, 500mW
INPUEL VOItaZE .. vttt ettt ettt e et e —0.6=ViNsVpD+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 (VD{,)(;tZSS) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 35 13.0 \
VoD Non Tone Out Mode (No Key Depressed) 3.0 13.0 \'
Supply Current
Standby (No Key Selected, Tone, XMIT 3.5 0.4 40 uA
and MUTE Outputs Unloaded) 13.0 1.5 130 uA
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, Rp,=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 3.56—13.0 1.75 2.54 3.75 dB
%DIS Distortion* 3.5—13.0 10 %
XMIT, MUTE Outputs
XMIT, Output Voltage, High | (Ipg=15mA) 3.5 2.0 2.3 \%
Von (No Key Depressed)(Pin 2) (IoH=50mA) 13.0 12.0 12.3 \
Ior )\;?;I;Zb 3utput Source Leakage Current, 13.0 100 WA
MUTE (Pin 10) Output Voltage, Low, 3.5 0 0.4 v
VoL (No Key Depressed), No Load 13.0 0 05 v
MUTE, Output Voltage, High, 3.5 3.0 3.5 \4
Vou (One Key Depressed) No Load 13.0 13.0 13.5 \2
MUTE, Output Sink _ 3.5 0.66 1.7 mA
ToL Carrenty VoL=05V 13.0 3.0 8.0 mA
IoH MUTE, Output Source Vog=2.5V 3.5 0.18 0.46 mA
Current Vou=9.5V 13.0 0.78 1.9 mA
Oscillator Input/Qutput
IoL 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
ToH Output Source Current Vou=2.5V 3.5 0.14 0.34 mA
One Key Selected Voug=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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S2559A & B Electrical Characteristics: (Continued)

Symbol Parameter/Conditions (VD‘I;;“Z ss) Min. Typ. Max. Units
Input Current
I oLneakae K’f;, %G‘ﬁﬁcmdc‘”"’“t' VIL=13.0V 13.0 1.0 LA
Leakage Current
e One Key SS.;lll;gged i Vig=00V 13.0 1.0 uA
I Sink Current ViL,=0.5V 3.5 24 93 uA
No Key Selected Vi,=0.5V 13.0 27 130 A
ts Oscillator Startup Time 3.5 3 6 mS
bkl 13.0 0.8 16 mS
Cro Input/Output Capacitance 1(2) ii gi
Input Currents
Sink Current,
L Vi1,=3.5V (Pull-down) 85 7 17 A
Sink Current 13.0 TEn o .
Row & ViL= 13.0V (Pull-down) bl 1oV auu uA
Column Inputs Source Current,
I Viz=3.0V (Pullup) 35 90 230 HA
Source Current,
Vig=12.5V (Pull-up) 13.0 370 960 HA
Source Current,
I Mode Select Vig=0.0V (Pull-up) 3.5 15 3.6 HA
Input (S2559C) Source Current
P Vi =0.0V (Pull-up) 13.0 23 74 uA
Source Current,
I Chip Disable Vi, =35V (Pull-down) 3.5 4 10 pA
Input (S2559D Sink Current,
mput | D =130V (Paldons) | 180 90 240 A

$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{,)(;;, ss) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 2.75 10.0 \Y%
Vbp Non Tone Out Mode (No Key Depressed) 25 10.0 v
Supply Current
Standby (No Key Selected, Tone, XMIT 3.0 0.3 30 A
and MUTE Outputs Unloaded) 10.0 1.0 100 A
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 3.5 250 362 474 mVrms
VoR Mode Output Row Tone, Rj,=390Q 5.0 367 546 739 mVrms
VolLage Row Tone, Rp,=240Q 10.0 350 580 730 mVrms
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$2559C & D Electrical Characteristics: (Continued)

Symbol Parameter/Conditions Vpp=Vss) | 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 | (Ipg=15mA) 3.0 1.5 1.8 \4
OH (No Key Depressed)(Pin 2) (Iog=50mA) 10.0 8.5 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 A"
OL (No Key Depressed), No Load 10.0 0 0.5 \4
MUTE, Output Voltage, High, 2.75 2.5 2.75 \%
Vou (One Key Depressed) No Load 10.0 95 10.0 v
MUTE, Output Sink 3.0 0.53 1.3 mA
I ’ VoL=0.5V
OL Current oL 10.0 2.0 5.3 mA
L MUTE, Output Source Vog=2.5V 3.0 0.17 0.41 mA
OH Current Vou=95V 100 057 15 mA
Oscillator Input/Output
L Output Sink Current VoL=0.5V 3.0 0.21 0.52 mA
OL One Key Selected VoL=05V 10.0 0.80 2.1 mA
o Output Source Current Vou=2.5V 3.0 0.13 0.31 mA
0 One Key Selected VoH=95V 10.0 0.42 11 mA
Input Current
Leakage Sink Current, -
In One Key Selected ViL=10.0V 10.0 1.0 HA
Leakage Source Current _
Iig One Key Selected Vig=0.0V 10.0 1.0 HA
L Sink Current ViL,=05V 3.0 24 93 A
No Key Selected Vi, =05V 10.0 27 130 uA
Oscillator Startup Time 3.5 2 5 mS
'START 10.0 0.25 4 mS
. 3.0 12 16 pF
c Input/Output tan
1o nput/Qutput Capacitance 10.0 10 14 oF
Input Currents
Sink Current,
L Vi,=3.0V (Pull-down) 3.0 6.5 16 HA
Sink Current
Row & ViL,=10.0V (Pull-down) 10.0 9.2 24 KA
Column Inputs Source Current,
I Vig=25V (Pullup) | %0 8 210 uA
Source Current,
Visr=9.5V (Pull-up) 10.0 280 740 uA
Source Current,
- Mode Select Vig=0.0V (Pull-up) 3.0 14 3.3 HA
Input (S2559C) Source Current,
P Vin=3.0V (Pullup] | 100 18 46 uA
Source Current,
I Chip Disable V1L =3.0V (Pull-down) 3.0 3.9 95 #A
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 $2559

Table 2. XMIT and MUTE Output Functional Relationship

ACTIVE OUTPUT FREQUENCY Hz % ERROR outpur | DIGIT KEY ‘DIGIT’ KEY COMMENT
INPUT SPECIFIED ACTUAL SEE NOTE RELEASED DEPRESSED
R1 697 699.1 +0.30
R2 770 766.2 -0.49 XMIT Voo High Impedance | Can source at
R3 852 847.4 -0.54 least 50mA at
R4 941 948.0 +0.74 10V with 1.5V
C1 1,209 1,215.9 +0.57 max. drop
Cc2 1,336 1,331.7 -0.32
C3 1,477 1,471.9 -0.35 MUTE Vss Vpp Can source or
C4 1,633 1,645.0 +0.73 sink current
NOTE: % Error does not include oscillator drift.
Circuit Description .
P 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
Digital Tone Generator are summarized below: the dual
tone signal consists of linear addition of two voice fre-
quency 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 frequen-
cies 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 appro-
priate 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 fre-
quency 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.
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The device 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
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 S2559 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 technique is 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 Vgygp. VRgr
closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude Vp (Vpp — VRrEF) of the stairstep function is
fairly constant. Vg is 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 2. SPST Matrix Keyboard Arranged in the 2 of 8 Row,

Column Format

SPST MATRIX KEYSORTED:

0]

/
S




AM‘I S2559A/B/C/ID

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 S2559C 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 Vgs, 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
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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%
RS <100£2, 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 R[, is low the reflected impedance into
the base of the output transistor is low and the tone
output amplitude is lower. For R, greater than
5KS€2 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 thé 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+(V2)2+ . . +(Vy)2

Dis
V(VL)2+(VE)2

t. =
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where (V1) ... (Vn) are extraneous frequency (i.e.,
intermodulation and harmonic) components in the
500Hz to 3400Hz band and VT, and VH are the indivi-
dual frequency components of the DTMF signal. The
expression can be expressed in dB as:

V/(V1)2+(V2)2+ . . (V)2
V(VL)2+(VH)2

DISTgB = 20 log

=10{log [(V1)2+. . (Vn)2] - log [(VL)2+(VH)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 R, = 10kQ 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/F/G/H

Features

Low Output Tone Distortion: 7%
Wide Operating Supply
Voltage Range: 2.5 to 10 Volts
Oscillator Bias Resistor On-Chip
Can be Powered Directly from Telephone Line or
from Small Batteries
Interfaces Directly to a Standard Telephone
Push-Button or Calculator Type X-Y Keyboard
Four Options Available on Pin 15;
Bipolar Output
E: Mode Select
F: Chip Disable
Darlington Output
G: Mode Select
H: Chip Disable

0o o oo oo

DTMF TONE GENERATOR

General Description

The S2559E, F, G and H are improved members of the
S2559 Tone Generator Family. The new devices feature
extended operating voltage range, lower tone distortion,
and an on-chip oscillator bias resistor. The S2559E and F
are pin and functionally compatible with the S2559C and
D, respectively.

The S2559 G and H are identical to the E and F, except
that there is a Darlington amplifier configuration on the
tone out pin, rather than a single bipolar transistor as
shown in the block diagram. In many applications this
eliminates the need for a transistor in the telephone cir-
cuit. Tone distortion in the telephone is also likely to be
lower.

. . . .
Block Diagram Pin Configuration
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Absolute Maximum Ratings

DC SUPPLY VOItaZE VDD v vt eiteeett ittt ettt et et e et et e et e e +6.0V
DC Supply Voltage Vgg .. cvnueeetttt ettt e e e e e e e e e —6.0V
Operating TempPerature . ..............coonutotiutetnnteeeeaieeeraiiieeeeeannnenn. —20°C to +70°C
Storage TemPerature ... ... .........enutonnuteenneeeenieeeeaiiieteeanaaiieeaanannn —55°C to +125°C
Power Dissipation at 25°C ... ... ... it e 1000mW
Dlg'ltal Input ............................................................... VSS_ 0.3 SVIN < VDD +0.3
Analog Input ................................................................. Vss —'0.3SVIN SVDD +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 (VD‘I?O_“ZSS) 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 \
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
T Output Row Tone, Ry, =3902 50 365 525 695 | mVrms
Vor Voltage Row Tone, Rp,=240Q 10.0 365 535 720 mVrms
Single Tone _ 3.5 110 315 495 mVrms
S2559G/H|  Mode Output Row Tone, Ry, =3900 5.0 325 525 660 | mVrms
Vor Voltage Row Tone, Rp,=240Q 10.0 400 575 755 mVrms
dBcr Ratio of Column to Row Tone 3.5—10.0 1.0 2.0 3.0 dB
%DIS Distortion* 2559E/F 35—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 \%
VoH (No Key Depressed)(Pin 2) | (Iog=50mA) 10.0 85 88 v
IoF %,((I\)/IFI___'I_‘,0 8utput Source Leakage Current, 10.0 100 WA
MUTE (Pin 10) Output Voltage, Low, 2.75 0 0.5 \%
VoL (No Key Depressed), No Load 10.0 0 0.5 \Y%
v MUTE, Output Voltage, High, 2.75 2.5 2.75 \%
OH (One Key Depressed) No Load 10.0 9.5 10.0 \%
MUTE, Output Sink _ 3.0 0.53 1.3 mA
Tor Corront, VoL=05V 10.0 2.0 5.3 mA
Tor MUTE, Output Source Vou=2.5V 3.0 0.17 0.41 mA
Current Vou=9.5V 10.0 0.57 1.5 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 ND‘I};;SS/SS) Min. Typ. Max. Units
Oscillator Input/Output
Tor Output Sink Current VoL=0.5V 3.0 0.21 0.52 mA
One Key Selected VoL =05V 10.0 0.80 2.1 mA
Ton Output Source Current Voug=2.5V 3.0 0.13 0.31 mA
One Key Selected VoH=95V 10.0 0.42 11 mA
Input Current
Leakage Sink Current, _
I One Key Selected ViL=10.0V 10.0 1.0 A
Leakage Source Current _
Iin One Key Selected Vig=0.0V 10.0 1.0 HA
L Sink Current ViL=0.5V 3.0 47 93 WA
No Key Selected Vi, =0.5V 10.0 65 130 uA
Oscillator Startup Time 3.5 2 5 ms
t P
START 10.0 0.25 4 ms
. 3.0 12 16 F
C Input/Output Capacitance P
1o P putap 10.0 10 14 pF
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Features
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ADVANCED PRODUCT DESCRIPTION
$25089

Wide Operating Voltage Range: 2.5 to 10 Volts
Optimized for Constant Operating Supply

Voltages, Typically 3.5V

Tone Amplitude Stability is Within +1.5dB of
Nominal Over Operating Temperature Range
Low Power CMOS Circuitry Allows Device
Power to be Derived Directly From the Tele-
phone Lines or From Small Batteries

Uses TV Crystal Standard (3.58MHz) to Derive
All Frequencies Thus Providing Very High Accu-

racy and Stability

Specifically Designed for Electronic Telephone

Applications

Interfaces Directly to a Standard Telephone

Push-Button Keyboard With Common Terminal

Low Total Harmonic Distortion
Dual Tone as Well as Single Tone Capability
Direct Replacement for Mostek MK5089 Tone

Generator

DTMF GENERATOR

General Description

The S25089 DTMF Generator is specifically designed to
implement a dual tone telephone dialing system in appli-
cations requiring fixed supply operation and high sta-
bility tone output level, making it well suited for elec-
tronic telephone applications. The device can interface
directly to a standard pushbutton telephone keyboard
with common terminal connected to Vgg 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 stability. The
required sinusoidal waveform for the individual tones is
digitally synthesized on the chip. The waveform so gene-
rated 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
telephone industry specifications.

