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AMERICAN MICROSYSTEMS, INC.

Section 1.0

The Company

Founded in 1966, AMI was the first commercial manu-
facturer of metal-oxide-silicon, large-scale-integrated
(MOS/LSI) circuits. Today, AMI is an international com-
pany with design facilities in Santa Clara (California),
Pocatello (Idaho) and Swindon (England), and sales

introduction to AMI

offices throughout the United States, Europe and the Far
East. The major manufacturing facility is in Pocatello
and assembly is done at AMI facilities in Korea and the
Philippines.

Headquarters in Santa Clara, California including Telecom Design, Manufacturing, Test, and Administration

11



AMI

The Capability

AMI, from its origination, has concentrated on the
design of custom circuits that created new markets for
MOS/LSI. This dedication has earned the company its
position as the leader in custom MOS/LSI. AMI has
designed more than 1500 LSI circuits for telecommunica-
tions, electronic data processing, consumer products and
the automotive industry.

In addition, AMI has become a significant producer of
custom-synergistic standard MOS circuits. These cir-
cuits fill select niches in the market where our experience
as a custom house gives us market advantages. AMI
standard products are concentrated in the areas of tele-
communication circuits, ROM's, microcomputers, micro-

Design Center in Swindon, England

1.2

processors and Uncommitted Logic Arrays (ULAs).

AMI catalog telecommunication products have been
built on our custom experience with communication
systems. The company produced the first monolithic
CMOS single-chip Codec with filters, and were the first
to design a two-chip Codec-with-filter set that eliminates
any crosstalk. A full line of products for telephone sets,
speech synthesis chips and signal processors complete
the spectrum of communications circuits. The material in
this design manual is intended to assist in designing with
standard and custom telecommunications MOS/LSI cir-
cuits.

Assembly and Test Fac

Assembly and Test in the hz ppines



Section 2.0

AMERICAN MICROSYSTEMS, INC.

Product Listing

Product Listing by Part Number

S$25089 DTMF Generator

S2559A/BI ... |G DTMF Generator

S2560A Telephone Pulse Dialer

S2561/A/C Tone Ringer

S2562 Repertory Dialer

S$25610 Repertory Dialer with On Chip Memory, Line Powered
S$2563 Repertory Dialer, Line Powered

S2811 Signal Processing Peripheral

RTDS2811 Real-time Development System (Emulator)
SSPP2811 Software Simulator/Assembler Program Package
S2814A Fast Fourier Transformer

S2815 Digital Filter/Utility Peripheral

S2816 Echo Canceller Processor

S2859 DTMF Generator

S2860 DTMF Generator

S3501/A wlaw PCM Encoder with Filters

S3502/A ulaw PCM Decoder with Filters

S3503 A-law PCM Encoder with Filters

S3504 A-law PCM Decoder with Filters

S3505/A wlaw Codec with Filters

S3506 A-law Codec with Filters

S3507/A p-law Codec with Filters

S3525A/B DTMF Bandsplit Filter

S3526A/B 2600Hz Band-pass, Band-reject Filter

S3610 Speech Synthesizer with On Chip Memory
S3620 Speech Synthesizer for Use with External Memory
S3630 128K ROM
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AMIL

Product Listing

Product Listing by Function

Telephone Products

DTMF or Touchtone’ , Generators

S25089 Exact replacement for Mostek’s MK5089

S2559A/B/C/D Ideal for most telephone designs

S2559E/F Improved versions of the 2559 family. Recommended for new designs.
S2559G/H Like the E and F but with Darlington output configuration

52859 Low enable keyboard input pins

S2860 For applications where supply voltage is constant

52861 Re-numbered as 2559E and F

Other Telephone Station Products

S2560A/A-2 Generates dial pulses from pushbutton keyboard
S2561 Tone Ringer; Replacement for mechanical bells and buzzers - 18-pin package with
variable rate
S2561A 8-pin package version of the 2561 with fixed rate
S$2561C Tone Ringer with logic control - 18-pin package
S$25610 Single Chip Repertory Dialer with ten 18-number memory
S2562 Repertory Dialer
52563 Telephone line powered Repertory Dialer
Codecs
S3501 plaw PCM Encoder with filters. AT+ T D3 compatible A/B signalling
S3501A p-law PCM Encoder with filters. CCIS compatible A/B signalling
S3502 wlaw PCM Decoder companion to S3501
S3502A wlaw PCM Decoder companion to S3501A
S3503 A-law PCM Encoder with filters
S3504 A-law PCM Decoder with filters
S3505 p-law Codec with filters (not recommended for new designs)
S3505A S3505 with A/B signalling feature (not for new designs)
S3506 A-law Combo Codec
S3507 p-law Combo Codec
S3507A S3507 with A/B signalling

2.2



NM' Product Listing

Product Listing by Function (continued)

Filters

S3525A DTMF Bandsplit Filter. 3.58MHz buffered output.

S3525B DTMF Bandsplit Filter. 896 KHz buffered output.

S3526A 2600Hz Band-pass, Band-reject Filter.

S3526B 3526A with on chip voltage divider for single supply operation
Speech Products

53610 Speech Synthesizer with on chip 20K ROM

S3620 Speech Synthesizer with external ROM interface

S3630 128K N-MOS ROM, 16K X 8 organization

Signal Processing

S2811

Signal Processing Peripheral

RTDS2811 Real-time Development System (Emulator)
SSPP2811 Software Simulator/Assembler Program
S2814A Fast Fourier Transformer

S2815 Digital Filter/Utility Peripheral

52816 Echo Canceller Processor

2.3






Section 3.0

AMERICAN MICROSYSTEMS, INC.

Cross Reference Guide

Cross Reference by Part Number

AMI Functional AMI Functional
Part Number Manufacturer Equivalent Part Part Number Manufacturer Equivalent Part
TDA 1077 Phillips 2559 MK 50992 Mostek 2560A
SPR 128 G.I. 3630 MK 5116 Mostek 3501/3502, 3507
CM 1310 Supertex 3630 MK 5151 Mostek 3501/3502, 3507
MC 14400 Motorola 3507 MK 5156 Mostek 3503/3504, 3506
MC 14401 Motorola 3507 MK 5170 Mostek 2562/2563
MC 14402 Motorola 3507 MK 5175 Mostek 25610
MC 14406 Motorola 3501/3502 MK 5387 Mostek 2559
MC 14408 Motorola 2560A MK 5389 Mostek 25089
MC 14409 Motorola 2560A MM 5393 National 2560A
SSI 201 SSI 3525 MM 5395 National 2559
CD 22859 RCA 2559 ICM 7206 Intersil . 2559
2364 Intel 3630 ACF 7310,12,7410 G.I. 3526
2910/2912 Intel 3501/2 ACF 17323C G.L 3525
2913 Intel 3507 ACF 17363C G.I. 3525
2914 Intel 3507 ACF 7383C G.I. 3525
DF 320 Siliconix 2560A HPD 7720 NEC 2811
NC 320 Nitron 2560A ML 8204 Mitel 2561A
DF 321 Siliconix 2560A ML 8205 Mitel 2561A
DF 322 Siliconix 2560A MT 8865 Mitel 3525
DF 328 Siliconix 2560A AY5 9100 G.I. 2560A
DF 341 Siliconix 3501/3502 AY5 9151 G.I. 2560A
DF 342 Siliconix 3501/3502 AY5 9152 G.I. 2560A
MSM 38128 OKI 3630 AY5 9153 G.L 2560A
MT 4320 Mitel 3525 AY5 9154 G.I. 2560A
HD 44211 Hitachi 3507 AY5 9158 G.I. 2560A
HD 44231 Hitachi 3506 AY5 9200 G.I. 2562/2563
MK 5087 Mostek 2559 AY3 9400 G.I. 2559
MK 5089 Mostek 25089 AY3 9401 G.I. 2559
MK 50981 Mostek 2560A AY3 9410 G.L 2559
MK 50982 Mostek 2560A AY5 9800 G.I. 3525
MK 50991 Mostek 2560A AY3 9900 G.I. 3501/3502
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AM‘I Cross Reference Guide

Cross Reference by Manufacturer

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

Section 4.0

Brief Description
of Telecom Products

Telephone Products

Codecs

Signal Processors

Filter Products

Speech Synthesizers
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DTMF Generators

S$2559

e Line Powered Operation: 100uA
Max Standby Current

e Wide Operating Voltage: E, F, G, H
2.5V to 10V; C and D, 2.75V to' 10V;
A and B, 3.5V to 13V

e Low Distortion (7% max for E & F)
and Constant Output Amplitude

e Single or Dual Tone Output

e Uses Low Cost TV Crystal

e Uses X-Y or Standard Telephone
Keyboard

¢ Darlington Output Configuration
(G, H)

AEEMA 2w
AEEE Y
MEEE 2 R
FO@ADE Y™
9 s
5 s
4 [
3 [

7

3.58MHz ]
I— 8
oL |

Voo

Vss

TONE |18

[
-

$2559 =
DUAL TONE GENERATOR wute |10

XMIT —z——O

S2859

e Uses 2559 Pinout

e Wide Operating Voltage: 3.0V to 10V

e Line Powered Operation: 100uA Max
Standby Current

¢ Inverted Keyboard Polarity for Direct

Logic Control or Standard Telephone

with Low Common

Constant Output Amplitude with

Varying Supply Voltage

S2860

e Uses 2559 Pinout

e Optimized for 3.5V Operation

¢ Amplitude Proportional to Supply
Voltage

e Highly Stable Output Amplitude Over
Temperature: +1.3dB

¢ Single or Dual Tone Output

e Has Keyboard Logic Polarity Inverted
from 2559

$25089

* Exact Replacement for MOSTEK
MK5089 DTMF Generator
e Similar to 2860

S2560A Pulse Dialer

T13

MUTE L -—'_—_\——-—r—

Voo
2
[EE 1"
@EIE | »
mmo] [
FHEM@AE Ry
18] . $2560
I PULSE DIALER
C2
| o
5] —
—1Hs
14 ors
15 1ps
2 s
Vss
5 |7 0
PO |
Rt 6 Pw

4.2

Line Powered Operation: 750nA
Max Standby Current

e Low Operating Voltage: 1.5V to 3.5V

L]

Selectable Mark/Space Ratio, Inter-
digit Pause Time and Dial Rate

20 Digit Memory for Last Number
Redial (# Key)

Very Stable Operation with

RC Oscillator

Uses X-Y or Standard Telephone
Keyboard

S2560A-2 Low Cost Version With
Relaxed Specifications

AM




S2561A Tone Ringer

18

N1

me——t osch,
_ 2] oschy
L3 oscry

Voo

§2561A
TONE RINGER

Vss

ouT,

0UTe

14

ﬂ/
e

Replacement for Bells and Buzzer
Two Selectable Tones

8V to 12V Operating Range

SmA Push-Pull Output for Ceramic
Resonators or Speakers with
Impedance Transformers

Selectable Rate on 2561

(18 Pin Package)

Ringing Amplitude Sequencing
Feature (18 Pin Package)

S2563 Repertory Dialer

BCD DIGIT DATA
——

%T‘I

[ s

2|y,

h
Loy,

3
Dl
| 005
1
0

+5v
Iw 20
21 g, Voo Vss ol
22|c,
23, 3 By 2
24 Cs
Bl 0
B¢,
0 |4
DEEE 2w
MEEE :;9, ’ s2s63 - Io
%% | REPERTORY DIALER "'l
s
32 Rs A 14
338 |13
8 19 a2
ul 18 }osc as 11
Co i ;; Ao 12
— P L]
38 wis
o35 oRs
38 P
o34 mooe
s

MUTE

{234 5%1121314

Ci C2 C3 R By R Ry

$2559 B/D/F/H
DTMF GENERATOR

(OPTIONAL FOR

DTMF OUTPUT)

Voo Vss

& L

+5V
22 18 [19
Voo 00 ¢
154, 1
161 o,
13
1
Mo,
2
k1N
5101
25614
7 e, cMOS
2 M
Lt YA
s
34,
2,
1a,
21f,
5[,
6! ag
a,
Vss
B
7
[ 3.58MHz

Stores 16-16 Digit Numbers or 29-8
Digit Numbers Using S5101 RAM
Provides Dial Pulse Output .
Selectable Pulse Rate and Interdigit
Pause Time

Direct Interface to S2559 DTMF
Generator

Redial of Last Number Dialed

(up to 16 digits) With RDL Key
Uses Standard X-Y Keyboard

25 pA Standby Current at 5V
Operates Down to 2V

Improved version of the S2562*

*NOTE: The S2562 is available, but not recommended for new designs.

4.3
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S3501, S3502, S3503, S3504
Encoder—Decoder with Filters

e Filter and Encoder or Decoder and
Filter on the Same Chip: Ideal for
Applications Which Require Encode

or Decode Only

® On-board Phase-locked Loop Derives
All Internal Timing Signals

S$3501, S3502 Encoder with Filter

* Automatic Power Down in Absence of
8kHz Strobe

® Auto Zero Circuit

* Low Idle Channel Noise: 14-17

dBrnCO

e Serial 170 Data Rates from 64K
Bits/Sec to 3.152MBits/Sec
e Choice of p-Law (3501, 3502) or

A-Law (3503, 3504)

Cu Toner THREE STATE
CONTROL
2| O |15 7 [} ‘
3 ANALOG »
GROUND
INPUT FILTERS [
5 \
B LOW-PASS | HIGH-PASS > A/D ENCODER > OUTPUT REGISTER 8 °
Vn @ / PCMour
A128KH2 A Y
Vaer 18 * r
(-3v)
1
An
53501 ) g, 1 SIGNALING
ONLY 0 LOGIC
A/B SELECT
1.024MHz
" | PHASE LOCKED AUTOMATIC
STROBE LooP POWER DOWN
(8kHz)
DIGITAL
FILTER TEST Voo GND  Vss
17 11 ls 13 Fs
=01 -5V +5V -5V
. .
S§3502, S3504 Decoder with Filter
Vaer ¢ (-3V)
14 13
] ANALOG GROUND
SHIFT o8
¥ OQUTPUT FILTER
9 LOW PASS WITH 15 Vour
PCMN @ INPUT REGISTER > D/A ENCODER SINX °
X <
$ 51K
A 3 A 5 Y
1.024MHz N 351K
4 o
128KHz / Vour
2
A
STROBE lout
(@kH) PHASE-LOCKED AUTOMATIC SIGNALING
{4
Lo0P POWER DOWN Logic 16 By | 83602
\ ONLY
DIGITAL f— 12
Voo GND Vss A/B SELECT
3 111 3 10 1
/B POLARITY
=01 +5¥ 4 -5¢ FILTER TEST
<+ =
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S3506, S3507, S3507A A-Law and
u-Law CMOS Codecs With Filters

e 22 Pin, 0.4” Center Package
(28 Pin With A/B Signalling)

® On Chip Second Order RC Anti-
Aliasing Filter. 46dB rejection at
512kHz

® Maximum Power Consumption:
110mW Operating, 9mW Standby

e Filters, Encoder and Decoder On
One Chip

® Independent Operation of Encoder
and Decoder Sections

® On Chip Precision Voltage Reference

e Serial 170 Data Rates From
64K-Bits/Sec to 2.1 Mega-Bits/Sec

® Programmable Input/Output
Op-Amps

e Needs Only Two External
Components

(64-2,048kHz)

PON Voo Vss :‘L T-SHIFT Voo
I T +5v T_ 5V Caz Caz GND
FLTiy
TRANSMIT FILTER Y
36kHz RC
- ARSI coswe | Low-pass | Hihpass ANMLIGTO | outpur °
_ > R (5TH ORDER) | (3RD ORDER) > REGISTER y
® + FILTE (256kHz CODER PCK OUT
Vin (2ND ORDER) SAMPLE RATE) |(256kHz CLOCK){ (64kHz CLOCK)
) 1\
Ir__ R B
AN
Vies panpcap || TRANSMIT : :
<] VOLTAGE | SIGNALING |
< REFERENCE e | LOGIC
3.075V <l
¢ " 1 burren i BIN
| I
AL A — A
R-SHIFT T-A/B
¥ RECEIVE FILTER
PCM IN DIGITAL-TO- FLT OUT
INPUT LOW-PASS
° > ANALOG > P
REGISTER LG (5TH ORDER) ‘
(256KkHz CLOCK) 3 2ke
ouT— r ouT—
_ JV- ————
| b3
AOUT | :F 27KQ
SIGNALING } CLOCK GENERATOR -
LOGIC AND TIMING SOURCE °
— | + Vour
BOUT |
]
-t B
RaBSEL| ____ _ _ _ " A" ONLY
R-STROBE T-STROBE
CLK SEL ¢ 1
nGND AGND

SYS CLK
(0.256, 1.536, 1.544, 2.048MHz)

NOTE: The S3505 Codec with filters is available, but is not recommended for new designs.
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$28211 Programmable
Real Time Digital Signal Processor

PAR-
(WR) AW ———>] ";,lﬂ“

LOGIC

SCRATCH
PAD
8 X 16

S0CK ————-]  SERIAL

§———»] Logic

ROM
128 X 16

|
|
I
: :n:VJ\
!
I
i
RAM
128 X 1§
|
1
RAM
T 128 X 16
1
|
|
|
I
1

MEMORY
ADDRESS

.

F

DECODE
LoGIC

INSTRUCTION Cl

0sc &

LOCK
GEN

ROM
512 X 18 l

05Co

0S¢y

Custom ROM Programmed

512 Word Instruction ROM

Split Data Memory

256 Words RAM, 128 Words ROM
Self-Emulation Capability

Realtime Processing of Signals

to 100KHz

Efficient Fetch/Multiply/Add/Store
Instruction Cycle

300nSec Instruction Cycle Time
Compatible With Any 8 or 16 Bit
Microprocessor

Direct Interface to 6800/8080/8085/
Z80 Microprocessor Family

S28214 Fast Fourier Transformer

$28214
FFT

DATA BUS

$6846
ROM-I/0-TIMER

ADDRESS BUS

DATA BUS

§6802
uP

_><:> 1/0 SECTION

(ie. DAC, ADC)

It

ADC & DAC

$6810
RAM

Preprogrammed S28211

Computes Real/Complex Point
FFTs and IFFTs

Computes Power Spectrums

Real Time Spectrum Analysis of
Signals to 10KHz

Computes a 32 Complex Point FFT
in 1.3mSec

May be Used in Arrays to Increase
Processing Bandwidth

Handles Transform Sizes From 32
Points to 512 Points

Larger Transforms Possible With Ext.
Generated FFT COEF

4.6
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S$28215 Digital Filter/Utility Peripheral

A

§28215
DFUP >

ANALOG
[e— N

> ANALOG
out

$3507
CODEC/FILTER

K DATA BUS

ADDRESS BUS

y

86846
ROM-1/0-TIMING

9t

DATA BUS

$6802
uP

It

Preprogrammed S28211

Two Independent 30 Tap Transversal
Filters (Cascadable)

Two 16 Section (Biquadratic)
Recursive Filters

Computational Functions:
Integrations, Rectification, Squaring,
and Block Multiply

Conversion Functions: p255 Law-to-
Linear, Linear-to-u255 Law, and
Linear-to-dB

Generator Functions: SINE and
Pseudo-Random Noise

Routines Cascadable to Form
Complex Functions

o

°

o

S28216 Echo Canceller Processor

° Preprogrammed S28211

e Provides Main Echo Canceller Func-
tions: Local Loop Delay, Estimation
Echo, Modeling Performance Estima-
tion, Silence & Double Talk Detec-

tion, & 1/0 Conversion

o Eliminates Echo Without Signal
Degradation

e Allows Full Duplex Operation

* Accommodates Unlimited Long Haul
Delays

e 6mSec Dispersion Handling Capability

o May be Inserted in Analog or Digital
Data Paths

e Convergence Time <250mSec

SSPP 28211 Software Simulator/Assembler

The SSPP 28211 Software Simulator/
Assembler is a Fortran IV program
written to simulate the S28211 Signal
Processing Peripheral. It is upwards
compatible with the S28211 Real Time
Emulator system.