Block Diagram

Pin Configuration
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Absolute Maximum Ratings:

DC Supply VOItage (VDD VSS) « - ¢+« c e v e evtnentntntttt et entaetiee ettt ets et eneateanenseieneenneens +10.5V
Operating TeMPEratUIe . . .. .. ...ttt ettt ettt et ettt i ettt et eeananeaeasannns —25°C to +70°C
Storage TemPerature . ... ....vuuen ettt ettt ettt ittt ittt —65°C to +150°C
Power Dissipation @t 25°C .. ... .utt ittt e it 500mW
INPUL VOlagE . o ottt ittt ettt i e i e e —0.6<ViN<Vpp +0.6
Input/Output Current (except tone oUtPUL) . ...« .ottt ittt i e et e i 15mA
TONE OULPUL CUITEIIE . o o\ vttt ettt ettt ettt et ettt ettt ettt ettt e a e e it et et eateeaneaaseaieeanneeennns 50mA

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 (VI{,?)"YSSS) Min. Typ. Max. Units
Supply Voltage

. Tone Out Mode (Valid Key Depressed) 2.5 — 10.0 v

VDD Non Tone Out Mode (-A_Kﬁi()utpiut;ogggi R h
with key depressed) 18 - v
Supply Current
Standby (No Key Selected, 3.0 — 1 20 HA

IpD 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 — 3.6 5 mA
Tone Qutput

Vor Dual Tone Row Ry, =10kQ 3.0 —-11.0 —8.0 dB
Mode Output | Tone R, =100k 3.5 —-10.0 -7.0 dB

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
A_I—(_ﬁ_Output

oL Output On Sink Current | voL=05V 3.0 0.1 1.0 — mA

Iou Output Off Leakage Current 10.00 1 10 uA
OSCILLATOR Input/Output

IoL 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

Ton Output Source Current Vog=2.5V 3.0 0.13 0.31 — mA
One Key Selected Voug=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

I g‘:;k;ii Fotph Vin=00V 10.0 - - 1.0 WA

I Sink Current ViL=0.5V 3.0 24 58 — A
No Key Selected ViL=0.5V 10.0 27 66 - uA

*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[{,Di:’SS) Min. Typ. Max Units
olts
OSCILLATOR Input/Output (Continued)
Oscillator Startup 3.4 — 2 4 ms
LSTART Time with Crystal as Specified 10.0 — 0.25 0.75 ms
c Input/Output 3.0 — 12 16 pF
1/0 .
Capacitance 10.0 - 10 14 pF
Row, Column and Chip Enable Inputs
.2(Vpp
A% _ -
IL Input Voltage, Low Vgs—0.6 —Vss) \%
Vi Input Voltage, High - '8(\‘;1)1? = |vpptos| Vv
—VSS
Iig Input Current Vig=0.0V 3.0 30 90 150 uA
(Pull up) Vig=0.0V 10.0 100 300 500 uA
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
3.58MHz 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%

Rs 1009, LM =96MHY

Cp=0.02pF Cy=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 S25089 can also interface with CMOS logic outputs
directly (see Figure 2). The S25089 requires active “‘Low”’

Figure 1. Standard Telephone Push Button Keyboard

%C_z
J —

O
O
O~
O

COMMON
(CONNECT TO Vss)

——— MECHANICAL
LINKAGE

Ron (Contact Resistance) « 1k<2

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
20k< -100k<.

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.
VgEgF closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude VP (Vpp-Vggy) of the stair-step function is
fairly constant. Vygp 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
10k 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. With a load resistor con-
nected to the tone output pin (pin 16) the voltage level on
this output will be at Vgg in this mode.

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

b) The temperature coefficient of Vggp is low due to a
single Vg 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.

c) Resistor values in the divider network are so chosen
that Vygr 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 100uA with voltage drop of 0.2V at a
supply voltage of 3.5V.

Figure 4. Structure of the Reference Voltage
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Figure 5. Typical Tone Output Amplitude Vs Supply Voltage (R_ =10k)
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Figure 6. AKD Output Structure
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S2859

Features

O

Wide Operating Supply Voltage Range:
3.0 to 10 Volts

DIGITAL TONE GENERATOR

General Description

The S2859 Digital Tone Generator is specifically
designed to implement a dual tone telephone dialing

(] Low Power CMOS Circuitry Allows Device system. The device can interface directly to a standard
Power to be Derived Directly from the Tele- pushbutton te!ephone keyboard or X-Y keyboard witp
phone Lines or from Small Batteries, e.g., 9V contllmcf)n te’;’;“;a} C(;lnneclt.ed t(;XSS and Op?iratfi di-

. rectly from the telephone lines. necessary dual-tone

[J Uses TV Cry s.tal Standard (3‘,58_ MHz) to Der_xve frequencies are derised from the widely used}:I‘V crystal
all Frequencies thus Providing Very High standard providing very high accuracy and stability.
Accuracy and Stability The required sinusoidal waveform for the individual

(J Timing Sequence for XMIT, REC MUTE tones is digitally synthesized on the chip. The
Outputs waveform so generated has very low total harmonic

[ Interfaces Directly to a Standard Telephone distortion. A voltage reference is generated on the chip
Push-Button or Calculator Type X-Y Key- which is stable over the operating voltage and
board with Common Terminal temperature range and regulates the signal levels of the

O] The Total Harmonic Distortion is Below dual tones to meet the recommended te.lephone indus-
Industry Specification try' spec1f1cat10ns.'These .features 'pfzrmft the S2859 to

be incorporated with a slight modification of the stan-

L) On Chip Generation of a Reference Voltage to dard 500 type telephone basic circuitry to form a
Assure Amplitude Stability of the Dual Tones pushbutton dual-tone telephone. Other applications of
Over the Operating Voltage and Temperature the device include radio and mobile telephones, remote
Range control, point-of-sale, and credit card verification termi-

[0 Dual Tone as Well as Single Tone Capability nals and process control.

[0 Darlington Configuration Tone Output
Block Diagram Pin Configuration

S — —
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1.  pe— e s o Om
R —,j:: AI:L 1 : ’_, Vss (4 6 1" PR’a
o [e] r LI : - *_&t‘ : \’K . osct (] 7 10 :]Ru: MUTE
Eﬂ g KN g M et ,f:}’ N osco O s s P
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Absolute Maximum Ratings:

=X%)
DC Supply VoItage (VDD — VSS) «+ v v vnnetunetnt ittt attete ettt ettt +10.5V E 8
Operating TEMPETALULE . ... .....uuutnetnetea it ettt ettt eatetaae et etaeeeenes —25°C to +70°C = *g()
Storage TeMPETALULE ... .. c.vntetn ettt ete s ttata st aas et et ettt atataatatas —55°C to +125°C S
Power Dissipation at 25°C . ... ..ttt ettt e 500mW
INPut VOILAZe ... .ottt et e —-0.6<ViN<Vpp+ 0.6
Input/Output Current (except tone OULPUL) .. ... ...ttt 15mA
Tone OUEPUL CUITENE ..t e vttt ettt ettt et ettt et e e e e e ettt sttt anatattastaraecataenneenn s 50mA

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 (VDD —Vss) Min, Typ Max. Units
v Volts vE

Supply Voltage
Tone Out Mode (Valid Key Depressed) 3.0 — 10.0 v

Vop Non Tone Out Mode (Mute Outputs Toggle 2.2 — 10.0 A%
With Key Depressed)

Vz Internal Zener Diode Voltage, Iz = 5mA — — 12.0 — v
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 Ry, =100Q 5.0 366 462 581 mVrms
Mode Output Tone R1,=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 Output Source Current Vou=1.2V 2.2 0.43 1.1 — mA

Vou=25V 3.0 1.3 3.1 — mA
Vog=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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Electrical Characteristics: (Continued)

Symbol Parameter/Conditions ‘vm\)’o_l t:lss M Min. Typ. Max. Units
OSCILLATOR Input/Output

IoL 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

Ion Qutput Source Current VoH =25V 3.0 0.13 0.31 - mA
One Key Selected Vou = 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

I Leakage Source Current Vig = 0.0V 10.0 — - 1.0 HA
One Key Selected

IiL Sink Current ViL = 0.5V 3.0 24 58 — uA
No Key Selected Vi = 0.5V 10.0 27 66 — A

t Oscillator 3.0 — 2 5 ms

START Time 10.0 - 0.25 0.75 ms
C Input/Output 3.0 - 12 16 pF
10 Capacitance 10.0 - 10 14 pF

Row, Column and Chip Enable Inputs
Input Voltage, 3.0 — - 0.75 \%

ViL Low 10.0 _ _ 3.0 v
Input Voltage, 3.0 2.4 — \%

Vin High 10.0 7.0 _ v

Ity Input Current Vig = 0.0V 3.0 20 60 100 uA
(Pull up) Vig = 0.0V 10.0 66 200 336 HA

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
S2859 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 takes into 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 10MQ 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
% &
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|
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O-0-0-0

O-0-0-0
+O-0-0-0

COMMON
(CONNECT TO Vgg)
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«—0O—e
«O—e
&l

——— MECHANICAL

G LINKAGE

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 Q —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 Vgygp. VRgr
closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude VP (Vpp ~ Vgrgr) of the stair-step function is
fairly constant. Vggr 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 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
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 S2859
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Figure 3. Stairstep Waveform of the Digitally Synthesized Sinewave
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SEGMENTS

The individual tones generated by the sinewave syn-
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 100Q, Ly =96MHY
Cym=0.02pF Cy=5pF C;,=12pF

MUTE Outputs

The S2859 has P-Channel buffers for the REC MUTE
and XMIT MUTE outputs. With no keys depressed,
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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 volts. 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 +(Vy)2

where (V) . . . (Vy) 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 + (V)2 +. . +(VN)2
DISTyp = 20 log Lt (V2) Vv

(Vp)2+(Vy)2
=10{log[(V12+. . (VN)2] —log[(VL)2+(Vg)?] }- - - (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 20R30R4 1 1 R 1 1
MULT!I 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 OUT OF FOUR ROW INPUTS TO Vss.
THE ROW INPUT THAT IS CONNECTED TO Vop 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 OUTPUT.
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Figure 5. Test Circuit for Distortion Measurement
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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

0 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

[0 Specifically Designed for Electronic Telephone
Applications
Interfaces Directly to a Standard Telephone
Push-Button or Calculator Type X-Y Key-
board with Common Terminal

[J The Total Harmonic Distortion is Below
Industry Specification

0 Dual Tone as Well as Single Tone Capability

DIGITAL 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

vou (1]
XTAL 7 — E AKD
=] OSCILLATOR =2 MUTE LOGIC [ _
e - 3 10] AKD
INH
|
! !
At [1efes] ” ; | Voo 1 16 [7] TONE OUT
a2 (13}« now keveoano PROGRAMMABLE | o | BSTAGE resiston | | CE[] 2 15 [] AKD
_ kgx”c‘:fnaup ! JOHNSON | ] LADDER - -
3 2> Logie 160, 146, 132, 118 ; COUNTER NeTwoRK 6] 3 4R
T P
Ra 11 EN — —
m | t.[] 4 13 R,
| ——F _ $2860
e 2} 1 INHIBIT REF C[] 5 12 : Ry
CE >| tocic | GEN —
[———> Vss[] 6 MR
o1 [G}e] pm | = osei] 7 10 7] AKD
€2 E" coLume PRU%?\‘/\:\S?:BLE 181, i 8STAGE RESISTOR [ Y 9 Co
~ WIGH GROUP H JOHNSON | L} LADDER
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S2560A

Features

O Low Voltage CMOS Process for Direct Opera-

tion From Telephone Lines

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

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

[0 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

Mute and Dial Pulse Drivers on Chip

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
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Absolute Maximum Ratings:

Supply Voltage

.......................................................................................... +5.5V
Operating Temperature Range ............. ..o i it —25°C to +70°C
Storage Temperature Range .............oiii i e —65°C to +150°C
Voltage at any Pin .. ...ttt i i Vgg —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10S€C) ... .. .....utuunnuiutiniiit it ait ittt iie et eaieainaeeannns 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 :3‘? It )ss Min. Max. Units Conditions
olts|
Output Current Levels
ﬁOutput Low -
IoLDpP Current, (Sink) 3.5 125 uA Vour = 0.4V
I DP Output High 1.5 20 uA Vour = 1V
OHDP Current (Source) 3.5 125 kA Vour = 2.5V
I MUTE Output Low 3.5 125 A Vourt = 0.4V
OLM Current (Sink)
I MUTE Output High 1.5 20 uA Voyut = 1V
OHM Current (Source) 3.5 125 A Vout = 2.5V
Tone Output Low _
ToLr Current (Sink) L5 20 HA Vour = 0.4V
Tone Output High _
lont Current (Source) 1.5 20 HA Vour = 1V
Vbr 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
Lo 1 Input Current Average 35 60 A One row end one col. input connected to
IL» ‘IH (Keyboard Inputs) : a Vpp. Other keyboard inputs open.
Ipp Operating Current 1.5 100 uA DP, MUTE open, HS = Vgg (““Off Hook”)
3.5 500 uA Keyboard processing and dial pulsing at 10
pps at conditions as above
fo Oscillator Frequency 1.5 10 kHz
Afo/fo Frequency Deviation 1.5 to 2.5 -3 +3 % Fixed R-C oscillator components
50KQ<Rp<750K®; 100pF<Cp* <1000pF;
2.5 t0 3.5 -3 +3 % 750kQ SRp<5MQ
300pF most desirable value for Cp
Input Voltage Levels
Vin Logical “'1” 80% of Vpp \%
(Vpp—Vgg)| +0.3
ViL Logical “‘0” Vss 20% of v
—0.3 |(Vpp—Vss)
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.

Oscillator

The device contains an oscillator circuit that requires
three external components: two resistors (RD 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=750kQ2 and
CD=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 150k 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
Qy4. 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-
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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 is retained 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 7 These are 4 row and 3 column inputs from the keyboard
(Ry, Rg, Rg, Ry, Cyq, Cg, C3) 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).

Inter-Digit Pause Select (IPS) 1 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.

Dial Rate Select (DRS) 1 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.

Mark/Space (MS) 1 This input allows selection of the mark/space ratio, as per
Table 3.

Mute Out (MUTE) 1 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)

Dial Rate Oscillator

Hook Switch (HS)

Power (Vpp, Vss)

18

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.

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 de-
signed to operate from 1.5V to 3.5V.

2.34



AMIL

S2560A

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) k<) ®F)  "DRS=Vg | DRS=Vpp | IPS=Vgg | IPS=Vpp
5.5/11 1320 5.5 11 1454 7217
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
1.5/15 1800 ranges indicated in table 7.5 15 1066 533
8/16 1920 of electrical specifications ) 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 | 7150 | 270 10 20 800 400

1920 960
gy | o | (1,0 | (49,000
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
Vbp (£/120) pps

Inter-Digit Pause Selection 1PS Vbbb _9%) s
Vss 1920 ¢

f

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

On Hook/Off Hook HS Vbb On Hook
Vss Off Hook

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

O
O
O

CMOS Process for Low Power Operation
Operates Directly from Telephone Lines

with Simple Interface
Also Capable of Logic Interface for

Non-Telephone Applications
Provides a Tone Signal that Shifts Between

Two Predetermined Frequencies at

Approximately 16Hz to Closely Simulate
the Effects of the Telephone Bell

Push-Pull Output Stage Allows Direct Drive,
Eliminating Capacitive Coupling and

Provides Increased Power Output

25mW Output Drive Capability at 10V

Operating Voltage

TONE RINGER

O Auto Mode Allows Amplitude Sequencing
such that the Tone Amplitude Increases in
Each of the First Three Rings and Thereafter
Continues at the Maximum Level

O Single Frequency Tone Capability

General Description

The S2561 Tone Ringer is a CMOS integrated circuit
that is intended as a replacement for the mechanical
telephone bell. It can be powered directly from the
telephone lines with minimum interface and can
drive a speaker to produce sound effects closely
simulating the telephone bell.

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

Block Diagram
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Absolute Maximum Ratings

SUPPLY VOIbage .. ...t e e e e e +12.0V*
Operating Temperature Range .............o.iiiiuininiit ittt ittt et et e eaenaans —25°C to +70°C
Storage Temperature Range .. ... .......o.uiiiuiniint ettt et et e e et —40°C to +125°C
Voltageat any Pin . ... . s Vgg —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10SEC) .. .......ou.uininittt ittt et et ettt e et et et et ee et e te e ee e et eeneaeaeaenns 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 \% Ringing, THC pin open
Vps Operating Voltage 4.0 \% ‘““Auto’”’ mode, non-ringing
Ips Operating Current 500 UA 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)
H C

Output Sink Current

IOLC (OUTH, OUTC outputs) 5 mA Vpp=10V, VOUT=0.75V
IouM Output Source Current (Outy out-
put) 2 mA Vpp=10V, Voyr=8.75V
IoLMm Output Sink Current (OUT); output) 2 mA Vpp=10V, Voyr=0.75V
IoHL Output Source Current (OUTY, out-
put) 1 mA Vpp=10V, Voyr=8.75V
IoLL Output Sink Current (OUTY, output) 1 mA Vpp=10V, Voyr=0.75V
CMOS to CMOS
Vin Input Logic ““1” Level 0.7 Vpp |Vpp+0.3 v All inputs
ViL Input Logic 0" Level Vss—0.3| 0.3 Vpp v All inputs
VoOHR Output Logic “1’" Level (Rate output) | 0.9 Vpp ' Io=10uA (Source)
VoLR Output Logic 0"’ Level (Rate output) 0.5 v Io=10uA (Sink)
Output Leakage Current 1 uA Vpp=10V, Voyr=0V
Voz (OUTy, OUT), outputs in high 1 HA Vpp=10V, Voyr=10V
impedance state)
CiN Input Capacitance 75 pF Any pin
Afo/fo Oscillator Frequency Deviation -5 +5 % Fixed RC component values 1IMQ < Ryj,
Rti<5MQ;

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

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

Tone Frequency Range=300Hz to 3400Hz

Output Load Impedance Connected

Rroap Across OUTy and OUT¢ 600 Q

Img Iy Leakage Current, ViN=Vpp or Vgg 100 nA Any input, except DI pin Vpp=10V
VTH POE Threshold Voltage 6.5 8 A\

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 d ge of the input-p. tion 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 VSS 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
(Zg). The signal is also applied to the EN input after
limiting and clamping by a resistor (R2) 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 S2561 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

2.41




AMI

$2561/S2561A/S2561C

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 Outy, and
Outyg outputs, respectively, and paralleled with the
Outy output (Figure 1). Load is connected across
Outy and Outc 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

Table 1. $2561/S2561C Pin/Function Descriptions

consisting of buffers L, M, H and C. The load is con-
nected across pins Outyy and Outc (Figure 2). During
ringing, the Outy and Outg 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*, Vgg*) 2
Ring Enable (EN*, EN) 2
Auto/Manual (A/M) 1
Outputs (Outy,, Outyy, Out;l, Out;) 4
Oscillators

Rate Ogcillat;or * " 3
(OSCRj, OSCRy; OSCRy)

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 Outc outputs. In the “‘auto’” mode,
resistors Ry, and Ry can be inserted in series with the Out;,
and Outy; outputs for amplitude sequencing (see Figure 1).

These pins are provided to connect external resistors RRj,
RRp 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
(OSCTj, OSCTy, OSCTyp)

Threshold Control (THC)

Rate

Detector Inhibit (DI)

Single Frequency Select (SFS)

3

These pins are provided to connect external resistors RTj,
RTp and capacitor CTg 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 512Hz and
640Hz results. See Table 2 for components selection.

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.

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.

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.

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 Ry Rm Co Rate Tone
(Hz) (kQ) (k<) (pF) (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_ fo /f_o
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 C1, resistor R1, diode bridge d{ through d4,
and filter capacitor C2. C2 is chosen to be large
enough so as to insure that the power supply ripple
during ringing does not fall below the internal thresh-
old level (typ. 7.3 volts) and to provide large enough
decay time during the off period. A typical value of
C2 may be 47uF. C1 and R] are chosen to satisfy the
Ringer Equivalence Number (REN) specification
(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 C1 and R1.

The device is enabled by limiting the incoming ring
signal through resistors R9, R3 and diodes d5 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 20009:8% 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

RrLoap

will be down 20 log {——— ] dB during the
<RL + RLOAD)

N Rroap )
first ring, and down 20 log dB during
Rm + Rroabp

the second ring with maximum power delivered to the
load beginning the third and consecutive rings.
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In applications where dial pulse rejection is not nec-
essary, such as in DTMF telephone systems, the
ENABLE pin may be connected directly to VppD.
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 VSS. 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 Figure 1-B. Output Stage Connected
for Auto Mode Operation for Manual Mode Operation.
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Figure 3-A. Simulation of the Telephone Bell in Non- Telephone Applications.
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Features

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

oo

O oo

Memory Storage of 32 8-Digit Numbers or
16 16-Digit Numbers with Standard
AMI §5101 RAM

16-Digit Memory for Input Buffering and for
Redial with Access Pause Capability

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

Ignores Multi Key Entries
Inexpensive, but Accurate R-C Oscillator Design

]

oo

REPERTORY DIALER

Provides Better Than + 3% Accuracy Over Supply
Voltage, Temperature and Unit-Unit Variations
and Allows Different Dialing Rates, IDP and
Tone Drive Timing by Changing the Time Base
Power Fail Detection

BCD Output with Update for Number Display
Applications

General Description

The S2562 Repertory Dialer is a CMOS integrated
circuit that can perform 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 telephone number storage. With one
S5101 up to 32 8-digit or 16 16-digit numbers can
be stored. It can provide either dial pulses or DTMF
tones with the addition of the AMI S2559 tone
generator for either the dial or tone line applications.

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

Block Diagram Pin Configuration
16 x 4 MEMORY
<—O VoD
l -0 vss
5, ] 2 39 [ NS
05t o O RMW 0, 3 38 [ TEST
0SCm O b, 1 ¢ 37 [ s
0SCo O CE ] 5 % [ HS
RW 6 35 [ DRS
1Ps O—————= [
T O—7 - - 3;‘\31"1 RAM 1/0 DATA muTE ] 7 34 | mooe
DRS Q> 13 LATCH 0y ¥ DISAY %o 1 R
HS O————> PLA £
MODE Q] mH |————O04A A O g 2 PR
b——-0~A7 1 R
N;ioo———-—- A; :5 = ;? nzpsnmnv;n H B‘
: BBIT L0 A3 RAMADDRESS s 4 DIALER H P
R§ O—————» LATCH f——————0 A4 TONE GENERATOR A 2 » Hs,
KEYPAD €1 00— r———O:5 A, O 13 28 [ R
. F———0 g il
g O———r} O a7 A, O 2 [ eF
A s 26 [
scmrcul a O s P,
osc, 17 2 M,
osc, (] 18 2 e
F PRUGRAMMABLE osc, []19 2 e,
vs ] 20 2 c
. sS 1
5 F
MUTE
877283
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Absolute Maximum Ratings:

T o3 o) A0 117V PP 13.5V
Operating Supply Voltage Range (VDp—Vgg) -« ovoiuiiiiiiiiiiii it 3.5V to 7.5V
Operating Temperature Range ...ttt iiitiiiiiinnieeeeenn —25°C to +70°C
Storage Temperature Range ...........c.ooiiiiiiiiiiiiiiiiiiiiiiiii et ieeannnnns —40°C to +125°C
Voltage at any Pin . .........oinuiiiiii ittt ittt Vss —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10SEC) .. ... ....uuunuutinntetnieetieeeeanneeaaneenaneeaaneenns 200°C

Electrical Characteristics:
Specifications apply over the operating temperature 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 ﬁP—Output Sink Current 400 uA Vour=0.4V, Vpp=5V
Iouypp | DP Output Source Current 400 uA Vour=38.6V, Vpp=5V
ToLm MUTE Output Sink Current 400 pA Vour=0.4V, Vpp=5V
IouMm MUTE Output Source Current 400 uA Vour=3.6V, Vpp=5V
Iogpr | PF Output Source Current 100 pA Vour=3.6V, Vpp=5V
CMOS to CMOS
Vi, Logic ‘0" Input Voltage 1.5 v All inputs, Vpp=5V
Vig Logic “1” Input Voltage 3.5 v All inputs, Vpp=5V
VoL Logic “0” Output Voltage 0.5 v All outputs except DP, MUTE,
PF, IO = ].OHA, VDD =5V
Vou Logic “1” Output Voltage 4.5 A All outputs except DP, MUTE,

PF, Io=—10uA, Vpp=5V

Current Levels

Ipp Quiescent Current 25 uA Standby, Vpp =5V
Ipp Operating Current 500 uA All valid input combinations, DP,
MUTE, PF outputs open
VDD =5V
Input Current Any Pin _ _
I (keyboard inputs) 10 100 A Vin=Vpp, Vpp =5V
Iyr, Ity | Input Current All Other Pins 100 uA Vin=Vgs or Vpp, Vpp=5V
Ioz Output Current in High 1 uA Vpp=5V, Voyr=0V data
Impedance State outputs (D1-D4)
1 uA Vpp=5V, Vour=5V
fo Oscillator Frequency 4 10 kHz Vpp=>5V (min. duty cycle 30/70)
Afo/fo Frequency Deviation -3 +3 % Vpp— Vgs from 4.5V to 5.5V.

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

1MQ < Rp < 5MQ~

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

Cin Input Capacitance, Any Pin 7.5 pF
VTRIP Supply Voltage at which PF
Output Goes Low

The aevice 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.

\ 2.48

2.5 4.5 A%




AMIL

$2562

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
S2559 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
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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 redialing 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, Cl)

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).

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

. Push the “ST” key.

. 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 S2562, the S2562 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 (R5, Cz)

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
S2562.

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.
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Function Pin Designation Input Logic Level Selection
Dial Rate Selection DRS \\/'/s]s) ggﬁgg; gg:
Inter-Digit Pause Selection IPS X,I;SD :gigggﬁ; 2
Test Input TEST \‘Ilgg N'E:rsrfallwl\‘/)ldoiie
Hook Switch HS ‘\/};IS) (())rflf }hlgc())ll({
Mode Selection MODE \\”Sz T](?xi:l ll));lil::*
Number Length Selection NLS \Ygls) 186(1%;::5

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

Mute and Dial Pulse Output Timing Relationship

p
_ 1 < |
DP i |
| |
| | | |
| ! | ) : |
:MARK , space | 1o | MARK |
= 40-+l-— 60— ! I {
|
—] P e :

wiE | 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
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Mute output will reset i) when the number of digits dialed 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 400 (50msec for fo = 8kH).
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Figure 6. Typical Application of the $2562
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Table 4. Display Codes
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Not Used

Not Used

# (Pause)

Not Used

Beginning of Number
Blank
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ADVANCED PRODUCT DESCRIPTION
$3501/S3501A, S3502/S3502A
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Features

g

o o r

O

CMOS Process for Low Power Dissipation
And Wide Supply Voltage Range

Full Independent Encoder with Filter and
Decoder with Filter Chip Set

Meets or Exceeds AT&T D3 and CCITT G. 711
and G. 733 Specifications

On-Chip Dual Band Width 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 Acquisi-
tion During Power Up that Eliminates Long
Term Drift Errors and Need for Trimming
Serial Data Rates from 56kb/s to 3.152Mb/s at
8kHz Nominal Sampling Rate

Programmable Gain Input/Output Amplifier Stage

SINGLE CHANNEL
u-LAWPCMCODEC/FILTERSET

O CCIS* Compatible A/B Signaling Option—
S3501A/S3502A

General Description

The S3501 and S3502 form a monolithic CMOS Com-
panding Encoder/Decoder chip set designed to imple-
ment 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 in-
formation is performed at 1.544Mb/s rate with analog
sampling occurring at 8kHz rate. A strobe input is pro-
vided for synchronizing the transmission and recep-
tion of time multiplexed PCM information of several
channels over a single transmission line.

*Common Channel Interoffice Signaling

$3501 Block Diagram Encoder with Filter
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$3502 Block Diagram Decoder with Filter
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S$3501 Encoder with Filter
Functional Description

S3501 Encoder with Filter chip consists of (1) a bandpass
filter with D8 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 (LSB) 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”.

$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) instructs the device to acquire a new analog sample on
the rising edge of the signal (logic 0 to logic 1 transition);
(2) instructs the device to output the data word represen-
ting 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 Control pin is wired to Vpp. This input
provides the sync information to the phase-lock loop
from which all internal timing 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 Schottkey (741s) 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 VSS-

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-

2.54



AMIL

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 TTL 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: This is an open drain buffer capable of driving
one low power Schottkey (74ls) TTL load with a suitable
external pull-up resistor (5k). This is an optional output
for implementing CCIS compatible A/B signaling. (See
Figure 2b.) During data bit 1 time, A signaling bit is out-
put. During remaining 7-bit times, B signaling bit is out-
put. This output is in a high impedance 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 Vpp, supply, it allows the strobe
input to control the active/high impedance state of the
PCM-out buffer. When connected to 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 Vgg.

Vin—s ViN+s Ving: These three pins are provided for
connecting analog signals in the range of —Vggy to
+ VgEgr to the device. Vi~ and Vyy 4 are the inputs of a
high input impedance op amp and Viyp 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 connected as a unity gain amplifier, amplifier with
gain, amplifier with adjustable gain or as a differential in-
put amplifier. The adjustable gain configuration will
facilitate calibration of the transmit channel and testing
of the encoder 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.)

—VgEr: The input provides the conversion reference for
the analog to digital conversion circuit. a value of —3 volts
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 out-
put 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.

Vpps Vss: These are positive and negative supply pins.

Loop Filter: A capacitor Cygop (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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Figure 1-B. Waveform Detail
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Figure 1-C. 64kHz Continuous Bit Stream Application
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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
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NOTES:
1. THE RISING EDGE OF THE STROBE MUST BE WITHIN Ty AND THE FALLING EDGE WITHIN Ts.
T4=200ns.

2. FOR A 2.048mHz SHIFT CLOCK, IDLE CHANNEL NOISE WILL BE MINIMIZED IF THE RISING EDGE OF
THE STROBE OCCURS IN T3. T3=100ns.

. FOR SLOWER SHIFT CLOCK RATES IDLE CHANNEL NOISE IS MINIMIZED IF THE RISING EDGE OCCURS
IN T2. FOR EXAMPLE, T; IS 125ns FOR A 1.544mHz SHIFT CLOCK.

. ADJUSTING THE FALLING EDGE OF THE SHIFT CLOCK WILL NOT AFFECT IDLE CHANNEL NOISE.