The Software Simulator/Assembler is a
low cost means of evaluating the perfor-
mance of the S28211 Signal Processing

Peripheral. As an assembler it may be
used to produce the OP codes for mask
programming of the S28211. The full
simulator’s prime function is to allow
the users to debug and develop their
signal processing routines, at low cost,
and without the necessity to generate
idealized signals that would be necessary
when using the full speed emulator. This

is particularly important in high speed
applications where it is beneficial to be
decoupled from practical difficulties
while evaluating the signal processing
algorithm.

This software also allows the evaluation
of the S28211 as to its capability to per-
form a specific function before totally
committing to the complete project.

RTDS 28211 Real Time In-Circuit Emulator

The RTDS 28211 Real-Time In-Circuit
Emulator is a self-contained unit based
on the 6800 microcomputer. The system
has a full-feature software package with

edit, assembly, trace, debug, etc.,
capabilities which is inter-compatible
with the Software Simulator/Assembler.
The system interfaces with
microprocessor development systems via

an RS-232C port and includes a remote
emulator pod for direct insertion into
the system (hardware under develop-
ment.)

AME



S3525 DTMF Bandsplit Filter

® 10V to 13.5V Operating Range
e Buffered Input OP Amp for
Gain Setting
e Uses Low Cost 3.58MHz TV Crystal

o Interface to Standard DTMF Decoders
TT6174, MK 5102, MT 8860, 62, 63
and CRC 8030

e Buffered 1/2 (Vpp-Vgs) for Single

e Two Uncomitted OP Amps Available
for Limiting and Squaring Outputs to
the Decoder

Supply Operation

CLKour (83525A)
1BI CLK +4 (835258B)

16
s .
3seMHz ] g1oM s
P17 —
10
13
I HI FILTER 15
2 - BP FHour DTMF DIGIT
Vi / FILTER DECODER oUTPUT
L4 ; b~ LO FILTER 1
Voo : g Flour
3 L] :
SR =
> 7
+ -
4}«
3 5,
. A4lVss
2 (VmVs) 3
7

S$3526 2600Hz Bandpass/Notch Filter

Designed to Meet AT&T Telephone

ssaune050o Interoffice Signalling Requirements
IT% TCCKTORBOFFER * Provides Bandpass and Band Reject
L:[ ‘:Q J—. LEVEL 14 DIVIDER { o] - ssomoen Outputs .
ST swren (1> * - - ® Uses 3.58MHz TV Crystal Timebase
g * Generates 2600Hz Signal
o o x e e Single 10V or Dual +5V Supply
Operation
o o Lol 1376 0mmen e Bandpass/Notch Frequency can be
Changed by Varying Crystal
-~ Y TR Frequency
T | [ we * 80Hz Bandwidth (~3dB)
i o I . e Tuneable to Other Frequencies by
- o i oo V) Changing Oscillator Crystal or Drive
mo
e { cLock
¢ !
. s l\ :ﬁ[mnss
“weur 3 ‘;ﬂ%" l/ 12
“10
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S3610 CMOS Speech Synthesizer

With 20K Internal ROM

5108V
T2
Voo
Wo
woRD Wi
DATA ROM
SELECT a; LOGIC 2.5K X 8 BITS
Wi
I strose
BUSY DATA FORMAT
BUSY L TIMING AND DEB:I:’I‘E AN;ING
cgagm =P CONTROL LOGIC r —|  INTERPOLATION
RESONATOR "—‘_L
120pF l
NOISE AND
LPC-10
PITCH PULSE
LATTICE FILTER GENERATORS

: N

ANTI-ALIASING >
FILTER POWER

AGND 13 N /

I vss

04TLF T _‘Lﬂ

Single Chip CMOS Synthesizer

On Chip 20K ROM Accommodates
Approximately 17 Seconds of Speech
and a 32 Word Maximum Vocabulary
High Quality Speech Using LPC
(Linear Preductive Cooling)
Technology

30mw Audio Output. Directly Drives
100Q Speaker

Single Power Supply Operation: 5 to
8 Volts

Automatic Powerdown: 6mw Max
1.2K to 2.0K Bits/Sec Data Rate

S3620 CMOS Speech Synthesizer

For Use With External ROM

6109V

P22
Voo
Dg
Dy
paTA D2
npuTs D3 INPUT
Ds 3 LATCH
Ds e—7
Ds &g
D7
— L svnose 5
L BUsYe— VNG AND DATA FORMATTING
IR 8 CONTROL LOGIC DECODE AND
= INTERPOLATION
640KHz =5
CERAMIC == _ 10
RESONATOR ™1
120pF L
LPC-10 NOISE AND
LATTICE FILTER PITCH PULSE
GENERATORS
\ 14
ANTI-ALIASING
POWER
FILTER AMP>
13
AGND 12 J Vss /
04TF

J-_l‘l

HH

S3610 Without Internal ROM
Unlimited Vocabulary by Use of
External ROM(s)

High Quality Speech Using LPC
Technology

30mw Audio Output. Directly Drives
100 @ Speaker

Automatic Powerdown: 6mw Max
Single Power Supply Operation: 5 to
8 Volts

1.2K to 2.0K Bits/Sec Data Rate

AN
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S3630 128K (16K X8) Bit NMOS ROM

Single + 5V Power Supply

Ag
Ay —of
A
A ADDRESS
Ay DECODER
Ar DRIVER
Ag
A7
cE*_--____.__ _ - =
Ag
A |
At [ ADDRESS
A | DECODER
P DRIVER
12
A3
_— 3-STATE
OE"—>1  coNTROL*
*$3630A ONLY

e Directly TTL Compatible Inputs
e Directly TTL Compatible Outputs,
Three State on S3630A
* Low Power: 20mA Max Supply Current
— 512 X 256 * Power Down Capability (S3630A):
ARRAY 3mA Max.
* Two Pinouts Available:
28 Pin/S3630A
24 Pin/S3630B
® 6us and 10us Versions
Y
- COLUMN
i CIRCUITS
\
OUTPUT
» BUFFERS

0p 0402 03 04 05 Og ll7
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Section 5.0

AMERICAN MICROSYSTEMS, INC. : . |

Forthcoming New Products

$2550 Two to Four Wire Speech Network With Tone Ringer

$2569 DTMF Generator With 18 Digit Last Number Redial

S$25910 Ten Number 14 Digit DTMF Repertory Dialer With Last Number Redial

S$3508 Asynchronous Version of the S3506 A-Law Codec

S3509 Asynchronous Version of the S3507 y-Law Codec

S$3522 V22/Bell 212 Transmit/Receive Modem Filter With Group Delay
Equalizers

S$3527 16 Tap Analog Transversal Filter With 9-Bit Tap Control. Designed for
Equalizing Voice Band Signals

S3528 Programmable Low Pass Filter

S3530 300 Baud Single Chip Modem

5.1






AMERICAN MICROSYSTEMS, INC.

Section 6.0

Custom MOSI/VLSI Solutions

For The Telecommunications

Industry

¢ Speech Synthesis and Recognition

* Modems

¢ Telephone/Communication Systems

e PABX

e Codecs

¢ Remote Data Control and Transmission

* Filters

Whatever your needs for custom telecom circuits AMI
has the experience and expertise to deliver the best solutions for you.

6.1
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Custom MOS/VLSI

Custom Circuits For The Telecom
Industry

In the telecommunications industry your demands on in-
tegrated circuits are extensive. You require economical
circuits that have superior performance with increased
reliability, and at the same time, use less power and
board space. That’s why more and more companies are
turning to a custom MOS/VLSI (metal-oxide-silicon very
large-scale integrated) solution as the best way to meet
their telecommunications circuit requirements. Here are
a few of the reasons why.

Computer-aided hand drawn circuits can be used to reduce circuit
size to an absolute minimum.

Custom circuits save money

Grouping functions onto a single chip lowers production
and inventory costs dramatically, reducing your product
manufacturing costs as well.

Custom circuits are more reliable

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

Custom circuits reduce space and power requirements

Fewer components means both space and power require-
ments are reduced.

AMI’s Custom Capability

As you can see, the advantages of custom circuits are
quite extensive, but getting the best custom solution re-
quires going to the right company.

AMI is the world’s largest company dedicated to
MOS/VLSI circuit design and manufacturing. AMI has a
complete in-house manufacturing facility with the design
and manufacturing expertise to take your product from
conception to finished product.

AMI has worked with practically every type of MOS/

VLSI circuit. AMI developed the first single chip micro-
computer. AMI was the first to combine analog and
digital on one chip. AMI developed the first single chip
Combo Codec and is the recognized leader in the develop-
ment of circuits utilizing switched capacitor filters for
use in telecommunications applications. More than fif-
teen years of experience with 1500 different custom and
customer-designed circuits has taught us a great deal
about the special requirements of customers beyond
custom design. Such things as efficient production con-
trols for small lot manufacture, design security and pro-
duct confidentiality, and custom-tailored quality assur-
ance and reliability programs to assure all circuits meet
your stringent requirements.

Confidentiality

In the highly competitive marketplace of telecommunica-
tions, confidentiality is a primary concern. Your market
advantage is reduced if your competition can easily dupli-
cate your custom circuit. AMI is extremely sensitive to
this requirement and treats each circuit assignment as a
highly proprietary project insuring complete security up
to and through your product’s manufacturing life.

Designing Your Custom Circuit At AMI

Fifteen years as the leader in custom MOS/VLSI circuit
design means AMI has the experience and expertise to
smoothly integrate your circuit needs.

The design process begins simply with either concepts/
logic diagrams or prints/schematics. From these prints,
the die size of the chip and the circuit development time
span are estimated. Initial design specifications are then
developed cooperatively between the customer and AMI.
Circuit design is then started and, if needed, verified
through breadboarding. After the design is complete, the
circuit is ready for final layout and is drawn either on a
computer console such as SIDS or is computer-aided
hand drawn.