)
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Figure 3. S3501 Encoder Filter Loss Response

$3501 Transfer Characteristics
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S$3501 Absolute Maximum Ratings

DC Supply Voltage VDD -« oo ve vttt ittt ittt ie i aea e e aiiaai e, +6.0V
DC SUPPLY VOItage Vigg - -« v v eeoet ettt ettt et et i e —6.0V
Operating TempPerature . ...........uouuuueeeeinuteeriniueeeiieeeeeeeneeeeieeeeenenaannans 0°C to +70°C
Storage TempPerature ... .........uieeeeeeereeereennnnnneeieeeenentneteeernnaneenens —55°C to +125°C
Power Dissipation at 25°C . ... ... ...ttt i e e i i e i 250mW
Digital Input .. .......oiiiiiiii i e e —0.3sVnsVpp +0.3
Analog 41 ¢ 10 P -VREFSVINSVREF
- VREF ................................................................................ VSS SVREFSO

83501 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 v

V- Negative Suppply —4.75 | —5.0 | —5.25 v See Figure 9
—VREF Negative Reference —2.4 -3 —3.25 A%

Popr Power Dissipation (Operating) 60 100 mW

PsreY Power Dissipation (Standby) 15 mW

8§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
tsc (Off) | Shift Clock to Strobe (Off) Delay 0+ (1/2 CP)—| Clock
Period
td (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 Cp,=50pF 100 125 ns 1kQ Pull-Up on PCM
- Out selected for
tfd PCM Output Fall Time Cy, =50pF 50 70 ns desired rise time
A/B Select to Strobe Trailing
tdss Set Up Time 100 ns
ty, 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 | Viy—, Vin+ Inputs
Cin Input Capacitance 10 PF | Vin—, Vin+.VinF Inputs

Logic Input Low Current

T, (Shift, Clock, Strobe) 1| wA | V=08V
Iing Logic Input High Current 1 uA | Vig=2.0V
ViL Logic Input “Low” Voltage 0.8 v
Vin Logic Input ‘“High” Voltage 2.2 \Y%
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/B Out) 08 | V |IgL=.1mA

Iou PCM Output Off Leakage Current 100 nA | Vo=0 to 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
Gain Tracking 0+0.03 +0.25 dB —30
—.02%0.04 +0.25 dB —35
—.02+0.06 +0.50 dB —40
—.02+0.09 +0.50 dB —45
—.02+0.13 +0.50 dB —50

Idle Channel Noise 12.5 19 dBrncO Analog Input to

Analog GND
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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 p-255 law transfer
characteristic (See Figure 4).

The timing signals required for the low pass filter
(128kHz) digital to analog converter (1.024MHz) 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 Agyrpin 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 Boyr 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.

S$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 normaly 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 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 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.

— Vggr: 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.

S$3502 Absolute Maximum Ratings

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 C;,ggp (nominal .1uF) is required
from this pin to digital ground to provide filtering of the
phase comparator output.

A/B IN: This optional TTL compatible input is provided
to implement CCIS compatible A/B signaling
scheme.Time multiplexed A, B signaling information is
applied at this input and recovered by the decoder as
shown in Figure 2-b.

DC Supply Voltage VDD -« e vttt ittt ittt ettt ettt e ettt eeenenniniineeeenens +6.0V
DC Supply Voltage Vgg . ..o ottt e e et e e e —6.0V
Operating Temperature . ............oueiiinetiiiieeeenneeeeeeennnnneneeeeeennnanninnnns 0°C to +70°C
Storage Temperature ..............eiiteiuteninnetereineeeeeeenennueeneeeeennnnnnns —55°C to +125°C
Power Dissipation at 25°C ... ...ttt i i e e e e e e e, 250mW
Digital INPUL .. ..ottt et e e e e e e —0.3sVinsVpp +0.3
Analog INnpub . ... e et e e, —VREF<VINSVREF
-5 0 P Vss<VRgr=<0
$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 v See Figure 11
—VREF Negative Reference —2.4 -3 —3.25 A%
Popr Power Dissipation (Operating) 60 100 mW
PsreY Power Dissipation (Standby) 15 mW
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Figure 5. S3502 Decoder Filter with Sample & Hold Loss Response
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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
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
trd PCM Input Rise Time 100 ns
tfd PCM Input Fall Time 100 ns
tL 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
$3502 Decoder DC Characteristics 5V Power Supply, ~ Vygr= — 3.0V (see Figure 11).
Symbol Parameter Min. | Typ. | Max. | Units | Conditions
Rp(VoutL) | Output Load Resistance 600 Q
Rina(IN—) | Analog Input Resistance 10 MQ
Cina(IN—) | Analog Input Capacitance 10 pF
IRgF- Negative Reference Current 150 300 nA
Regr— ll;lzsgi:t;;\;izcgeference Input 10 Mo
VoL Logic Input (Shift Clock, Strobe, 0.8
PCM 1In) “Low” Voltage
Viu Logic Input “High” Voltage 2.0
ImnL Logic Input ‘“Low” Current 1 pA | Vi, =0.8V
IiNH Logic Input “High” Current 1 HA | Vig=2.0V
VoL A, B Output “Low”’ Voltage 0.8 \% Polarity=Dig. Gnd,
Io,=1mA
VoL A, B Output “Low” Voltage Vss+1.00 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
29 335 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 Tracking 04%.04 +0.25 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 5.3 dBm —3V VRgr
(Digital Milliwatt Response) 6009 Load
$3501/S3502 System Characteristics
Typical Group Delay Characteristic
Abs. Gr. Delay Relative Gr. Delay Distortion
Device us (Over Band of 1000 Hz to
= 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
possible for shielding.
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3501/3501A Design Guidelines

A recommended S3501 schematic is shown in Figure 7.
Parts of the circuit are discussed in more detail below.

Loop Filter Network—For shift clock rates above
512kHz the network in Figure 8 is recommended. For
512kHz or below a .1uF capacitor between pins 13 and 17
is sufficient.

Supply Decoupling—Figure 9 shows the recommended
power supply decoupling circuits. The diodes are essen-
tial for +5V power supplies.

Reference Voltage—pin 18, requires a .1uF capacitor to
analog ground. Pin 2, AZ filter, requires a .022uF
capacitor to analog ground in parallel with 10M®Q
resistor.

Anti-Aliasing
In applications where anti-aliasing pre-filtering is

required, an on-chip op-amp may be configured into an
active filter (Figure 10). Note that small changes in gain

can be made by adjusting the resistor ratio R;/Ry. Where
anti-aliasing is not needed, a 3KQ-4KQ resistor can be
connected between pins 3 and 5 (inverted gain
configuration).

$3502/S3502A Design Guidelines

Figure 11 depicts a recommended S3502 circuit. All of
the following comments apply to Figure 11:

Boyr is connected to Vpp at either point X or Y. For
+5V power supplies position Y is recommended. For
larger power supplies position X should be used to pre-
vent forward biasing of pins 2 and 16. R should be larger
than 10KQ to reduce noise.

When pin 1 is connected to DGND (non-inverted signal-
ling with T2L output levels; not shown in Figure 11), R>
47KQ.

Pin 1 should be connected to Pin 10, and not just to —5V,
to avoid forward biasing the pin.

The 51KQ output amplifier resistors should be carefully
positioned away from the digital signals.

Figure 7. Hookup Schematic for S3501 Using 1.544mHz Shift Clock Rate

—3v

10MQ 0.14F
VN I__L TEST —vaer |18 4
022,F 0.14F
Ll 2]az Loop |17 1oke N
it FILTER FILTER W alamm
3.9kQ 470pF "
3 16 P!
AAA Vine Vss —0 —§V
1 S350 LI 1 1Nors
T50pF = 2.24F
4 ANALOG [15 T 1 T2  ANALOG
W+ GND GND
= 3900pF
MDD _ onn A 51 Ve sTRoBE |
3.9kQ 5.1kQ
PCM 6] pcm AL |13 DIGITAL
ot € out GND GND
SHIFT 7] swiFr A |12
cLock | CLOCK SIG IN
7509 3
< 81 our g |1
CONTROL SIGIN [
1N914 9 we |10
(F—Dt v
v P . l oo SELECT [
4.TuF T I“ JF

NOTES:

1. FOR 5V POWER SUPPLIES POSITION A IS RECOMMENDED.
2. FOR LARGER POWER SUPPLIES POSITION B SHOULD BE USED TO PREVENT FORWARD BIASING OF

PIN 6.
3. 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
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Figure 9-A. Supply Decoupling for the Vpp Supply Pin
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Figure 9-B. Supply Decoupling for the Vgg Supply Pin
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Figure 10. Anti-Aliasing Filter
< -5~ PIN 3 (Vinp)
< l
>
< R C
> N2 2
%
Rq
o—AAMV— PIN 5 (Vin—)
R3
— Cq
Ry = Rz = 3.9kQ
R3 = 5.1kQ
0 C; = 750pF
PIN 15 (AGND) C1 = 3900pF
Figure 11. Hookup Schematic for S3502 Using 1.544mHz Shift Clock Rate
1 16 R
POLARITY Bour ——Mﬁ-l
Q+R 2 Agur Voutn 15 XORY
XORY
3 . 7]
H{%n Vaer -1 —0 —3V
Al
g 20k 41 vour ANA};:& v 1
F 51ke J-
‘ué 1 nB |12
v SELECT 2 | AF
AuF == 5 » = ‘WFT
DIGITAL o— T DIGITAL Voo AMA—O +5V
GND Gxo X o210 Y
STROBE 71 staose vss |10 A o —5V
390
SHIFT 8 | swr pcM |8 PCMIN
CLOCK CLOCK [

2.68



AMERICAN MICROSYSTEMS, INC.

ADVANCED PRODUCT DESCRIPTION
S$3503/S3504

Features

]

O
O
]

O

oo

CMOS Process, for Low Power Dissipation and
Wide Supply Voltage Range

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 Band Width Phase-Lock Loop
Derives All Timing and Provides Automatic
Power Down

Low Absolute Group and Relative Delay Dis-
tortion

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

O Serial Data Rates from 56kb/s to 3.152Mb/s at

SINGLE CHANNEL

A-LAW PCM CODECIFILTER SET

General Description

The S3503 and S3504 form a monolithic CMOS Com-
panding Encoder/Decoder chip set designed to imple-
ment the per channel voice frequency CODECS used in
PCM systems requiring an A-law transfer characteris-
tic. 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 contain-
ing the analog information is performed at 2.048Mb/s
rate with analog sampling occurring at 8kHz rate. A
strobe input is provided for synchronizing the transmis-
sion and reception of time multiplexed PCM informa-
tion 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 un-
used signaling capability which remains available for

8kHz Nominal Sampling Rate Specia] applicati()ns_
O Programmable Gain Input/Output Amplifier
Stage
S$3503 Block Diagram Encoder With Filter Pin Configuration
aznuren [ 2 v [ woor uren
wi [ 2 o v
Vin. I: 4 15 jmunr.mm
sas03
Vin E s 10 :SIRHM
S swour [ ¢ s [Joreima oo
O rem our SHIFT CLOCK E i 12 j ATEsT
- wrconnnoe [] s o [ e
0 BTEST Voo |: ] 0 jnm
LU
PIN 10,11, 12 70 Vpg FOR NORMAL OPERATION
Pin Configuration
TEST E 1 15 j BTEST
e [ 2 15 [ vourn
woor et [f 3 1) Vagr
Vourt E 4 e B ] ANALOG GNOD
o IN- E s 12 ] w
DIGITAL GND [: 0 " ]vm,
srnoue [ 7 w0 [ ves
>O ATEST SHIFT CLOCK E 8 9 j PCMIN
O BTEST
G —O W
ono O —Q TEST
PIN 1 T0 DIGITAL GROUND, PIN 2, 16 OPEN FOR NORMAL OPERATION
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ADVANCED PRODUCT DESCRIPTION
S3505/S3505A

AMERICAN MICROSYSTEMS, INC.

SINGLE CHIP y-LAW PCM CODEC
WITH FILTERS

Features U Minimum Parts Count
0.1uF Auto Zero Capacitor
O Independent Transmit (Coder/Filter) and Receive 5102 PCM Out Pullup Resistor

(Decoder/Filter) Sections

O Internal Stable Voltage Reference (S3505) General Description

[0 Transmit/Receive Isolation of at Least 75dB The S3505/S3505A is a single chip n-law PCM codec with

[0 Meets or Exceeds AT&T D3 Channelbank and filters designed in a silicon gate CMOS process. It pro-
CCITT G.711 and G.733 Specifications vides the interface between the analog signals of the

O Input Cosine Filter Eliminates Need for External 'subscrl!)e‘r loop and digital .s1g'n.als of the PCM hlghw‘ay
Anti-Aliasing Prefilter in a digital telephone switching system. The device

O Two Package Configurations: operates from dual power supplies of =5V, £5% requir-

ing minimum supply decoupling {Typ Z.2uF).

S3505, 24 Pin: Int/Ext Vgpp Operation
No Signaling For a sampling rate of 8kHz, PCM input/output data
S3505A, 28 Pin: Ext Vppp rate can vary from 64Kb/s to 2.1Mb/s. Separate filter
A/B Signaling clock inputs (nom. 128kHz) control the transmit and
S$3505 Block Diagram S$3505 Pin Configuration
(3}
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S3505A Block Diagram S$3505A Pin Configuration
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receive filter characteristics. Separate transmit/receive PABX and digital telephone applications while the
timing allows synchronous or asynchronous operation. 28-pin S3505A with A/B signaling is more suited for cen-

The 24-pin S3505 without signaling is intended for tral office/channelbank applications.

Pin Function/Descriptions
PIN S3505 S3505A DESCRIPTION

7S 2 3 (Zero Supression): Connection to digital ground enables the zero suppression fea-
ture. The all zero code words corresponding to negative signal values exceeding
the decision value number 127 are encoded as ‘“00000010”".

TsHIFT 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 TsTropEg
Input. The clocking rate can vary from 64kHz to 2.1MHz.

RsyirT 12 15 (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
RsTROBE input. The clocking rate can vary from 64kHz to 2.1MHz.

TSTROBE 5 6 (Transmit Strobe): This TTL compatible pulse input (typ. 8kHz) is used for analog
sampling and for initiating the PCM output from the coder. It must be syn-
chronized with the Tgypr 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.

RsTROBE 13 16 (Receive Strobe): This TTL compatible pulse input (typ. 8kHz) initiates clocking
of PCM Input data into the decoder. It must be synchronized with the Rgyipr
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.

TFcLk 4 5 (Transmit Filter Clock): This TTL compatible input is a 128kHz square wave
signal for transmit filter operation. It should be synchronized to the Ty pr clock.

RFcLk 11 14 (Receive Filter Clock): This TTL compatible input is a 128kHz square wave signal
for receive filter operation. It should be synchronized to the Rgyjpr clock.

PCM OUT 6 7 This is a LS-TTL compatible open-drain output. It is active only during transmis-
sion of PCM output for 8-bit periods of Tgypr clock signal following a positive
edge on the TSTROBE input.

PCM IN 14 17 This is a TTL compatible input for supplying PCM input data to the decoder.

Caz 10 13 (Auto Zero Capacitor): A capacitor of 0.1uF should be connected between these

Caz GND 17 20 pins for coder auto zero operation. Sign bit of the PCM data is integrated and fed
back to the comparator for DC offset cancellation.

Vin 20 23 This is a high impedance input for connecting analog voice signal to the coder.

Vour 21 25 This is a low impedance analog output of the receive filter capable of driving a 600
ohm load.

TF OUT 18 21 This is a test point for transmit filter output.

DEC OUT 22 26 This is a test point for decoder output.
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Pin Function/Descriptions

PIN S3505 S3505A
TREFSET 1

TREF 24
RREFSET 9

RRrer 8

VREF 19 22
A IN 2
B IN 1
T-A/B SEL 24
A OUT 9
B OUT 10
R-A/B SEL 12
Vbp 23 27
Vss 15 18
ANA GND 16 19
DIG GND 7 8

Absolute Maximum Ratings

DESCRIPTION

These pins provide for adjustment and setting of internal voltage reference for the
transmit and receive sections of S3505. Output of the internal band-gap reference
voltage generator is brought out to Vgygp pin (typ. —1.2V). A desired reference
value for the transmit section can be generated by connecting a resistor divider
between Trgr, TrErsgT and Analog Ground pins. Similarly, a resistor divider
connected between Rrgr, Rrppsgr and Analog Ground provides adjustment for
reference voltage for receive section. See Figure 8 for details. The S3505 can be
operated from an external voltage source also. This is done by forcing a voltage
exceeding the internal Vygy voltage (—1.2V) into the Vgygp pin and connecting
TrerseT to TREF and Rrerser to Rrer (See Figure 8). S3505A can be operated
only with an external voltage source (typ. —3.3V) connected to Vygp pin.

The transmit A/B select input selects the A signal input on a positive transition
and the B signal input on the negative transition. These inputs are TTL compati-
ble. The A/B signaling bits are sent in bit 8 of the PCM word in the frame follow-
ing the frame in which T-A/B SEL input makes a transition. A common A/B
select input can be used for all channels in a multiplex operation, since it is syn-
chronized to the Tgrrogg input in each device.

In the decoder the A/B signaling bits received in the PCM input word are latched
to the respective outputs in the same frame in which the R-A/B SEL input makes
a transition. A bit is latched on a positive transition and B bit is latched on a nega-
tive transition. A common A/B select input can be used for all channels in a multi-
plex operation.

These are power supply pins. Vpp and Vgg are positive and negative supply pins,
respectively (typ. +5V, —5V). Analog and digital ground pins are separ-
ate for minimizing crosstalk.

DC Supply Voltage Vpp
DC Supply Voltage Vgg
Operating Temperature

Storage Temperature

Power Dissipation at 25°C

Analog Input

Digital Input ... e

—6.0V

—20°C to +70°C
—55°C to +125°C
1000mW
Vgg—0.3 =Vy = Vpp +0.3
Vgg—0.3 = Vi <Vpp +0.3

$3505 Electrical Operating Characteristics (Ty =25°C)
Power Supply Requirements

Symbol | Parameter Min. Typ. Max. Units | Conditions
Vbp Positive Supply 4.75 5.0 5.25 \'

Vss Negative Supply —4.75 —5.0 —5.25 v

Popr Power Dissipation (Operating) 350 500 mW Vpp=5.0V
PsTBY Power Dissipation (Standby) 120 mW Vgs=—5.0V
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S3505 AC Characteristics (Refer to Figures 3 and 3A)

Symbol | Parameter Min. Typ. Max. Units | Conditions

fsc Shift Clock Frequency 0.064 1.544 2.048 MHz

Dgc 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 Strobe (On) Delay —100 0 100 ns

tsw Strobe Width 200ns 124.8us

tr(128) 128kHz Rise Time 100 ns

t£(128) 128kHz Fall Time 100 ns

D(128) | 128kHz Duty Cycle 40 50 60 %

f (128) 128kHz Clock Frequency 128 kHz Must be
synchronous with
8kHz strobe

ted Shift Clock to PCM Out Delay 100 150 ns

tde Shift Clock to PCM in Set-up Time 100 ns

trd PCM Output Rise Time C;,=100pF 30 100 ns to3V;510Qto Vpp

tfd PCM Output Fall Time C;,=100pF 30 100 ns t0.4V;510Qto Vpp

tdss Aslz ISJe;e'(I:‘;;(; Strobe Trailing Edge 100 ns
$3505 DC Characteristics (Vpp = +5V, Vgg = —5V, Vggr = —3.1V unless otherwise specified)

Symbol | Parameter Min. Typ. Max. Units | Conditions

Rina Analog Input Resistance 100 KQ

CiN Input Capacitance 40 pF All Logic and

Analog Inputs
| Ko e Lo Curen 1| | vaosy
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S$3505 DC Characteristics (Continued)

and Power Supply

Symbol | Parameter Min. Typ. Max Units | Conditions

IiNng Logic Input High Current 1 pA | ViH=2.0V

Vi Logic Input “Low” Voltage 0.8 \%

Viu Logic Input “High” Voltage 2.0

VoL ggﬁg/lico(l)::)tput “Low” Voltage 04 v 5;(5]2) 1I)’u]l-up

Vor (Izgigco?llé)tput “Low”’ Voltage 0.4 v IoL=16mA

Von Logic Input “High” Voltage 2.6 v Top =40uA

Ry, Output Load Resistance Vgyr 1200 Q

$§3505/S3505A Single-Chip u-Law Filter/Codec System Performance Goals

Symbol | Parameter Min. Typ. Max. Units | Conditions

ICNw Idle Channel Noise (Weighted Noise) 15 17 dBrNCO | CCITT.G712 5.1

ICNgp | Idle Channel Noise —60 dBMO | CCITT.G712 5.2
(Single Frequency Noise)

ICNg Idle Channel Noise (Receive Section) 15 dBRNCO | CCITT.G712 5.3
Spurious Out-of-Band Signals —-30 dBmMO | CCITT.G712 7.1
at the Channel Output

IMDgr | Inter Modulation (2 Tone Method) —35 dBMO | CCITT.G712 8.1

IMDpr | Inter Modulation —49 dBMO | CCITT.G712 8.2
(1 Tone + Power Frequency)

Spurious-In-Band Signals —40 dBmO | CCITT.G712 10
at the Channel Output Port
Inter Channel Cross Talk Vix—Voyr 75 80 dB CCITT.G712 12

VinMmax | Max Coding Analog Input Level 0.628 Vpk

Vourmax | Max Coding Analog Output Level 3.0 Vek R =1.2KQ

AG Gain Variation With Temperature +0.25 dB
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$3505/S3505A Single-Chip p-Law Filter/Codec System

Performance Goals (Continued)

Symbol | Parameter Min. Typ. Max. Units | Conditions
OTLPR | Zero Transmission Level +6.7 dBm Vour Digital
Point (Decoder) (See Figure 9) Milliwatt Response
OTLPr | Zero Transmission Level —6.8 dBm VinTo Yield Same
Point (Encoder) as Digital Milliwatt
Responseat Decoder
Symbol | Parameter Min. Typ. Max Units | Conditions
Transmission Delays
Encoder 125 us From TSTROBE To
the Start of Digi-
tal Transmitting
Decoder 8T+25 us T= Period in us
of RSHIFF CLOCK
Transmit Section Filter 271 us
Receive Section Filter 102 us

Functional Description

Page 1 shows the simplified block diagrams of the
S$3505/S3505A respectively. The device contains inde-
pendent circuitry for processing transmit and receive
signals. Switched capacitor filters provide the necessary
bandwidth limiting of voice signals in both directions.
Circuitry for coding and decoding operates on the princi-
ple of successive approximation, using charge redistribu-
tion in a binary weighted capacitor array to define seg-
ments and a resistor chain to define steps. A band-gap
voltage generator supplies the reference level for the con-
version process.

Transmit Section

Input analog signals pass through the transmit filter
which consists of a series combination of a cosine filter, a
low-pass filter and a high-pass filter. The cosine filter,
clocked at 128kHz, samples the analog signal at 256kHz
and introduces a transmission zero at 128kHz. This tech-
nique considerably relaxes the requirements on an exter-
nal anti-aliasing prefilter. The low-pass filter, clocked at
128kHz, limits the bandwidth of the input signal to
about 3.4kHz. The high-pass filter clocked at 8kHz pro-
vides an attenuation of at least 25dB for signal frequen-
cies below 65Hz to eliminate effects of power line induced
noise. Output of the high-pass filter is sampled by a capa-

citor array at the sampling rate of 8kHz. Polarity of the
incoming signal selects the appropriate polarity of the
reference voltage. The successive approximation analog-
to-digital conversion process requires three clock cycles
to determine segment bits and four clock cycles to deter-
mine step bits. The total conversion time is nine clock
cycles. For the 128kHz clock rate this corresponds to
about 70us. The 8-bit PCM data is clocked out by the
transmit shift clock which can vary from 64kHz to
2.1MHz. A switched capacitor auto zero loop using a
small external capacitor (0.1uF) provides DC offset
cancellation by integrating the sign bit of the PCM data
and feeding it back to the noninverting input of the com-
parator.

Receive Section

A receive shift clock, variable between the frequencies of
64kHz to 2.1MHz, 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 low-pass filter
clocked at 128kHz smooths the sampled and held signal.
It also performs the loss equalization to compensate for
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the sin x/x distortion due to the sample and hold opera-
tion. A novel switched capacitor interpolation filter fur-
ther smooths the output of the low-pass filter. It inter-
polates between two consecutive samples and removes
all components around 128kHz. The effect is an increase

in the sampling rate to 256kHz. This technique elimi-
nates the need for an external post filter for smoothing
the received signal. The interpolation filter uses a low
output impedance operational amplifier capable of driv-
ing a 600 ohms hybrid transformer.

Figure 1. Encoder Filter Loss Response
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Signaling and Power Down Logic

The device contains circuitry to allow multiplexing of
signaling information in the least significant bit of the
PCM data word. It follows the standard A/B signaling
format defined in the AT&T D3 channelbank specifica-
tions. Turning off the transmit and receive sampling
strobes achieves power down.

Voltage Reference Circuitry

A temperature compensated bank-gap voltage generator
“(typ. —1.2 volts) provides a stable reference for the coder
and decoder. Two amplifiers buffer the reference and sup-
ply the coder and decoder independently to minimize
crosstalk. These also allow independent external gain
adjustments. The device can also operate from an exter-
nal reference, if the amplifiers are connected in a unity
gain configuration and an external voltage exceeding
—1.2V (typ —3.3V) is connected to the Vgygr pin. (See
Figure 8.)

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 channelbank de-
signs follow the AT&T T1 carrier PCM format to multi-
plex 24 voice channels at a data rate of 1.544Mb/s.
PABX designs, on the other hand, may use their own
multiplexing formats with different data rates. Yet, in
digital telephone designs, Codecs may be used in a non-
multiplexed form with a data rate as low as 64Kb/s.

The timing format chosen for the AMI Codec allows
operation in both multiplexed or non-multiplexed form
with data rates variable from 64Kb/s to 2.1Mb/s. Use of
separate clocks for filters and for shifting of PCM
input/output data allows the variable data rate capabil-
ity. Additionally, unlike other Codecs, the S3505 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. It
forces the PCM output 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 that the 128kHz filter clock and transmit/receive
shift clocks are synchronized to it. Figure 3 shows the
waveforms in typical multiplexed uses of the Codec.

Figure 3. Waveforms in a 24 Channel PCM System

1.544MHz SHIFT CLOCK

JUUUL

~
w
'S
o
)
—
-
®
o
-E
~
~
L
.

lEDEnonnon

1
_ i
W.24 chA
Ica s l 1
[

I

TRANSMIT/RECEIVE PCM HIGHWAY !

| FRAME RESET PULSE

l__..l

CH.1 STROBE

CH.2 STROBE

CH.24 STROBE

NOTE: tw MIN=200ns, ty MAX=124.8us.

2.17




AM‘lo S$3505/S3505A

Figure 3-A. Waveform Details
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AMERICAN MICROSYSTEMS, INC.

ADVANCED PRODUCT DESCRIPTION
S2811

Features

0 High Speed VMOS Technology

0 Programmable for Digital Processing of Signals
in Voice-Grade Communications Systems and
Other Applications with Signals in the Audio
Frequency Range

Extremely Fast 12-Bit Parallel Multiplier
On-Chip (300ns Max. Multiplication Time)
Built-in Program ROM (256x17)*, 3-Port Data
Memory (256x16) and Add/Subtract Unit (ASU)
Pipeline Structure for High Speed Instruction
Execution (300ns Max. Cycle Time)
Bus-Oriented Parallel 1/0 for Easy
Microprocessor Interface

Additional Double Buffered 1/O for Ease of
Asynchronous Serial Interface

On-Chip Crystal Oscillator (20MHz) Circuit
Pre-Programmed Standard Parts to Be
Announced Shortly

oo o o o oo oo

SIGNAL PROCESSING
PERIPHERAL

General Description

The S2811 Signal Processing Peripheral (SPP) is a high
speed special purpose arithmetic processor with on-chip
ROM, RAM, multiplier, adder/subtractor, accumulator
and I/O organized in a pipeline structure to achieve an
effective operation of one multiply, add and store of up to
12-bit numbers in 300 nanoseconds.

User Support

A real time in circuit emulator, the RTDS2811 is under
development. This is a fully compatible hardware emula-
tor with software assembler/disassembler and editor for
rapid program development and debugging. An S2811
assembler ASMB2811, and a software simulator pro-
gram package SSPP2811 are also scheduled for 1981.

*Qut of the 256 instruction locations of the ROM, 250 are usable by
the user program. Six instruction locations are reserved for in-house
testing.

Block Diagram
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17
1B

2.79




AJM‘I S2811

Absolute Maximum Ratings

SUPDLY Vol age . . ..ottt e e i e et 7.0VDC
Operating Temperature Range . . ....... ... ..ttt iitiiieeneeanaanaenns 0°C to +70°C
Storage Temperature Range .. ........coiutiiiiiit e iiiiiiiitetieiintniinneeeeennnns —55°C to +125°C
Voltageat any Pin . ......ouiinueiiiiitii ittt ieteineneenneannannens Vgs —0.3 to V¢ +0.3V
Lead Temperature (Soldering, 10 SEC.) .. ... .ouututnutintit ettt ettt eatennteneenneaneennennenns 200°C

Electrical Specifications: (Voc=5.0V 5%, Vgg=0V, Ty =0°C to +70°C, unless otherwise specified)

Symbol Parameter Min. Typ. Max. Units | Conditions
Vi Input HIGH Logic “1” Voltage 2.0 Vec+0.3 v Vee=5.0V
ViL Input LOW Logic “0” Voltage -0.3 0.8 v Vee=5.0V
Iin Input Logic Leakage Current 1.0 2.5 pAde | Viny=0V to 5.25V
C; Input Capicitance 75 pF
VOH Olltpllt HIGH Voltage 2.4 \" ILOAD = 100}.4A,
VCC =min,
CL = 30pF
VoL Output LOW Voltage 0.4 A% ILoaDp=1.6mA,
VCC =min,
C,=30pF
foLk Clock Frequency 5.0 20 MHz | Vgc=5.0V
Pp Power Dissipation 1.2 1.8 W | Vgc=5.0V
focrk(max) | Maximum Clock Frequency MHz | Vgc=5.0V
S2811-6 10
S2811-5 12
S2811-4 15
S2811 20

SPP Pin Function/Descriptions

Microprocessor Interface (16 pins)
Dg through D, (Input/Output) Bi-directional 8-bit data bus.

F, through Fy (Input) Control Mode/Operation Decode. Four microprocessor address leads are used for this
purpose. See “SPP CONTROL MODES AND OPERATIONS.” (Table 1)

1E (Input) Interface Enable. A low level on this pin enables the SPP microprocessor interface.
Generated by microprocessor address decode logic.