/ e
Routine AMI/customer meetings during design and fabrication
assure that circuits meet the customers’ specifications.

6.2



AMI

Custom MOS/VLSI

Computers speed design

Instrumental in the design of AMI's Telecommunica-
tions custom circuits is our Symbolic Interactive Design
System (SIDS).

Telecom circuit design is done primarily with the aid of
SIDS. On SIDS, a layout designer works directly with
symbols on a large screen alphanumeric color CRT. SIDS
has on-line, real-time design rule checking capability to
isolate design rule errors in the layout. This allows imme-
diate correction of errors greatly reducing the develop-
ment time span needed to develop a circuit.

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

Full background real-time design rule checking on win-
dows, cells, and chips is supported with SIDS, as is full
background continuity checking against the master logic
description. The use of the SIDS system eliminates the
delay caused when digitizing and batch processed com-
puter checking of circuits for accuracy is used.

costs.

Circuit layout is often completely done by a designer on a SIDS
terminal.

After the SIDS circuit design has been completed and
verified, the symbols are converted to polygons and a
10X reticle tape is prepared.

With SIDS, error detection and correction, circuit
modification and area relocations, take minutes, instead
of weeks, significantly reducing design cycle time and
development costs.

Leading CAD Technology

Computer Aided Design (CAD) software and hardware
aids are employed to assure correctness of design each
step of the way. Several highly efficient programs have
been implemented to assist in logic design and simula-
tion, layout planning, switched capacitor analysis rou-
tines and symbolic interactive design layout, to name
just a few. Each of these programs have been fine tuned
to closely model the actual process used at AMI.

Software design tools include:

Logic Design

Register Transfer Language (RTL) Simulation — pro-
vides a system behavior description to define instruction
sets, optimize data paths, control hardware algorithm
design and establish register designs.

GLIDE — permits user to design layout, simulate,
generate patterns and develop test programs for logic
arrays.

Path Analysis Program (PATH) — (Simulator with
Assignment Delays) simulates logic network behavior
for design verification and propagation delays.

Programmable bLogic Array Designs Aids (PLAID) —
uses state tables and Boolean equations to generate the
optimum physical structure for random logic designs.

o : S
Digitizer enters hand drawn design elements into the computer.
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Circuit Design

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

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

Data Analysis Program (DAP) — analyzes data from cir-
cuit fabrication to maintain the parameters of circuit
designs.

Switched Capacitor Analysis Routine (SCAR II) —
analyzes switched capacitor filter designs used in
telecommunication circuits. Two variations of the SCAR
program are available to perform circuit sensitivity and
noise analysis of switch capacitor filter circuits. This pro-
gram is also used for scaling the switched capacitor
ratios to optimize the final MOS design.

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

Symbolic Interactive Design System (SIDS) — permits a
laying out and checking a circuit on a CRT screen,
dramatically shortening layout time requirements.

Circuit Interactive Place and Route (CIPAR) — auto-

matically creates error-free mask designs in extremely
short time spans.

Computer controlled plotters are used to draw circuits.

Manufacturing Quality Custom Circuits

Fabrication

AMT’s innovations extend beyond custom design to the
fabrication of MOS/LSI circuits. The industry’s most
advanced fabrication equipment is used for processing
wafers. Throughout the custom manufacturing process,
control checks, optical and electrical inspections, fabrica-

6.4

tion data acquisition points, wafer probes and final test
routines are performed. AMI utilizes these same tests
and monitors on its standard telecom products to assure
the highest quality product.

Quality assurance

AMI quality controls for in-process wafer inspection and
final assembly and test are the best in the industry. Our
care in fabrication, assembly and test mean that you get
products that meet your specifications for reliability.
Because over 70 percent of our total production is
custom, we perform many checks routinely that would
only be done on special orders and at additional cost by
other manufacturers. In fact, our own in-house standard
is tougher than required by most of our customers. Both
our custom and standard products are screened to a 0.1%
AQL level by our Q.A. Department before shipment.
Most importantly, AMI is committed to making sure
that everything we do is done right, every time we do it.

During fabrication, silicon wafers are coated with aluminum in
radio-frequency ‘‘sputtering’ machines.

Quality checks

Among the routine quality controls exercised over every
product at AMI are:
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e Full logic design checks against system
specifications

e Circuit simulation to verify performance against

objectives

Working plates check on automatic checkers

Automated mask fabrication

In-process wafer fabrication

Wafer sort tests

100% optical inspection at dicing

100% die attach checking

100% lead bonding inspection prior to package

sealing

e Seal checks, fine and gross leak tests

* 100% final digital and analog tests

e Customer specified environmental tests

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

Test programs vary according to the requirements of the
customer and the environment within which an inte-
grated circuit must perform. The final testing to be per-
formed on a circuit is normally decided on by AMI’s and
our customer’s engineers. In addition, AMI provides
special reliability programs for the stringent require-
ments of the telecommunications industry.

Please contact your AMI sales engineer to discuss your
specific reliability or quality control requirements.

Automated mask inspection machine assures high’ quﬁ ity
photolithography.

Testing

AMI maintains extensive in-house test facilities to
screen custom circuits to your specifications. State-of-
the-art Fairchild Sentry 600, Sentry II and Sentry VII
testers perform our digital testing requirements, while
LTX testers test the combined analog/digital functions

of telecommunications circuits.

AMI’s extensive test equipment facility is backed up by

test support software that includes a standard factor

library allowing:

o Off-line, automatic creation of source factor programs

o Support of both functional and five types of DC para-
metric tests

e User control for the generation of different test

programs

Extensive automated test equipment assures product quality.

Packaging

AMTI’s custom solutions do not stop with circuit design.
Custom packaging is another reason AMI is the world’s
largest MOS/VLSI custom circuit manufacturer. AMI’s
packaging capability spans a broad spectrum besides the
standard plastic, ceramic and cerdip packages. AMI’s
high-reliability plastic packages and chip carriers are
accepted under the stringent requirements in the
Telecom industry. As many industry segments move
toward spacesaving packages, AMI remains in the fore-
front in packaging using chip carriers and is currently
developing a family of mini-plastic-flat packages which
are a low cost alternative to chip carriers.

Process Technologies

At AMI you get the widest selection of MOS alternatives
and capabilities in the industry. Our core processing
technologies range from mature PMOS metal gate, to
silicon gate N-Channel, and to the advanced, small
geometry, high-performance silicon gate CMOS.

A total of over 25 variations of core process in PMOS,
NMOS, and CMOS are available. With so many varia-
tions of our basic core processes available, AMI can
select the process which is right for your design. The
charts which follow list the process parameters for some
of our MOS processes.
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CMOS Process Parameters

5 Micron )
Pair Vin& V. Vi &BY Operating Max.
Process  Description Delay Min. Max. Min. Voltage Rating
CVA High Voltage - General Purpose 10nsec 0.7 1.3 7 2.2-13.2v 15V
CvB High Voltage - 2 Poly Linear, Used In Telecom Applications 10nsec 0.7 1.3 17 2.2-12.2V 15V
Low Voltage - Nand ROM. Dense For Speech Processing i
ove Applications Where Slow Speed is ok 8nsec 05 1 / 15:5.5v o
CVD CVB With Nand ROM. Good Linear With CVC Advantages 10nsec 0.7 1.3 17 2.2-13.2V 15V
CVE Low Voltage - 2 Poly. Ideal For Logic With Lots Of 05 11 7 1,555V v
Interconnect 8nsec
Low Voltage General Purpose - For Digital Applications With i
CVH 1.7V-5V Power Supply 8nsec 0.5 1 7 1.5:5.50 w
CWA High Voltage Igg - P-Well General Logic 10nsec 0.7 1.3 17 3.0-13.2V 15V
7.5 Micron
CTA Low Voltage General Purpose Digital Process 0.4 1.0 7v 1.2-5V 5V
CTD Intermediate Voltage General Purpose Digital Process 0.7 1.2 10V 2.0-10V 12V
CTE High Voltage General Purpose Digital Process 0.9 1.5 15V 2.6-13.2V 15V
NMOS Process Parameters
6 Micron
VTE VTF Operating Max.
Process Description Min. Max. Min. Max Voltage Rating
NVC High Voltage General Purpose 0.6 1.0 13 40 5-12 14
NVD High Voltage Low Threshold 08 1.2 20 40 5-12 14
NVS NVC With Circuit Shrink Polybias 5.4 Microns 0.75 1.25 20 40 5-10 12
5 Micron '
NEA/NEC  Fast Switching - 5 Volt Normal Operating 0.6 1.0 20 40 5-8 10
Telecommunications Expertise
Digital Analog
Combined digital analog combmatlons PLA OP AMP
AMI is a leading innovator in combining digital and ALU Oscillator
analog functions on a single chip. We can combine any of = RAM and ROM Bandgap-Voltage
the functions listed and others into an optimum circuit Reference
configuration to meet your needs. Shift Register A/D and D/A
Unique combinations of these functions are already used I . Converters .
in many applications in the communications, consumer ~ 1nterface Driver Sglmhed Capacitor
and industrial marketplace including: thermostat con- A i P thersl K
troller, audio multiplexer, single chip microcomputer, Futon;:iltli' ﬁwlfr govtm P ;ase— OCC ed L(l)lops
single chip Codec, tone receiver, spectrum analyzer, echo useable Link PROM’s Xo tage on;ro ler
canceller, speech synthesizer, modems, repertory dialer, Stt:izl}‘:::or nalog
Wi

touch-tone generator.
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Using Switched Capacitors For Analog
Circuitry

Switched capacitor technology is a very powerful tool in
the design of analog circuitry. Typically, these capacitors
are used in the input and/or feedback of Op Amps. When
switched capacitors are used at the input, an equivalent
RC product is generated which is actually just the ratio
of two capacitors. When the feedback capacitor is also
switched, then the gain of the Op Amp can be varied. By
cascading these basic building blocks complex filters and
circuits can be realized.