RW (Input) Read/Write Select. When HIGH, output data from the SPP is available on the data
bus. When LOW, data can be written into SPP.

|

IRQ (Output) Interrupt Request. This open-drain output will go LOW when the SPP needs service
from the microprocessor.
RST (Input) When LOW, clears all internal registers and counters, clears all modes and initiates

program execution at location 00.

2.80



AMI

S2811

Serial Interface (6 pins)

SICK, SOCK 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;, 0SC, 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.

Veer Vss Power supply pins Vge=+5V, Veo=0 volt (ground).

Functional Description

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

1. a 256x17 ROM which contains the user program,
2. a 3-port 256x16 data memory (one input and two
output ports) which allows simultaneous readout of
two words,

a 12-bit high-speed parallel multiplier,

an Add/Subtract unit (ASU),

an accumulator register, and,

1/0 and control circuits.

R o

The SPP 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 RAM to the multiplier and/or the product of
the previous operands, and the ‘“Write”’ stores the
result of the ‘“Modify.” The cycle time for the instruc-
tion is 300 nanoseconds. This results in an arithmetic
throughput of about 3.3 multiply and accumulate
operations per microsecond. Figure 1 illustrates the
SPP Instruction Formats. The OP1 and OP2 instruc-
tions are listed in Tables 2 and 3 and Figure 2 illus-
trates the basic instruction timing.

The SPP is intended to be used as a microprocessor
peripheral. The SPP control interface is directly com-
patible with the 6800 microprocessor bus, but can be
adapted to other 8-bit microprocessors with the addi-
tion of a few MSI packages.

The high-speed number crunching capability of the
SPP gives a standard microprocessor system the
necessary computational speed to implement complex
digital algorithms in real time.

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

The SPP contains a high-speed serial port for direct in-
terface to an analog-to-digital (A/D) converter. In
many applications, real-time processing of sampled
analog data can be performed within the SPP without
tying up the main microprocessor. Data transfer to the
microprocessor occurs upon completion of the SPP
processing. The SPP interface environment is sum-
marized in Figure 3.

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

Table 1 summarizes direct commands given to the SPP
from the control processor. These control modes are
specified via four address lines brought to the SPP.
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The SPP is a memory-mapped peripheral, occupying
16 locations of the microprocessor memory space. Pro-
viding the proper SPP address will activate the corres-
ponding control mode.

The control modes and the LIBL command enable real-
time modification of the SPP programs. This permits a

Figure 1. S2811 Object Code Instruction Formats.

single SPP program to be used in several different ap-
plications. For example, an SPP might be programmed
as a ‘‘universal”’ digital filter, with cutoff frequency,
filter order, and data source (serial or parallel port)
selected at execution time by the control micropro-
cessor.

hs h2 I Ig Iy lo
SPP Instruction Format oP2 0P1 OPERAND
SPP Addressing Modes ‘4 17 BITS »|
5 Bits 4 Bits 3 Bits 3 Bits 1 Bit 1 Bit
Offset Addressing (UV/US) o0P2 0P1 0, 0, ?: 33 0
Direct Addressing (D) 0pP2 0P1 Address (OH) 1
Direct Transter (DT) 0P2 OP1 Transfer Address (HH)
Literal (L) 0P2 Data Word (HHH)
Effective Address
Addressing Mode u V/S Multiplier Operands
uv (BAS)+0, | V=(BAS)+0, P=U.V
NOTE: 0 indicates an octal digit (3 bits) and us (BAS) + 04 S=0, P=U-S
H indicates a hexadecimal digit (4 bits) D — OH P=A.V

Table 1. SPP Control Modes and Operations

Input leads F-F3 define several control modes and operations to facilitate the interface between the SPP and a
control processor. In general, these inputs are derived from the control processor address leads. The SPP will
therefore occupy 16 memory locations, being a memory mapped peripheral.

Control Modes and Operations

F-Bus (F3-Fg)
Hex Value Mnemonic Operation/Function
0 CLR (Clear) Resets control modes to normal operation.
1 RST (Reset) Software master reset. Clears all SPP registers and starts execution at location 00. Also resets con-
trol modes to normal operation.
2 DUH (Data U/H) Specifies MSByte of data word. DUH terminates data word transfer.
3 DLH (Data L/H) Specifies LSBs of data word.
4 XEQ (Execute) Starts execution at location specified on data lines (HH).
5 SRI (Ser. Inp.) Enables serial input port.
6 SRO (Ser. Out.) Enables serial output port.
7 SMI (S/M Inp.) Converts sign-magnitude serial input data to 2's complement form.
8 SMO (S/M Out.) Converts 2's complement internal data to sign-magnitude serial output.
9 BLK (Block) Enables block data transfer.
A XRM (Ext. ROM) Permits control of SPP using external instruction ROM. A special mode used primarily for testing.
B SOP Set Overflow Protect (Normal mode of operation).
C cop Clear Overflow Protect.
D,E,F Not used.
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Figure 2. SPP Instruction Timing Diagram
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Figure 5A. SPP to 6800 Interface
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Figure 5D. SPP Serial Interface Timing
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Table 2. SPP Instruction Set

OP1 Instructions

Type

Hex Code
111-18

Operations

Description

No Operation

NOP

0

Address Modes

None

No OPeration

Accumulator
Operations

ASB
NEG

SHR

sav

C
D

Uv/us, D

ABS (A)~A
—(A)~A

(A)/2—>A

(A)—A, if sign (A)=sign V/S
—(A)—A, if sign (A)#sign V/S

ASBolute value of accumulator
is placed in accumulator.
NEGate accumulator contents
(two’s complement) and
replace in accumulator.

SHift Right accumulator con-
tents 1-bit position. Equivalent
to dividing contents by two.
Sign of RAM output V is the
sign of accumulator contents.
Accumulator contents are
negated (two’'s complement) if
different sign from V. Useful in
implementing hard limiter func-
tion

Addition

Operations

AUz
AVZ

AVA

AUV

Uv/us
uv/us, b

Uv/us, D

uv/us

(Uy+0~A
(V/S)+0—~A

(V/S)+ (A)—A

(U)+ (V/S)~A

Add U and Zero. Loads RAM
output U into the accumulator.
Add V/S and Zero. Loads RAM
output V/S into the accumu-
lator.

Add V/S and Accumulator con-
tents. Sum is placed back into
accumulator.

Add RAM outputs U and V/S
and place sum in accumulator.

Subtraction

SVA

Svu

uv/us, b

Uv/us

(V/S)—(A)~A

(V/S)—(U)—~A

Subtract V/S and Accumulator
contents. The difference
(V—A) is placed in the
accumulator.

Subtract RAM outputs V and U
and place difference (V—U) in
the accumulator.

Multiply/
Add Operations

APZ

APA

APU

- - - (current inst.)
UV/US, D (prec. instr)

- - - (current inst.)
UV/US, D (prec. instr)

UV (current instr)
UV/US, D (prec. instr)

(P) +0—~A

(P) + (A)—A

(P)+(U)~A

Add Product and Zero. Loads
multiplier product into the
accumulator. The multiplier in-
puts were set up in the
preceding instruction by
addressing mode.

Add Product and Accumulator
contents. Result is placed in
the accumulator. The multiplier
inputs were set up in the pre-
ceding instructions by address-
ing mode.

Add Product and RAM output
U. Sum is placed in accumula-
tor. The multiplier inputs were
set up in preceding instruction
by addressing mode.

Multiply/
Subtract
Operations

SPA

SPU

- - - (current instr)
UV/US, D (prec. instr)

UV/US (current instr)
UV/US, D (prec. instr)

(P)—(U)—~A

Subtract Product and
Accumulator contents. Dif-
ference (P—A) is placed in
accumulator. The multiplier in-
puts were set up in preceding
instruction by addressing
mode.

Subtract Product and RAM out-
put U. Difference (P—U) is
placed in accumulator. The
multiplier inputs were set up in
preceding instruction by
addressing mode.
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Table 3. SPP Instruction Set
OP2 Instructions

Hex Code

Type Mnemonic 116-112 Address Modes  Operations Description

Load LLTI 1E Literal HHH—IR Load LiTeral in Input register. A 12-bit (3 hex digits)

Instructions literal is transferred to the input register. This instruction
cannot be used with an OP1 instruction or with a
specified addressing mode. Literal is left justified to oc-
cupy bits 4-15 in register.

LiBL 07 --- (IR)—~BAS Load Input contents to Base register and Loop counter.
(IR)—~LC See Figure 4. Clears input flag (LOW).
LACO 02 .- (A)—=0R Load ACcumulator contents into the Qutput Register. This
is the basic data output instruction. Sets output flag
(HIGH). The IRQ line will be set low if the SRO mode is
not set.
LAXV 05 uv/us, b (A)—IX, V/S Load Accumulator contents into index register and RAM
(A)—~A location V/S. Accumulator is truncated to 5 most signifi-
cant bits after the operation. See Figure 4.
LALV 04 uv/us, D (A)—LC, V/S Is.’oad Accumulator to Loop counter and RAM location V/S.
ee Figure 4.
LABV 03 Uv/us, D (A)—>BAS, V/S Load Accumulator to Base and RAM location V/S. Trun-
(A)—~A cate accumulator contents to most significant 5 bits after
the operation. See Figure 4.
Data Transfer TACU 0B uv/us (A)—=>U Transfer Accumulator Contents into RAM location U.
Instructions TACV 0C uv/us, D (A)—=V/S Transfer Accumulator Contents into RAM location V/S.
TIRV 08 uv/us, D (IR)—~>V/S Transfer Input Register Contents to RAM location V/S.
Th(i)s is the basic data input instruction. Clears input flag
(LOW).
TVPV 09 uv/us, D VP—>V/S Transfer contents of VP register (equals previous value of
output V) to RAM location V/S.
TAUI 10 uv/us (A)—U Transfer Accumulator contents into RAM location U using
Index register as base.

Accumulator CLAC 01 - 0—A CLear the ACcumulator. Forces SWAP mode to normal

Operations operation and clears overflow flag.

Register INIX 0D .- (IX) +1—=IX INcrement the IndeX register.

Manipulation DECB OE .- (BAS)—1—>BAS  DECrement the Base register.

Instruction INCB OF .- (BAS) + 1—~BAS  INCrement the Base register.

SWAP 06 - BAS<IX SWAP the roles of Base and Index registers.

Uncondi- JMUD 15 DT HH—>PC JuMp Unconditionally Direct to location indicated by 8-bit

tional (two hex digits) literal HH. Cannot be used with an OP1

Branch instruction requiring specific addr. mode.

Instruction JMUI 1 uv/us [(1X)]—PC JuMp Unconditionally Indirect to location indicated by con-
tents of RAM address pointed to by index and displace-
ment indicated by V/S. [V/S)q.7]—>PC.

Conditional JMCD 16 DT HH—PC, if LC#0  JuMp Conditionally Direct to location indicated by 8-bit

Branch (LC)——LC (two hex digits) literal HH, if loop counter is not zero.

Instructions Loop Counter is decremented after the test.

JMPZ 19 DT HH—PC if
(A)=0 JuMP to location specified if accumulator contents are
Zero as a result of previous instruction.
JMPN 1A DT HH—PC if
(A) JuMP to location specified if accumulator contents are
Negative as a result of previous instruction.
JMPO 1B DT HH—PC if (A) JuMP to location specified if accumulator Overflows as a
Overfiows result of previous instruction. Clears Overflow.
JMIF 1C DT HH—PC if IF=0  JuMp if Input Flag is low to location specified (Note 4).
IRQ line will be set low if the SRI mode is not set.
JMOF 1D 0T HH—PC if JuMp if Output Flag is high to location specified (Note 4).
OF =1
Subroutine JMSR 14 DT (PC) + 1—~RAR, JuMp to SubRoutine. Execution jumps unconditionally to
Instruction HH—PC location indicated by 8-bit (two hex digits) literal HH.

Return address is stored in RAR. Cannot be used with an
OP1 instruction requiring specified address mode.

RETN 13 --- (RAR)—PC RETurN from subroutine. Execution continues at instruc-
tion following the JMSR instruction.
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Table 3. SPP Instruction Set
OP2 Instructions (Continued)

Hex Code
Type Mnemonic 116-112 Address Modes  Operations Description
Complex JenT 18 DT HH—>PC if Jump Conditionally Direct Dual Tracking. Increment base
Instructions LC#0, and Index registers. Loop Counter is decremented after
(LC)—1—LC test.
(BAS) +1
—BAS,
(IX) + 11X
JCDI 17 DT HH—>PC if Jump Conditionally Direct and Increment base register.
LC #0, Loop Counter is decremented after test.
(BAS) + 1—=BAS
(LC)—1—LC
TvVIB 0A uv/us (VP)—V/S, Transfer contents of VP register to RAM location V/S and
(BAS) + 1—=BAS Increment Base register.
MODE 1F --- Control mode OP1 code in this instruction can select any one of the
replaces OP1 several control MODEs/ operations specified in Table 1.
REPT 12 .- PC inhibited if REPeat next instruction until LC = 0. Increment PC to
LC#0 (next access next instruction, then suppresses increment of PC
instruction) if LC#0. Loop Counter is decremented with each iteration
(LC)—1—LC of the repeated instruction.
(each iteration
of next instruc-
tion.)
NOTES:
1. Whenever the Index register is selected by an instruction OP2 it controls the entire line of code.
2. Loop Counter cannot underflow.
3. S refers to scratchpad.
4. Input flag is low if SPP has not received a new input word.
5. (A) represents truncation of the accumulator to 5 most significant bits (sign and 4 MSB).
6. Multiplier input latches and the VP register are not updated when either the DT or L addressing modes are used in conjunction with an OP2
instruction.
7. - - - indicates don’t care address mode.
8. When D address mode is used, accumulator contents as a result of previous instruction replace U input to multiplier.

SPP Addressing Modes

The SPP provides four methods of data access (see
Figure 1). In the direct mode, the full address of the data
is specified. Due to limitations in the instruction word
size, only one data word at a time may be accessed in this
manner, and only even displacement addresses.

In the relative (to base) mode the base register is set up
using a LLTI/LIBL sequence, or LABV, and two data
words are accessed simultaneously by specifying U and
V displacements in the instruction word.

Data may be stored/retrieved from the scratchpad
memory by specifying the scratchpad mode and provid-
ing scratchpad and U port displacements. The U port
data is accessed relative to the base register. The scratch-
pad data is treated exactly the same as data accessed via
the U and V RAM ports, except the 8-word scratchpad
block is substituted for the V data block.

The fourth addressing mode is dual-tracking base
addressing. This mode greatly increases throughput in
matrix operations.

The JMIF and JMOF instructions provide the capability
to synchronize the SPP when operating in synchronous

sampled data systems. When executed these commands
cause the SPP to set the TRQ output low, thus request-
ing service from the microprocessor. The SPP can be put
in a wait loop until a new data sample is available at the
IR or has been read from the OR, as appropriate. The
TIRV and LIBL commands facilitate transfer of input
data from the IR to data memory or the base register and
loop counter respectively. LACO command provides for
data transfer to the OR.