Since in MOS fabrication capacitors and, more impor-
tantly, capacitor ratios can be precisely manufactured
and controlled, the resulting filters and precision gain

elements built with this technology will have very high
initial accuracy and excellent long term stability. So with
switched capacitor technology, it is now possible to build
analog circuitry which previously required inductors,
large capacitors, precision components, and circuit fine
tuning or laser trimming.

At AMLI, our switched capacitor circuits are designed us-
ing double poly CMOS to provide totally floating capaci-
tors and the obvious benefits of CMOS.

Simplified examples of a switched capacitor resistor, Op
Amp, multiplying digital to analog converter, bandgap
reference and ladder filter circuits are shown below to
indicate both the simplicity and usefulness of such a
powerful MOS/VLSI capability.

Figure 1. Switched Capacitor ‘‘Resistor’’

Vi o——0

.||_4°|_.>i

A) SWITCHED CAPACITOR
Q0 = C(V2-Vy)
C(vz2 - V1)
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1
r—l —_

1
1

V2

i——

B) MOS REALIZATION

Figure 2. Offset Cancelled Gain Stage With Programmable Polarity
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Figure 3. Multiplying D/A Converter With Programmable Gain and Polarity With Auto Zero
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Figure 4. CMOS Band-Gap Reference and Trimming Buffer Using Polysilicon Fuses
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Figure 5. Five Pole Low Pass Filter
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A History Of Successes

The following circuits are but a few examples of the many telecommunications circuits AMI has designed.

CMOS DTMF Generator
e Synthesizes Dual 700Hz to 1700Hz Sine
Waves
* Telephone Line Powered

¢ Low Distortion Tone Generation Requires
No External Filtering

Operates Down To 2.5 Volts
On Chip Voltage Reference

DIE SIZE: 115 X 116 MILS

DTMF Bandsplit Filter

¢ Precision Filters Using Switched Capacitor
Techniques

¢ On Board Voltage Divider For Single
Supply Operation

e 3.58MHz TV Crystal Time Base For Very
Stable Frequency Response ’

e Six Separate Filter Sections Including 5th
Order Elliptic Hi Pass/Low Pass and Dial
Tone Reject Filters DIE SIZE: 127 X 190 MILS

World’s First CMOS Combo Codec

e Companding 8-Bit D/A and A/D Converters
e Trimmed Bandgap Voltage Reference

¢ Continuous 2 Pole 34KHz Anti-aliasing
Low Pass Filter

e Switched Capacitor Voice Band Trans-
mitting and Receiving Filters

e Input and Output Amplifiers

e On Board Clock & Timing Generators

e Two Speed Auto Zero Loop For Fast
Acquisition After Power Up

® 60mw Power Consumption With 6mw in
Standby Mode

DIE SIZE: 200 X 225 MILS

6.10



A’M’l& Custom MOS/VLSI

High Speed Signal Processor

¢ 300ns Multiply + Add + Store Cycle Time

e 12 by 12 Pipeline Multiplier With 16-Bit
Accumulator '

e On Chip Oscillator

¢ 16-Bit Adder/Subtractor Unit
e 256 X 17 ROM

e 128 X 16 ROM

e 128 X 16 RAM

RETRE
DIE SIZE: 198 X 205 MILS

CMOS Adaptive Delta Modulator For

PABX Systems

¢ DTMF Generator On Chip Accomplished
By Square Wave Filtering

e On Board Phase Lock Loop

e Switched Capacitor Encode/Decode Audio
Filters

e Low Impedance Output Drivers

Single Chip CMOS Speech Synthesizer

¢ 9-Bit Multiplying D/A Converter

¢ On Board 20K ROM and PLA

o Automatic Power Down

e 30mw Audio Output Amplifier

e 12 X 9 Bit Shift Register

o Switched Capacitor 3 Pole Low Pass Filter

¢ Voltage Divider On Chip For Single Power
Supply Operation

* Time Base Oscillator Uses Either Crystal
or Ceramic Resonator

1 2
DIE SIZE: 170 X 279 MILS
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Receiver and Transmitter For 1200
Baud Modem

e Schmitt Trigger Inputs
® +5 Volt and —12 Volt Supplies
¢ Buss Drivers

¢ On Chip Shift Registers, Counters and
Random Logic

DIE SIZE: 180190 MILS

201/2400 Baud PSK Modem

Transmitter

¢ Operates on +5 Volt and —12 Volt
Supplies

e On Chip ROM

e Buss Drivers

DIE SIZE: 150X 170 MILS

CMOS Serial Data Controller

e 5MHz Operating Frequency
e PLA Controlled Programming
e On Chip RAM

e Selects Messages Out Of PCM Data
Stream

Reinserts Modified Messages Into Data
Stream

DIE SIZE: 185230 MILS
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$2559 A/BICID

DTMF Tone Generator

$2559 EIFIG/H

DTMF Tone Generator

S25089 DTMF Tone Generator

S2859 DTMF Tone Generator

S2860 DTMF Tone Generator

S2560A Pulse Dialer

$25610 Single Chip Repertory Dialer

S$2561 Tone Ringer

S$2562 Repertory Dialer

S$2563 Repertory Dialer

RTDS2811 Real-Time Development System
SSPP2811 Software Simulator/Assembler Program Package
S2811 Signal Processing Peripheral (SPP)
S2814 Fast Fourier Transformer (FFT)
S2815 Digital Filter/Utility Peripheral (DFUP)
S2816 Echo Canceller Processor (ECP)

S3501/A, S3502/A

Single Channel uLaw, PCM Codec Filter Set

S§3503, S3504

Single Channel A-Law, PCM Codec/Filter Set

S3505/A

Single Chip u-Law, PCM Codec with Filter

S3506, S3507/A

CMOS Single Chip p-Law/A-Law Combo Codecs with
Filters

S3525 A/B DTMF Bandsplit Filter

S$3526 AIB 2600Hz Bandpass/Notch Filter

S3610 LPC-10 Speech Synthesizer with On-Chip 20K Speech
Data ROM

$3620 LPC-10 Speech Synthesizer

S$3630 128K (16K X8) Bit NMOS ROM

7.1
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Features

O

O

O

o O oOag

oo

Wide Operating Supply Voltage Range: 3.5 to
13.0 Volts (A, B) 2.75 to 10 Volts (C, D)
Low Power CMOS Circuitry Allows Device
Power to be Derived Directly from the Tele-
phone Lines or from Small Batteries, e.g., 9V
Uses TV Crystal Standard (3.58 MHz) to Derive
all Frequencies thus Providing Very High
Accuracy and Stability
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

DTMF TONE GENERATOR

General Description

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

Block Diagram Pin Configuration
Voo L1 Voo 01 ,_\
XTaL L—_,zg" OSCILLATOR . TRANSMIT/MUTE I [2] st
asamnr =5 ] Losic f10] mure
NH
r SmEwAvE syThesizER | N\
a 1] " I Voo [ 1 16 [ TONE 0UT
PROGRAMMABLE RESISTOR XMt 2 1
g2 [13}«»] Row KevBOARD sw:;‘:zsan ) 16, | 1:1?‘:4‘;?); | s E 5 [T] MDSLICD
73 [iz} ] Lo6Ic lslo.?ts,u:"! } COUNTER NETWORK 6] 3 14 []R,
P
R4 [T} I I N C: [ 4 13 [R,
| | | $2559A/B/C/D
comost [Ts] | | 1 I_“R‘E':_I’— (] 5 12 Ry
" t Vss ] 6 1R
o 3] LI i N osc [ 7 10 [] MUTE
£ € T
i s Jovoen | WL Gy | Caonen 0sco [ 8 9 [¢
ca [5 fe»{xevB0ARD LOGIC 52,83, 76,68 T| counter NETWORK
w[® ° | 75 TONE OUT
Vgs E
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Absolute Maximum Ratings

DC Supply Voltage (VDD —VS8) S2559 A, B ...t it ettt et et ettt e iieienneans +13.5V
DC Supply Voltage (VDD —VSS) S2559 C, D .t ttittit ittt te e et e ettt ettt eeentatataeaseeenennanan +10.5V
Operating TeMPEIALUIE ... .. ...ttt ettt et ettt et ee e tatee e eneateneaanaeneteaeasesenesenenens —25°C to +70°C
Storage Temperature ..............ccvvvvnivenenne. e e e, —65°C to +140°C
Power Dissipation at 25°C . ... . ... .ot e e e e 500mW
INPut VOIbagE ...\ vuiuti ittt e e e e —0.6<ViN<VpD+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\I;O_lt‘s[SS) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 3.5 13.0 A\
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, Rj,=390Q 5.0 417 596 789 mVrms
Voltage Row Tone, Rj,=240Q 12.0 378 551 725 mVrms
dBcr Ratio of Column to Row Tone 3.5—13.0 1.75 2.54 3.75 dB
%DIS Distortion* 3.5—13.0 10 %
XMIT, MUTE Outputs
v XMIT, Output Voltage, High | (Ipg=15mA) 3.5 2.0 2.3 \
OH (No Key Depressed)(Pin 2) | (lo=50mA) 13.0 12.0 12.3 v
Tor i]((l;’IFIzb 8utput Soqrce Leakage Curr.ent, 13.0 100 WA
v MUTE (Pin 10) Output Voltage, Low, 3.5 0 0.4 \4
OL (No Key Depressed), No Load 13.0 0 0.5 \i
Vi MUTE, Output Voltage, High, 3.5 3.0 3.5 \4
OH (One Key Depressed) No Load 13.0 13.0 13.5 \
MUTE, Output Sink _ 3.5 0.66 1.7 mA
ToL Carrent VoL=05V 13.0 3.0 8.0 mA
Ton MUTE, Output Source Vou=2.5V 3.5 0.18 0.46 mA
Current Voug=9.5V 13.0 0.78 1.9 mA
Oscillator Input/Output
TorL 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
Ton Output Source Current Vog=25V 3.6 0.14 0.34 ' mA
One Key Selected Vou=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 WD{,)‘;:SISS) Min. Typ. Max. Units
Input Current
Leakage Sink Current, _
I One Key Selected ViL=13.0V 13.0 1.0 uA
Leakage Source Current _
Iig One Key Selected Vig=0.0V 13.0 1.0 uA
I Sink Current ViL=0.5V 3.5 24 93 A
1L No Key Selected VIL=05V 13.0 27 130 A
t Oscillator Startup Time 3.5 3 6 mS
START 13.0 0.8 16 mS
Cro Input/Output Capacitance 1(2) ig gg
Input Currents
Sink Current,
I V=85V (Pulldown) |  %° ! v uA
Sink Current
Row & Vi1,=13.0V (Pull-down) 13.0 150 400 uA
Column Inputs Source Current,
- V=30V (Pullup) 35 90 230 uA
Source Current,
VIE=12.5V (Pull-up) 13.0 370 960 HA
Source Current,
- Mode Select Vigz=0.0V (Pull-up) 3.5 15 3.6 uA
Input (S2559C) Source Current,
P Vig=0.0V (Pull-up) 13.0 23 74 wA
Source Current,
I Chip Disable Vi1, =3.5V (Pull-down) 35 4 10 uA
Input (S2559D) Sink Current,
put | V11,=13.0V (Pull-down) 18.0 90 240 HA