Block Data Transfer (BLK Mode)

The contents of the RAM portion of the data memory
may be loaded or dumped via the parallel interface by use
of the Block Transfer mode. This mode is ideally suited
for transfer using a DMA Controller. The sequence and
timing are shown in Figure 6. Eight bit words may be
transferred using the DUH mode only. The memory is
addressed by the index register in this mode, and the
register is automatically incremented after each word
transfer. The displacement is addressed by the 2 most
significant bits of this register (see Figure 4) so that the
addressing is done base-by-base, then next displacement,
i.e., columnwise. The starting address is selected by pre-
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setting the Index Register (using the LAXV instruction)
before setting the SPP into the BLK mode. The last
address will depend on the number of word transfers exe-
cuted. Note that the address following Base 31, Displace-
ment 3 is Base 0, Displacement 0. This allows the contin-
uous transfer of any number of words to be executed,

starting at any address. The status of the R/W line is lat-
ched into the chip when the BLK mode is set up, elimin-
ating the need to control this line when the block transfer
is being done under the direct control of the host pro-
cessor.

Figure 6A. Block Read Sequence/Timing

BLK.

F-BUS X

D —

IE

TIME

(nsec.) i |

D-BUS (OUTPUT)

OPTIMUM SAMPLING INSTANTS. NOTE: TIMES SHOWN ARE MINIMUM TIMES

Figure 6B. Block Write Sequence/Timing

| WORD TRANSFER PERIOD. l
| |
EOC
]50 501‘5.0’! 350 |50‘50| 0‘
1 el

T * =0UTPUT DATA VALID. T

] WORD TRANSFER PERIOD.
|

BLK.

X

DUH DUH

TIME

(nsec.) 300

350

NOTE: TIMES SHOWN ARE MINIMUM TIMES

o OO

. -

|

|

* =TIME AT WHICH DATA MUST BE VALID.
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External Instruction Operation (XRM Mode)

The XRM mode is primarily intended for testing the SPP
independently of the contents of the Instruction ROM.
However, it can be used in program development and cer-
tain low speed applications using an external memory to
store the program. Note that only the Instruction ROM
is substituted in this mode, it is not possible to substitute
the contents of the Data ROM (Displacements 4-7).

In this mode the SPP operates as a state machine. Select-
ing the XRM mode initializes the state machine to the
idle state (State 1), as shown in Figure 7-A. When the IE
line returns high the state machine advances to the ready
state (State 2). In State 3 the program counter is output
on the Data Bus (Dy-D5), provided the R/W line is high at
that time. The next rising edge of IE takes the state
machine into State 4, and may be used to latch the PC in-
to an external register. By using this to address the ex-
ternal instruction memory it is possible to make full use
of the conditional branching instructions without any
separate computation. The next cycle of the IE line takes

S2811

the state machine through States 4 and 5 during which
time the lower 8 bits of the next instruction to be exe-
cuted (I0-17) are read in on the Data Bus, and latched in
on the rising edge of TE which takes the state machine in-
to State 6. The next cycle takes the state machine
through States 6 and 7 when the next 8 bits of the next
instruction (I18-115) are read in on the Data Bus, and the
MSB (I16) is read in on the TRQ line. The TRQ line will
always be floating at this time, even if it was previously
set low. The next rising edge of the IE latches in these in-
struction bits and advances the state machine into State
8, the execute state. The next low state of the IE line ad-
vances the state machine into the idle state, State 1, once
again. It is important that the SPP be allowed to com-
plete its execution cycle (300nsec) before the next rising
edge of IE, otherwise the cycle may be corrupted.

No restrictions on serial 1/0 exist in the XRM mode,
but there are constraints on the handling of parallel
1/0O due to the use of the IE line, the F-bus and the
D-bus for instruction loading. When the SPP is wait-
ing for input data (caused by the execution of a JMIF

Figure 7A. XRM Timing/Sequence
TIME (nsec) 50 | 50 50 50 50 50 50 350 | 50 50
STATE # 1]2[314!5[s|7 8 1|z|3|4m
- XEXOEXEX -~ X
RIW | l
D-BUS X @° m-17X 18-115 X X
E e D
X=DON'T CARE *READ
NOTES: CODE XRM NEED ONLY APPEAR ON THE F-BUS IN THE FIRST CYCLE.
USE CLR OR RST TO STOP XRM OPERATION.
TIMES SHOWN ARE MINIMUM TIMES.
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operator) or has output data ready (caused by the exe-
cution of a LACO operator) the IRQ line will go low
during the T5 period (see Figure 2) of the execution cy-
cle. Several methods of dealing with the data transfer
exist, but the simplest is to extend the period of State
1 after the detection of the IRQ signal as shown in
Figure 7-B. If the F-bus is set to code DLH (hex 3) dur-
ing the first part of this period the LSbyte of the data
may be read, (in the case of an output) or written (in the
case of an input). If the F-bus is then set to code DUH
(hex 2) without taking IE high, the data will change to
the MSbyte (in the case of an output), and in the case of
an input the LSbyte will be latched in at the F-bus
transition, allowing the MSbyte to be written and lat-
ched in at the rising edge of IE taking the state
machine into State 2.

Figure 7B. Data Transfer During XRM Operation

TIME (nsec) 100 50 , 50 , ETC.
R
STATE# 8 1 2 3
D-BUS

(oo KooK )
IRQ '

NOTE: TIMES SHOWN ARE MINIMUM TIMES

Circuit Description

Instruction ROM—The SPP program is stored in a
256x17 bit ROM. The 17-bit wide instruction word
(See Figure 1) facilitates multiple operations per in-
struction. Addresses 250-255 are reserved for chip
testing.

Data Memory—The 256x16 bit data memory is
organized to provide two operands (U, V) in a single

$2811

fetch cycle. The 256 data words are structured in a
32-‘base’ by 8-‘displacement’ word matrix. Memory is
further partitioned such that each base group contains
4 words of RAM (displacements 0 through 3) and 4
words of ROM (displacements 4 through 7). Only the
base information is fed to the RAM/ROM core. All
eight displacement words associated with that base
are accessed in parallel. Two independent displacement
multiplexers select the two operands (U, V) from the
eight output words. Within an 8-word base, therefore,
the memory appears to have three ports.

Scratchpad Memory—An 8-word scratchpad memory
(all RAM) is provided so that common data may be
accessed with the full efficiency of data contained
within an 8-word base. An additional multiplexer on
the “V”’ memory port accesses the scratchpad data in-
stead of data from the main memory core. Since this is
independent of the base group, the scratchpad con-
tents may be considered as a ‘‘floating” base group.
This feature doubles the efficiency of equalizer tap up-
date and similar programs.

VP Register—The VP register provides a one-
instruction delay of data accessed from the memory
“V” port. The memory read cycle precedes the write
cycle (see Figure 2). The VP register consists of two
portions. Data from the n-th read cycle first enters the
master portion. During the next cycle, data from in-
struction n+1 enters the master portion while the in-
struction n data shifts to the slave portion. The data in
the slave portion may be returned to the memory dur-
ing the instruction n+1 write cycle by use of the com-
mands TVPV or TVIB. Thus digital filter z1 delays
are implemented with minimal software overhead.

RAR—A return address register allows one level of
subroutine nesting. This facilitates repeated use of
universal subroutines such as a second order digital
filter routine, SIN/COS routine, etc., thus minimizing
the program size.

Loop Counter—A loop counter is provided to handle
iteration loops up to 32 iterations. Special jump in-
structions conditional on this loop counter to be zero,
provide the iteration test without adding program
steps. The loop counter can be loaded from the Input
Register as well as the Accumulator.

Base Register—The base register is 5 bits wide and is
used to set up the base in memory in the offset ad-
dressing (UV/US) modes. Its function may be taken
over by the Index Register by means of the SWAP and
TAUI instructions, and also during Block Transfer.
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Notes: X indicates the OP1, OP2 combination cannot be used
1. index register provides ‘‘base’’ information
2. CLAC overrides OP2 instruction
3. OP1 bits provide function code—see Table 1
4. address is not used with MODE and is available
for setting up multiplier and VP register

Table 4. OP1, OP2 Code Cross-Compatibility Table

0P1—>
0P2 +

Accumulator
Operations
Operations
Subtraction
Operations
Multiply/Add
Operations
Multiply/Sub.
Operations
MULTIPLIER SETUP

Addition

SVA
SvVu
APz
APA

NOP
ABS
NEG
SHR
SGV
AUZ
AVZ
AVA
Auv
APU
SPA
SPU

No Operation Instruction

NOOP

Load Instructions

LLTI

>

LIBL

LACO

LAXV

LALV

LABV

Data Transfer Instructions

TACU

TACV

TIRV

TVPV

TvIB

TAUI

Accumulator Instructions

CLAC

See note 2

Register Manipulation Instructions

INIX

DECB

INCB

SWAP

Unconditional Branch Instructions

JMUD

JMUI

—_
-
-
-
—_
—_
—_

—_

—_

Conditional Branch Instructions

JMCD

JMPZ

JMPN

JMPO

JMIF

JMOF

Subroutine Instructions

JMSR

XXX X[ >X|{>|>x|>
M XX [>x|>x|>x
XXX X[ > | > | >
XXX |X|>X|>X|X>x
XXX > [> > | > |[>
X[ X[ XX |>X|X|Xx
XXX |IX|[IX|X|Xx
XXX X |[>X|>X|>x

XXX XX |X|>x
HNKIUIX|IX X |X|X|X

RETN

Complex Instructions

JCDT

XX |X

>
>
>
>
>

>

>

JCDI

XXX XXX X X

MODE

See note 3

REPT

INEEEEEERENEREN

2.92



AMIL

S2811

Index Register—The index register is 5 bits wide and
is used to access lookup tables. This register can be in-
cremented by a software command. Lookup table in-
structions cause the index contents to be used as the
data memory base. Table contents may be used either
as data or as jump addresses for computed GO-TO
operations. Special instructions allow the base and the
index register to work together, providing a dual base
addressing scheme. The index is also used to step
through the data memory during block transfer opera-
tions. In this mode two additional MSBs are added to
this register.

ASU—The heart of the SPP is a 16-bit adder/subtrac-
tor unit (ASU). The ASU operates with two’'s comple-
ment arithmetic, and is provided with zero, negative
and overflow detect circuits. The basic adder cell in-
cludes look-ahead carry logic to improve speed. The
ASU will deliver a 16-bit sum in 40 nanoseconds. An
accumulator latch follows the ASU. A shifter is avail-
able to shift the accumulator contents 1 bit to the
right, providing a precision divide-by-two.

Multiplier—The SPP incorporates a parallel modified
Booth’s algorithm multiplier. The multiplier inputs are
truncated to 12 bits and the multiplier output is round-
ed to 16 bits. These truncations produce a product with
a resolution of 15 bits. The 16 MSBs of the product
are retained. This implies that all numbers in the SPP
are represented as fractions less than one in magni-
tude. The imaginary binary point is to the left of the
MSB (B14). This fractional representation and the
fixed-point arithmetic requires proper scaling of equa-
tions to realize the full accuracy of the SPP. A benefit
of fractional representation of numbers is that the
multiplier cannot overflow. The propagation delay
through the multiplier is 300 nanoseconds. A 300-
nanosecond SPP instruction cycle is achieved by pipe-
lining the multiplier. Data entered into the multiplier
during instruction n will result in a product available
during instruction n+1 (see Figure 2). The one instruc-
tion delay removes the multiplier propagation delay
from the overall instruction cycle.

Multiplication is automatically set up by the address
mode (see Figure 1). The multiplier is always active.
Products are utilized by specifying one of the multi-
plier OP1 operators (APZ, APA, APU, SPA, SPU).
The multiplier latches are updated wherever the in-
struction operand is a D or UV/S address. They are not
updated if the operand is a Literal or DT, and the pro-

duct of the previous set-up is retained until one of the
multiplier OP1 operators is used to read it out.

Programming Examples

In this section two programming examples are provid-
ed to illustrate the use of some of the instructions and
the power of the instruction set. The first example is
that of a second order digital filter section. This can be
implemented as a subroutine in the SPP such that the
main program can access it repeatedly to implement
higher order filter sections. The second example is that
of a SINCOS subroutine that computes the values of
sin w and cos w using an approximation formula. This
routine was chosen as it illustrates the use of some of
the complex instructions and because it is useful in ap-
plications that require carrier generation.

1. A second Order IIR Digital Filter Section; Figure 8
shows a block diagram, filter equations and the compu-
tational process involved in the implementation of this
filter. It is clear that storage must be provided for the
fixed coefficients a;, ag, b; and by and previous two in-
termediate results W,,.; and W, ,. Figure 10 illustrates
the memory configuration at the beginning of the sub-
rouine. Fixed coefficients are conveniently stored in
the ROM portion of the data memory in displacements
4 through 7 while displacements 0 and 1 are used for
storage of past values. It is assumed that the present
input sample X,, is loaded in the accumulator by the
main program prior to accessing the subroutine. At the
end of the subroutine output Yn is left in the accum-
mulator while W,,;, and W, are replaced by W, and
W, so that the next input sample X, ;; can be pro-
cessed. Note that only one base value is used by the
filter for the storage and main program must load this
value in the base register prior to execution.

Figure 9 illustrates the instruction sequence of the
subroutine. Only five instructions are needed to com-
pletely process the section. This corresponds to a pro-
cessing time of 1.5 microseconds. Figure 10 illustrates
how the memory map gets modified during the execu-
tion. A higher order filter is implemented by cascading
of the second order sections. The main program can in-
crement the base register and decrement the loop
counter after each iteration until the required number
of iterations of this subroutine take place. Since the ac-
cumulator holds the output of the filter after each
iteration, no storage is required in memory. Figure 11
illustrates the program and memory allotment for im-
plementation of a sixth order filter.
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Figure 8. Digital Filter Example

A. Second Order Recursive 1R Digital Filter Section

L)

Ya

B. Computation Process

Input Samples X(n) - - - , X(n-2)» X(n-1)»

Intermediate
Results W(n) - - -,

AX +
\-.‘ Yoo 1w Output Samples Y(n) - - - ,Y(n.2), Y(n1), @ -
Sampling Instants - - - - - o2y Yoty tn----
’ C. Digital Filter Equations
/] J Wp=Xp+21 Wip.1)+az2 Win2)
\”] Yen ] j Yo=Wq+by W
n=Wn+ b1 Wp.1)+ b2 W)
Figure 9. Digital Filter Subroutine
LINE# LABEL oP1 0P2 OPERAND COMMENTS
0 DF NOP NOQP uv 4,0 a;, W,.4—~MULT. ACC=X,
1 APA NOOP Uv 5,1 ay, Wy.o—>MULT. X,+ a;—>ACC
2 APA TACV Uv 6,0 by, Wo1=MULT. W= X,+2a;, W4 +a» W,.o—>ACC
ACC—V 0 replace Wy,
Wn_1_*VP
3 APA TVPV uv 7,1 by, Wpo=MULT. W,+b W,_;—ACC
Wp.1—V 1 replaces W,,.»
4 APA RETN - Yo=W,+by W,+b, W, ,—>ACC

Return to main program

Figure 10. Memory Maps for the Digital Filter

DISPL
\
0

1

BASE=N

Wo-y

Wi

a

CH]

by

b,

Initial

W, W, W,
Wn.o Wh.y Wi

ay aq - ay

ap a a

by by by

by by by
End of line 2 End of line 3 Final
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Figure 11A. Main Program Instructions for a Sixth Order Filter

LABEL 0oP1 0P2 OPERAND COMMENTS
)
)
)
NOP LLTI L002 (IR)=002
NOP LIBL . 0—BAS, 2—LC
Initialize base register and loop counter
L1 — JMSR DF Jump to DF subroutine
— JCDI L1 Increment base, Test if LC=0
[ If non zero go to L1
L] Decrement LC after test
(] Output of the filter is in accumulator at

the end of iterations.