$2559C & D Electrical Characteristics:

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

Symbol Parameter/Conditions (VD{’);I—t‘s, ss) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) ) 2.75 10.0 v
VoD Non Tone Out Mode (No Key Depressed) 2.5 10.0 \4
Supply Current
Standby (No Key Selected, Tone, XMIT 3.0 0.3 30 uA
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 Ouiput :
Single Tone 3.5 250 362 474 mVrms
Vor Mode Output Row Tone, Ry, =390Q 5.0 367 546 739 mVrms
Voltage Row Tone, Rp,=240Q 10.0 350 580 730 mVrms
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$2559C & D Electrical Characteristics: (Continued)
Symbol Parameter/Conditions (VDa;tZ ss) 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 \
OH (No Key Depressed)(Pin 2) (Iog=50mA) 10.0 85 8.8 v
XMIT, Output Source Leakage Current,
IoF 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 v
MUTE, Output Voltage, High, 2.75 2.5 2.75 v
Von (One Key Depressed) No Load 10.0 9.5 10.0 v
MUTE, Output Sink 3.0 0.53 1.3 mA
I ’ VoL=05
OL Current 0L=05V 10.0 2.0 53 mA
I MUTE, Output Source Vou=2.5V 3.0 0.17 0.41 mA
OH Current Vor=9.5V 10.0 057 15 mA
Oscillator Input/Output
I Output Sink Current VoL=0.5V 3.0 0.21 0.52 mA
OL One Key Selected VoL=05V 10.0 0.80 21 mA
I Output Source Current Vou=2.5V 3.0 0.13 0.31 mA
OH One Key Selected Vou=95V 10.0 0.42 11 mA
Input Current
I Idnezkf{i; Sinke Current, ViL=10.0V 100 1.0 A
Leakage Source Current _
I One Key Selected Vig=0.0V 10.0 1.0 HA
I, Sink Current VIL=05V 3.0 24 93 WA
No Key Selected ViL=0.5V 10.0 27 130 uA
tSTART Oscillator Startup Time 3.5 2 5 mS
10.0 0.25 4 mS
Cro Input/Output Capacitance 132)% 1(2) ﬁ g g
Input Currents
Sink Current,
I Vi,=3.0V (Pulldown) | 30 16 KA
Sink Current
Row & ViL,=10.0V (Pulldown) | 100 2 uA
Column Inputs Source Current,
I Vig=2.5V (Pull-up) 3.0 210 HA
Source Current,
Vig=95V (Pullup) | 00 740 A
Source Current,
I Mode Select Vi=0.0V (Pull-up) 3.0 14 83 KA
Input (S2559C) Source Current,
i Vi =3.0V (Pull-up} 10.0 18 46 HA
Source Current,
I Chip Disable Vi =3.0V (Pull-down) 3.0 3.9 9.5 HA
Input (S2559D) Sink Current,
P ViL=10.0V (Pulidown] | 100 55 143 KA

*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 S2559

Table 2. XMIT and MUTE Output Functional Relationship

ACTIVE OUTPUT FREQUENCY Hz % ERROR outpur | DIBIT KEY DBITKEY | oo
INPUT SPECIFIED ACTUAL SEE NOTE RELEASED DEPRESSED .
R1 697 699.1 +0.30
R2 770 766.2 -0.49 XMIT Vop 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
c2 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 Oscillator

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

Design Objectives

The specifications that are important to the design of the

DTMF Generator are summarized below: the dual tone

signal consists of linear addition of two voice frequency

signals. One of the two signals is selected from a group of

frequencies called the “Low Group” and the other is selec-

ted from a group of frequencies called the “High Group”'.

The low group consists of four frequencies 697, 770, 852

and 941 Hz. The high group consists of four frequencies

1209, 1336, 1477 and 1633 Hz. A keyboard arranged in a

row, column format (4 rows x 3 or 4 columns) is used for

number entry. When a push button corresponding to a

digit (0 thru 9) is pushed, one appropriate row (R1 thru R4)

and one appropriate column (C1 thru C4) is selected. The .
active row input selects one of the low group frequencies

and the active column input selects one of the high group

frequencies. In standard dual tone telephone systems, the

highest high group frequency of 1633Hz (Col. 4) is not

used. The frequency tolerance must be +1.0%. However,

the S2559 provides a better than .75% accuracy. The total-:
harmonic and intermodulation distortion of the dual tone

must be less than 10% as seen at the telephone terminals.

(Ref. 1.) The high group to low group signal amplitude.
ratio should be 2.0 +2dB and the absolute amplitude of

the low group and high group tones must be within the

allowed range. (Ref. 1.) These requirements apply when

the telephone is used over a short loop or long loop and

over the operating temperature range. The design of the

52559 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”.

kLog'i'c 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 (500% 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 Vygp. VRer
closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude Vp (Vpp — VREF) 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

<—O—0

C2

CommonN

(CONNECT TO Vg OR
LEAVE FLOATING)

c — — — MECHANICAL
G 3 LINKAGE
Ron (Contact Resistance) + k<2
Figure 2. SPST Matrix Keyboard Arranged in the 2 of 8 Row, Column Format
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Figure 3. Logic Interface for Keyboard Inputs of the $2559
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The individual tones generated by the sinewave synthe-
sizer are then linearly added and drive a bipolar NPN
transistor connected as emitter follower to allow
proper impedance transformation, at the same time
preserving signal level.

Dual Tone Mode

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

Single Tone Mode

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

Mode Select

S2559A and 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 Vggs, the single tone mode is disabled and no out-
put tone is produced if an attempt for single tone is
made. The S2559B and S2559D do not have the
Mode Select option.

Chip Disable

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

Crystal Specification

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

7.9

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

Frequency: 3.579545MHz £0.02%
Rg <1008, Ly = 96MHY
CM = 0.02pF Cp, = 5pF

MUTE, XMIT Outputs

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

Amplitude/Distortion Measurements

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

Distortion is defined as “the ratio of the total power
of all extraneous frequencies in the voiceband above
500Hz accompanying the signal to the power of the
frequency pair.” This ratio must be less than 10% or
when expressed in dB must be lower than —20dB.

(Ref. 1.) Voiceband is conventionally the frequency

band of 300Hz to 3400Hz. Mathematically distortion
can be expressed as:

V/(V1)2+(V9)2+ . . +(V)2
V(VL)2+(VE)2

Dist. =
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where (V1) ... (Vp) 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+ (V)2

DIST4B = 20 log

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

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

Features

a
O
O
O
O
O

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

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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= - OSCILLATOR 2 TRANSMITMUTE [ o
3 5BMHI > Logic El MUTE
sookal 11 | re_———————
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ol e Sgwonawr i T[] 2 15 [ ] MosLco
me 4 ; EN [ ] 14 MRy
I —1 | 1 C[] 4 1B R,
EF
comost [iz] } oy I | B"‘ ]__ 6 s stsnaERh tl N
l — R
C'EL" Lafcx : N Vss[C] 6 11 []R,
PROGRAMMABLE
e coumm :‘Dc:,.cn::w s | g || eesson ose ] 7 10 [ MUTE
o1 (5 feafxe vs0aRD LOGIC +16,42,38.34 1] counten NETWORK | 0sCo (] 8 s[c
o] ’ | | TONE OUT
L o ; BF
________ :7_\_. Voo
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Absolute Maximum Ratings

DC Supply Voltage (VDD-VSg) -« - oo oo +10.5V
Operating Temperature . . .. ... ... ... —25°Cto +70°C
Storage Temperature . . .. ... ... .. .t —30°C to +125°C
Power Dissipation at 25°C . . . .. .. ... 1000mW
Digital Input . . ... VSS—O-'?’ -<—VIN SVDD +0.3
Analog Input . . ... ... Vgs—0.3 < Viy £Vpp +0.3

S2559E, F, G and H Electrical Characteristics:

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

Symbol Parameter/Conditions Vpp-—Vss) | Min. Typ. | Max. | Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 2.5 10.0 v
VoD Non Tone Out Mode (No Key Depressed) 1.6 10.0 \Y%
Supply Current
Standby (No Key Selected, Tone, XMIT 3.0 0.3 30 uA
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 3.5 335 465 565 mVrms
S250EF | yrode Output Row Tone, Ry,=3902 5.0 380 540 710 | mVrms
Vor Voltage Row Tone, Rp,=240Q 10.0 380 550 735 mVrms
Single Tone _ 3.5 110 315 495 mVrms
§2559G/H|  \ode Output Row Tone, Ry, =3900 5.0 340 540 675 | mVrms
Vor Voltage Row Tone, Rp,=240Q 10.0 415 590 770 mVrms
dBog &a:)t(i]z)of column to Row Tone (Dual Tone 3.5—10.0 1.0 2.0 3.0 dB
%DIS Distortion* 2559E/F 3.5—10.0 7 %
2559G/H 4.0—10.0 7 %
XMIT, MUTE Outputs
v XMIT, Output Voltage, High | (Iopg=15mA) 3.0 1.5 1.8 \
OH (No Key Depressed)(Pin 2) (Iog=50mA) 10.0 8.5 8.8 v
Iop i](cl\)/;‘lzb‘(;utput Source Leakage Current, 10.0 100 WA
v MUTE (Pin 10) Output Voltage, Low, 2.75 0 0.5 A\
OL (No Key Depressed), No Load 10.0 0 0.5 v
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
foL Current, VoL=05V 10.0 20 53 mA
Ton MUTE, Output Source Vou=2.5V 3.0 0.17 0.41 mA
Current Vou=9.5V 10.0 0.57 1.5 mA
Oscillator Input/Output
ToL Output Sink Current VoL=0.5V 3.0 0.21 0.52 mA
One Key Selected VoL=0.5V 10.0 0.80 2.1 mA
Ton Output Source Current Vou=2.5V 3.0 0.13 0.31 mA
One Key Selected Voug=9.5V 10.0 0.42 1.1 mA

*Distortion is defined as “the ratio of the total power of all extraneous frequencies, in the VOICE and above 500Hz, to the total power of
the DTMF frequency pair”.