Figure 11B. Memory Map for the Sixth Order Filter
Base__yp O 1 2 -
DISPL

¢ 0| Won-1y | Wity | Wane1y
1 {Won-2) | Win-2) | Wan-)
2| —
3 J—
41 aos a a1
5| ap an ap
6| bo1 by Dy
7| bo2 D12 D22

Implementation of Second Order Digital Filter with
Coefficients >1 in the S2811

In order to be able to implement a digital filter with coef-
ficients in the range of —2 to + 2 it is necessary to scale
the coefficients by a factor of 2 to bring them into the per-
missible range of —1 and + 1. However, in order to res-
tore the “loop gain”’ of the recursive section of the filter it
is necessary to correct for this in the signal flow network.
The easiest way to do this is to double the signal level at
the point A in Figure 8. The modified second order filter
subroutine is shown below, together with the basic sub-
routine. Note that in the modified subroutine all the coef-
ficients must be halved.

Basic Subroutine (| coefficients|<1)

0 NOP NOOP UV4,0;a,, W,_;—~MULT.
ACC=X,

NOOP UV5,1 ;ay, Wn__z_’ACC

TACV UV6,0;b;, W,—;>MULT.
Wn=Xn+ aj Wn—l + ag
Wn_z_’ ACC
ACC—VO0 (replace W, 1)
Wh—1~>(VP)

TVPV UV7,1 ;bg, W,,_s—~MULT.
W,+b; W,_;—~ACC
W,—1—>V(1) (replaces W,,_,)

;Yn=Wn+b1 Wn—l +b2
W,—2—~ACC
Return to main program

1 APA
2 APA

3 APA

4 APA RETN

Modified Subroutine (| coefficients |<2)

0 NOP NOOP UV4,0;

1 APA NOOP UV5,1 ;as above

2 APA TACV UVe6,0;

3 APA TVPV UV71;

4 APA TACV US—0;Y,=W,+b; W,_;+by
W,—s—~>ACC—>S0

5 AUV TACV UV0,0;U0+V0—>ACC—>V0=2W,_;

6 AVZ RETN US—0;S0—~ACC=Y,

2. SINCOS: SINCOS is a subroutine that provides the
sinw values for values of w satisfying the condition
— n<w <n. Since all numbers in the SPP are represented
as fractions less than 1 it is first necessary to scale by a
factor n such that —1<% <1. The value w’=g is assumed
to be in the accumulator at the beginning of the sub-
routine. In a practical application the control processor
can enter w’ into the SPP before the computation begins
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If the control processor does not have scaled values of w
available, an alternative method can be used. In this
method the control processor can enter £ into the SPP.
% can be easily obtained by a 2-bit right shift operation.

The SPP can then convert % to & by first multiplying
% by —,2,- and then adding the result to itself. In any event

it is assumed that w’ =% is available in the accumulator
when the subroutine is accessed. When the control is
returned to the main program sinw is available in S(0)
and cosw is available in S(1) while w’ remains in the accu-
mulator as well as S(2). The subroutine computes the
sinw and cosw values by use of the following approxima-
tion:
For small values of Aw.
sinAw=Aw
cosAw=1
sinw=sin (&+Aw)=sind® cosAw+ cosd sinAw
sinw +Aw cosw
cosw=cos (&+Aw)=cosd cosAw-sind sinAw
cosd-Aw sindd
w represents the nearest quantized value to w. In the
subroutine the quantized value is obtained by trun-

cating 2|w’|= (%|w |). The truncation results in five most
significant bits including the sign bit. Since absolute
value is truncated, sign bit is zero. The four most signifi-
cant magnitude bits provide sixteen quantized angles
2|@’|=wq. wq is loaded in the index register. Use of
SWAP command allows the index register to access the
appropriate block of data memory corresponding to wq.
Sind and cosa values corresponding to wq are stored in
displacements 4 and 5 (ROM portion) of the appropriate
block addressed by wg. Figure 13A illustrates the organi-
zation of the lookup table.

Figure 12 shows a detailed sequence of instructions for
the SINCOS routine. The routine is nineteen instructions
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long and takes 5.7 microseconds to execute. As seen from
Figure 12, the first objective of the program is to trans-
form the input angle to the first quadrant. This transfor-
mation process is graphically illustrated in Figure 13B.
The input angle w’ is stored in S(0) and a number
[*a—|w’|] is stored in S(1). The signs of these numbers
are used to assign the sign to the magnitudes of sinw and
cosw computed by the approximation formulae. Table
13C illustrates how the sign of sinw can be taken from
the sign of the angle w’ and sign of cosw can be taken
from the sign of the number [/2—|w’]. The signs are
assigned by use of the SGV instruction at the end of the
subroutine. The quantized angle wy is computed by the
truncation of the number 2|w’|. The truncated value (five
most significant bits including sign bit) are loaded in the
index register by the LAXV instruction and allows direct
access of the sind and cosd® values from the appropriate
block. Aw is computed simply as a difference between the
input and the quantized angle. The sinw and cosw values
are stored in S(0) and S(1) respectively while the angle w’
is retained in the accumulator as well as S(2) when the
program exits.

The SINCOS subroutine illustrates the following opera-
tions:

—Scaling

—Table Lookup

—Use of SWAP command

—Use of SCRATCHPAD

—All Data Addressing Modes

—Use of SGV command

—Use of TVPV command

—Truncation of the accumulator using LAXV command.



AM]I S2811

Figure 12. SINCOS Subroutine

SINCOS Routine

LINE# LABEL oP1 0P2 OPERAND COMMENTS
0 SC NOP TACV us-.,0 . w'=%- 50, ACC
1 ABS SWAP -- © |w’| =ACC, SWAP roles of base and index
2 SVA NOOP D00.6 . Y2-|w’| —ACC
3 NOP TACV us-1 . Ve-lw’| =ACC
4 AVA NOOP us-1 . S(1)+ACC —ACC=(1-2|w’|)
5 ABS NOOP -- . |1-2|w’])] —~ACC
6 SVA NOOP D01.6 ;. 2lw’| —ACC
7 NOP LAXV us-,2 . 2lw’| =S(2). & —ACC, IX. &’ = quantized value cor-
responding to w
8 SVA TACV us-,2 . 2w’| —&’=2Aw’ —~ACC, S(2)
9 AVA NOOP us-,2 . §(2)+ACC= —ACC(4Aw’)
10 NOP NOOP D02.6 ; Z— 4Aw’ —>MULT.
11 APZ TACV us-,2 ;. mAw’ —ACC, S(2) (nAw’ = Aw)
12 NOP NOOP US(4,2) © sinw, Aw —MULT. Index register contents & point to
LA . .
sinw in displacement 4 of the appropriate block.
13 SPU TACV US(5,2) ; Aws/iné‘; — €0t = Cosw —~ACC, S(2). Aw,
cosw —>MULT.
14 APU SWAP US(4,2)  :  sind+ Awcosd = sinw —ACC. Transfer control back to
base register
15 SGV TACV us-,0 . Assign the sign of w’ to (sinw) and store result in S(0).
sinw  —>S(0), w’ —>(VP)
16 AVZ TVPV us-,2 ; —cosw —>ACC. (VP)= wS(2). Refer to the description
of the VP register for explanation of TVPV instruction.
17 SGV TACV Us-1 . Assign the sign of [Y2-]w’|] to cosw and store result in
S(1). cosw —>S(1)
18 AVZ RETN us-,2 ;o' =% —ACC. Return to main program.
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Figure 13A. Organization of the Lookup Table for SINCOS Routine

DISPLACEMENT
DATA MEMORY
]
1
RAM -
2
3
sin(g* wg) 157
4 in(0 z“ sin —
sini0) = sind 32
T
5 cos(0) f::gl:&’“’“) cos %r
ROM -
6 12 1 n
BASE,
IX (16wg) | — 0 1 2 16ayg 15 16 | [ 31
1 2 15
w, - 0 = £ W =
: 16 1 ! 1

sin(%wq)zsin(%-z; 1o [):sin@

Figure 13B. Graphical Angle Transformation Process

H A% A
+7 % 0 +1 2 0 2|o|
fom -1 o
-z -%
2
© - o= - 2|’
Figure 13C. Table for Computing Sign of sinw, cosw
QUANDRANTS
1 2 3 4
Range of w 0—m/2 w/2—=7 | —m——-7x/2 | -w/2-0
Range of «’ 0—~"2 Y2 —1 1= -Y2—0
Range of [V2-|w|] Y2—0 0—-2 -Y2—0 0—
Sign of w’ + + - -
Sign of sinw + + - -
Sign of [V2-|w’|] + - - +
Sign of cos w + - - +
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AMERICAN MICROSYSTEMS, INC.

ADVANCED PRODUCT DESCRIPTION
S2814A

Features

O

O

O

O

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/O 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

Based on AMTI’s Signal Processing Peripheral
Chip (S2811) Using VMOS Technology to
Achieve High Speed and Low Power Dissipation

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 DM A Control-
ler or Address Generator. The S2814A is used as a

Block Diagram: Minimum System Configuration

$6802
MPU

il

$6846
ROM-U/0-TIMER

1

T0 /O CIRCUITRY, e.g. ADC & DAC

&

Pin Configuration
NOT USED [] 1 28 [ Vee
NOT USED ] 2 27 [T] NOT USED
NOT USED ] 3 26 [] NOT USED
("0, O s 25 [ 7] NOT USED
[ s 24 [7] NOT USED
0[] 6 23 :} NOT USED
R e B
D[] 8 ppr 210G
5[] 9 20[]F
s (] 10 19 [ F | controL
o> O] 11 nly
RW ] 12 17[]F
R ] 13 16 [] RST
Vss q U 15[
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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 IRQ 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 .............ccoiiiiiiiiiiiiin..,
Operating Temperature Range .......................
Storage Temperature Range .........................
VoltageatanyPin .............. ...,

Lead Temperature (soldering, 10sec.)

7.0VDC

200°C

Electrical Specifications (Voc=5.0V*5%; Vgg=0V, Ty =0°C to 70°C unless otherwise specified)

Symbol Parameter Min. Typ. Max. Units Conditions
Viu Input High Logic ‘1" Voltage 2.0 Vec+0.3 A% Vec=5.0V
ViL Input LOW Logic ‘0"’ Voltage -0.3 0.8 \% Vee=5.0V
Iin Input Logic Leakage Current 1.0 2.5 HA Vin=0V to 5.25V
Cy Input Capacitance 7.5 pF
Vou Output HIGH Voltage 2.4 v ILoap ='_ 100uA,
VCC =min, CL = 30pF
VoL Output LOW Voltage 0.4 v ILoaD =.1.6mA,
VCC =min, CL = 30pF
foLk Maximum Clock Frequency MHz  Vgc=5.0V
(max) S2814A-6 10
S2814A-5 12
S2814A-4 15
S2814A 20
Pp Power Dissipation 1.2 1.8 W Vec=5.0V
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S2814A Pin Functions/Descriptions

Pin Number Function

Dy-Dr 4-11 (Input/Output) Bi-directional 8-bit data bus. Data is Two’s Complement coded.

Fy-F3 20-17 (Input) Control Function bus. Four Microprocessor address lines (typically Ay-Ag) are
used to control the S2814A.

IE 15 (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
decode logic.

RW 12 (Input) Read/write select. When HIGH, output data from the S2814A may be read, and
when LOW data may be written into the S2814.

IRQ 13 (Output) Interrupt Request. This open drain output goes low when the S2814A has
completed the execution of a routine and output data is available.

RST 16 (Input) When LOW all registers and counters will be cleared, including the program
counter, and all control functions cleared.

0OS(;, 0SCy 22,21 Oscillator input and output. For normal operation a 20MHz crystal is connected bet-
ween these pins to generate the internal clock signals. Alternatively, an external
20MHz (or lower frequency) square wave signal may be connected to OSC, pin with
OSC; pin left open.

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.

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 382 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 B. Data

C. Control Functions

(Note: Address [Base AB, Displacement C] is written as

LOC (HEX)  FUNCTION AB.C)
00 IDLE STATE
—— DISPLACEMENT| 0 | 1 2 3 4 5 6 7
01 ENTRY PT. ““INIT"" ROUTINE BASE 004 [1 | awom |1
04 ENTRY PT. “‘FFT32"" ROUTINE 0 | ASTEP COEFFICIENT
D3 ENTRY PT. “COMPAS"* ROUTINE 2| /allz| N 33
- - 03| |Z|| 2| som o ROM
EA ENTRY PT. “‘SCALE" ROUTINE oa| [Z[|&| casen Hg
DC ENTRY PT. ““WINDOW'' ROUTINE 05| |2|| <| PsF 252
‘ o 06| |=|| | scour TE
E4 ENTRY PT. “‘CONJUG’" ROUTINE 2l 3 B
MHIE 2
o= = Eg
2]l E =5
. =
1F| Y  J 4

D. Input and Output Registers

Memory Map

F-BUS 15 87 0
(HEX)  MNEMONIC FUNCTION . o
1| RsT RESETS CHIP (MSBYTE) (LSBYTE) INPUT REGISTER
2 | DuH SELECTS MSBYTE
3 | DLH SELECTS LSBYTE 15 87 0
4 | xea STARTS EXECUTION
DUH DLH OUTPUT REGISTER
9 BLK SELECTS BLOCK MODE (MSBYTE) (LSBYTE)

CODE IS TWO'S COMPLEMENT.

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
the Program Counter. Address zero in the Instruction
ROM contains a Jump to Zero instruction, and thus the
S2814A will remain in an idle state after being reset.
Every routine in the memory is also terminated with a
Jump to Zero instruction, and thus the S2814A will also
remain in this same idle state after the execution of each
routine. The TRQ line will signal this condition each time
(except after the initial reset).

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 NNNX (X=0-F).

2.102



AMI

S2814A
Figure 1. Connection of S2814A as a Memory Mapped Peripheral
IRQ | IRQ
RIW ; »{ AW
Do Dg
i K DATABUS ADDRESS <:> 5
p. D7 DECODER 7
s6802 A0 EG. PIA i s2814
: »{ IE
A1s
Ag Fo
ADDRESS BUS > H
A3 F3
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 IS PERFORMED PRIOR TO BLOCK COMMAND THE DATA MEMORY ADDRESS
IS INITIALIZE