7.13



NM)I. S2559E/FIGIH

S$2559E, F, G and H Electrical Characteristics (Continued)

Symbol Parameter/Conditions (VD%;;, ss) Min. Typ. Max. Units
Oscillator Input/Qutput
I 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
I Output Source Current Vou=2.5V 3.0 0.13 0.31 mA
OH One Key Selected Vou=95V 10.0 0.42 11 mA
tSTART Oscillator Startup Time 3.5 2 5 ms
STA 10.0 0.25 ms
Cro Input/Output Capacitance 136% ig ij gg
Input Currents
Sink Current,
I VIL=30V (Pulldown)|  ** 16 ai
Sink Current,
| Row & VIL=10.0V (Pulldown)|  '*° M uA
Column Inputs Source Current,
I VIH=25V (Pullup)|  *° 210 uA
Source Current,
VIH=9.5V (Pullup) 10.0 740 uA
Source Current,
3.0 14 3.3
H
Input (S2559E,G) Source. Current,
VIH=3.0V (Pull-up) 100 18 46 HA
Source Current,
X 3.0 3.9 9.5
L N
Input (S2559F,H) Sink Current,
VIL=100V (Pulldovn)] 107 % 143 uA
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S$25089

Features

O

a
d
d

O

oog o 0O

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 TONE 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.

=
3.58MHz! 8
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Absolute Maximum Ratings:

DC SUPPLY Volbage (VDD -VSS) -« « ottt tetitet ittt ittt it et entitaneaneareateeneensaneeananaans +10.5V
Operating TempPerature . .. .....ou.tiu ittt ittt ettt eat e ateeiaaneaisannan —25°C to +70°C
Storage TemPETatUure . ... .....uuuuetnutin ettt ettt anaetaeeeaneeaneeaseenieeeninnnn —65°C to +150°C
Power Dissipation at 25°%C ... ... .t e i e i e i i 500mW
Input Volbage .. ..ot i e i e e e e e —0.6<ViN=<Vpp +0.6
Input/Output Current (except tone outPUL) .. ......vutntie ittt ittt 15mA
Tone QUEPUL CULTENE . . .o\ v ettt ettt ettt et ettt et ettt ettt ettt neae e enanss 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‘),lgiYSSS) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 2.5 — 10.0
Vop Non Tone Out Mode (AKD Outputs toggle
with key depressed) 16 - 10.0 v
Supply Current
Standby (No Key Selected, 3.0 — 1 20 uA
IpD Tone and AKD Outputs Unloaded) 10.0 — 5 100 A
Operating (One Key Selected, 3.0 — 9 1.25 mA
Tone and AKD Outputs Unloaded) 10.0 — 4.5 10.0 mA
Tone Output
Vor Dual Tone Row Rp,=10kQ 3.0 —11.0 —8.0 dBm
Mode Output | Tone Ry, =100kQ 3.5 —10.0 -17.0 dBm
dBcr Ratio of Column to Row Tone 2.5-10.0 2.4 2.7 3.0 dB
%DIS Distortion* 2.5-10.0 - - 10 %
NKD Tone Output—No Key Down —80 dBm
AKD Output
IoL Output On Sink Current T VoL=0.5V 3.0 0.5 1.0 — mA
Ion Output Off Leakage Current 10.00 1 10 uA
OSCILLATOR Input/Output
ToL One Key Selected VoL=0.5V 3.0 0.21 0.52 — mA
Output Sink Current VoL=0.5V 10.0 0.80 2.1 — mA
Ton Output Source Current Vou=2.5V 3.0 0.13 0.31 — mA
One Key Selected Vou=9.5V 10.0 0.42 1.1 - mA

*Distortion 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%l‘))i:;ss’ Min. Typ. Max. Units
OSCILLATOR Input/Output (Continued)
Oscillator Startup 3.0-10.0 — 9 5 ms
tSTART Time with Crystal as Specified
Cro Input/Output 3.0 — 12 16 pF
I Capacitance 10.0 - 10 14 pF
Row, Column and Chip Enable Inputs
ViL Input Voltage, Low — Vss E(XIS)S? \'%
. .8(Vpp -
A% Input Voltage, High -
IH nput Voltage, Hig —Vsg) VbD \
Ig Input Current Vig=0.0V 3.0 30 90 150 A
(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
3.568MHz TV crystal across the OSC; and OSCy termi-
nals to implement the oscillator function. The oscillator
functions whenever a row input is activated. The refer-
ence frequency is divided by 4 and then drives two sets of
programmable dividers, the high group and the low
group.

Crystal Specification

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

Frequency: 3.579545MHz +0.02%

RS 1009, LM =96mH

CM = 0.02pF CH = 5pF CL = 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

©

3o 7

OO~

O-0-0--0

COMMON
(CONNECT TO Vsg)

:

= = ———MECHANICAL

% b % G LINKAGE
Ron (Contact Resistance) = 1kS2

877250

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<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
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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.
VREF closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude VP (Vpp-Vggr) of the stair-step function is
fairly constant. Vygy is so chosen that VP falls within
the allowed range of the high group and low group tones.

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

Dual Tone Mode

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

Single Tone Mode

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

Inhibiting Single Tones

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

Chip Enable Input (CE, Pin 2)

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

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

ACTIVE OUTPUT FREQUENCY Hz | °%ERROR
INPUT SPECIFIED | ACTUAL | SEE NOTE
R1 697 699.1 +0.30
R2 770 766.2 —0.49
R3 852 847.4 —0.54
R4 941 948.0 +0.74
C1 1209 1215.9 +0.57
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
S$25089 is shown in Figure 4. It has the following
characteristics:

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

b) The temperature coefficient of Vg 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 Vgygr 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 500uA with voltage drop of 0.2V at a supp-
ly voltage of 3.5V.

Figure 4. Structure of the Reference Voltage
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Figure 5. Typical Single Tone Output Amplitude Vs Supply Voltage (R, =10k)
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Figure 6. AKD Output Structure
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Features

O

O

Wide Operating Supply Voltage Range:

3.0 to 10 Volts

Low Power CMOS Circuitry Allows Device
Power to be Derived Directly from the Tele-
phone Lines or from Small Batteries, e.g., 9V
Uses TV Crystal Standard (3.58 MHz) to Derive
all Frequencies thus Providing Very High
Accuracy and Stability

Timing Sequence for XMIT, REC MUTE
Outputs

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

The Total Harmonic Distortion is Below

Industry Specification

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

Dual Tone as Well as Single Tone Capability

Darlington Configuration Tone Qutput

DTMF TONE GENERATOR

General Description

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

Block Diagram Pin Configuration
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Absolute Maximum Ratings:

DC Supply Voltage (VDD — VSS) ««vvvvvrnnrteeetrennmunuunneeaetseetettetanentuiiiisssseteteeeesnens +10.5V
Operating TeMPErAtUIE ... ...uueteriunneeeunneeettnntetiaetttiiiiaetetueeesecsnntetaseennn. —25°C to +70°C
StOrage TEIMPETALUIE . ... ....uueeuueeerneenneeanoesneseneserstetneeeuossanemenstcettoseuneens —55°C to +125°C
Power Dissipation at 25°C .. ... tuuittnttiit e e 500mW
INPUL VOIEAZE ..o vnettiiiintiie ettt tte et e eteeieiattt it erataasaetastassnttacanenes —0.6<VINSVpD + 0.6
Input/Output Current (except tone OUEPUL) ... ...veeuneeeeett i 15mA
TOne OULPUL CUITENE ..t eunt et e ttae s ettt teeeuaeaansteesensetueesnasesesunseeasteestenseasctonteenns 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 (VDa;t‘s, ss) Min. . - Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 3.0 — 10.0 \'

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 — A\
Supply Current
Standby (No Key Selected, 3.0 — 0.001 0.3 mA
Tone and Mute Outputs Unloaded) 10.0 — 0.003 1.0 " mA

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

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

dBcRr 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

IoH Output Source Current Vou=1.2V 2.2 0.43 1.1 — mA

Voug=2.5V 3.0 1.3 3.1 — mA
Vor=29.5V 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 (VD?,O_“ZSS) 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 Output Source Current Vou = 2.5V 3.0 0.13 0.31 - mA
One Key Selected Vo =9.5V 10.0 0.42 1.1 - mA
Input Current
Iy, Leakage Sink Current ViL = 10.0V 10.0 - — 1.0 HA
One Key Selected ]
I Leakage Source Current Vig = 0.0V 10.0 — — 1.0 uA
One Key Selected
I, Sink Current Vi = 0.5V 3.0 24 58 — HA
No Key Selected Vi, =05V 10.0 27 66 - pA
t Oscillator 3.0 - 2 5 ms
START Time 10.0 - 0.25 0.75 ms
C Input/OQutput 3.0 — 12 16 pF
1o Capacitance 10.0 — 10 14 pF
Row, Column and Chip Enable Inputs
v Input Voltage, 3.0 - - 0.75 \
IL Low 10.0 - - 3.0 v
e Input Voltage, 3.0 2.4 — \%
IH High 10.0 7.0 — v
I Input Current Vig = 0.0V 3.0 20 60 100 uA
(Pull up) Vig = 0.0V 10.0 66 200 336 uA

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

§°_z

o T

COMMON
(CONNECT TO Vsg)

b

Ron (Contact Resistance) < 1kQ

——— MECHANICAL
LINKAGE

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 conneec-
ting a weighted resistor ladder network between the
outputs of the Johnson counter, Vpp and Vggp. Vygr
closely tracks Vpp over the operating voltage and
temperature range and therefore the peak-to-peak
amplitude VP (Vpp — Vgygp) of the stair-step function is
fairly constant. VRgp 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 82859

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
3 1477 1471.9 —0.35
C4 1633 1645.0 +0.73

MOTE: % ERROR DOES NOT INCLUDE OSCILLATOR DRIFT

Figure 2. Logic Interface for Keyboard

Inputs of the S2859
| [
e Voo Voo
! 14
Ry
13
Ry
12
Ry
N " R
L 5|  se8s
¢
4
| > )
N 5
L~ K
9 ¢
Gg
Vss Vss

L 6

G1THRU G8 ANY TYPE CMOS GATE
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Figure 3. Stairstep Waveform of the Digitally Synthesized Sinewave
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TIME SEGMENTS

The individual tones generated by the sinewave syn-
thesizer are then linearly added and drive a Darlington
NPN transistor connected as an emitter follower to
allow proper impedance transformation at the same time
preserving signal level.

Dual Tone Mode

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

Single Tone Mode

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

Chip Enable

The S2859 has a chip enable input at pin 15. The chip
enable for the 52859 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 100R, Lyy=96MHy
Cy=0.02pF Cy=5pF Cy,=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 +(Ve)2+. . +(Vy)2

Dist. =

V (V)2 + (V)2

where (Vq) . . . (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)24 (Vg)2+. . +(Vy)2

DISTyg = 20 log

V (VL2 + (Vi)
=10{log[(V12+. . (VN)2] —log[(VL)2 +(vg)2l}- - (@

Table 2. Truth Table

INPUTS - OQUTPUTS
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
MULTI KEY OTHER COMBINATIONS  OTHER COMBINATIONS 1 0 OPEN OPEN
NOTE 1 4 3 1 R+C A B
X DON'T CARE A: 16 (ROW FREQ) B: 16 (COL FREQ)

NOTE 1: THIS MODE IS USED FOR TEST PURPOSES ONLY. IT IS INITIATED BY CONNECTING ALL COLUMN INPUTS AND THREE OUT OF FOUR ROW INPUTS TO Vss.
THE ROW INPUT THAT IS CONNECTED TO Voo ROUTES THE CORRESPONDING 16 TIMES ROW FREQUENCY TO THE REC MUTE QUTPUT AND THE APPROPRIATE 16
TIMES COLUMN FREQUENCY (i.e., Ry SELECTS C, etc.) TO THE XMIT MUTE OUTPUT.
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Figure 4. Timing Diagram for (Vpp-Vgg)>3.5V Figure 5. Test Circuit for Distortion Measurement
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(EXTERNAL PULL-DOWN RESISTOR ASSUMED ON MUTE OUTPUTS)

An accurate way of measuring distortion is to plot a spec-
trum of the signal by using a spectrum analyzer (H-P type Figure 6. A Typical Spectrum Plot
3580A) and an X-Y plotter (H-P type 7046A). Individual .

extraneous and signal frequency components are then
noted and distortion is calculated by using the expression
(1) above. Figure 6 shows a spectrum plot of a typical
signal obtained from S2859 device operating from a fixed
supply of 4VDC and R, =100 in the test circuit of
Figure 5. Mathematical analysis of the spectrum shows
distortion to be —30dB (3.2%). For quick estimate of
distortion, a rule of thumb as outlined below can be used.

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

In a telephone application amplitude and distortion are FREQUENCY (KHz) ——3=
affected by several factors that are interdependent. For
detailed discussion of the telephone application and other
applications of the S2859 Tone Generator, refer to the

AMPLITUDE (dB) ——s-

applications note ‘‘Applications of Digital Tone DEVICE: 52859 R = 100Q

Generator.” TEMP: ROOM TEST CKT: FIGURE 5
(Vpp — Vss): 4V DC FIXED DUAL TONE: Ry, Cy

Ref. 1: Bell System Communications Technical Reference, PUB HORIZONTAL SCALE = 0.5KHz/DIV

47001, “Electrical Characteristics of Bell System Network VERTICAL SCALE  =10dB/DIV

Facilities at the Interface with Voiceband Ancillary and Data
Equipment,” August 1976.

7.27



AMERICAN MICROSYSTEMS, INC.

$2860

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

O 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
Specifically Designed for Electronic Telephone
Applications :

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

0 The Total Harmonic Distortion is Below
Industry Specification
O Dual Tone as Well as Single Tone Capability

DTMF TONE GENERATOR

General Description

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

Block Diagram

Pin Configuration

S v [
XTAL 7 > .
= OSCILLATOR =2 MUTE LOGIC r
"
ssomnr =3 ) -
INH
i [ia}] p” I Vo [] 1 16 [] TONE 0UT
= PROGRAMMASLE AKD
Az [13}«>] Row KEYBOARD DIVIDER 161, | J%f{‘u@?}fw . Rf:lllsnrgnn CE[] 2 15 [7] AKD
5 LOW GROUI — —
ffizfes oo - 160,145,132, 118 I COUNTER -.‘ NETWORK G 3 ULk
= P
fa i1 EN — —
i | Gl 4 B[R
§ L — | — b $2860
& E 1 whieir REF [ E 5 12 j Ry
€ | oo | GEN 1 _
I | e — Vss[| 6 "R
i [T} — ; = osei] 7 10 [] AKD
_ PROGRAMMABLE =
2 [aer  corumm OIVIDER 161, | J%f.’u“s%; | “L‘::f;é’n" 0SCo [T 8 9]¢
= Il P
€3 [5 b€ vB0ARD LOGIC A 1| counter NETWORK
& [T} ’ | | (5] TonE OUT
L J
12v
Vss 6 |——dFdf———> Voo
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Absolute Maximum Ratings:

DC Supply VOoItage (VDD —VSS) v v nntenntinettttie e taaesaettiaeetneeasersetettneeniesnanses +10.5V
Operating TeMPETAtUTE . ... ....ouuttntuneuntnetetaenaeneetateaenaetneenenaetaeiaenaerarinrnns —30°C to +70°C
Storage TeMPEIAtUIE ... ... .c.utuuintineu ittt e et tateaea e etaetna et etasaetasasns —55°C to +125°C

Power Dissipation at 25°C ... ... iutu it e 500mW
INPUL VOIEAEE ...ttt ittt e et ~0.6<ViN<Vpp + 0.6
Input/Output Current (except tone OUEPUL) .. ......oeuinti et e aeeeeens 15mA
Tone OULPUL CUITENE ... utt ettt ittt ettt et e e e e e et e e ettt et et ctnasaaestaosnses 50mA

Electrical Characteristics:

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

Symbol Parameter/Conditions ‘VDB;‘»‘ZSS) Min. Typ. Max. Units
Supply Voltage
Tone Out Mode (Valid Key Depressed) 3.0 — 10.0 \J

Vbp Non Tone Out Mode (AKD Outputs toggle 1.8 - \
with key depressed)

Vg, Internal Zener Diode Voltage, Iz = 5mA — — 12.0 — \4
Supply Current
Standby (No Key Selected, 3.5 — 1 20 nA
Tone and AKD Outputs Unloaded) 10.0 - 5 100 rA

Ipp Operating (One Key Selected, 3.5 - 9 1.25 mA
Tone and AKD Outputs Unloaded) 10.0 — 3.6 5 mA
Tone Output

Vor Dual Tone Row RL = 10k Q 3.5 305 350 412 mVrms
Mode Output Tone RL= 1k Q 3.5 272 350 412 mVrms

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

%DIS Distortion 3.0 -10.0 - - 10 %
AKD Outputs )

Ion Output Sink Current | voL=1v 35 | o1 1.0 — mA
OSCILLATOR Input/Output 7

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 Output Source Current Von = 2.5V 3.0 0.13 0.31 — mA
One Key Selected VoH = 9.5V 10.0 0.42 11 - mA
Input Current

IiL Leakage Sink Current ViL =10.0V 10.0 — - 1.0 A
One Key Selected

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

InL Sink Current VIL = 0.5V 3.0 24 | 58 - pA
No Key Selected ViL =05V 10.0 27 66 - pA

*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 (Vl)eo_l t‘s'SS' Min. Typ. Max. \ Units
OSCILLATOR Input/Qutput (Continued)
t Oscillator : 3.0 — 2 5 ms
START Time 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(VDD
Vi {‘no;;:’xt Voltage, Vgs—0.6 New v
\ , — 8(V —
Vir g;;?]t oltage —vgs]? Vpp+o06| Vv
ItH Input Current Vig = 0.0V 3.0 20 60 100 HA
(Pull up) Vig = 0.0V 10.0 66 200 336 A
Oscillator Figure 1. Standard Telephone Push Button Keyboard

The S2860 contains an oscillator circuit with the
necessary parasitic capacitances on chip so that it is only
necessary to connect a 10MQ feedback resistor and the
standard 3.58MHz TV crystal across the OSCI and OSCO
terminals to implement the oscillator function. The
oscillator functions whenever a row input is activated.
The reference frequency is divided by 2 and then drives
two sets of programmable dividers, the high group and
the low group.

Crystal Specification

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 100, Ly;=96MHY

Cym=0.02pF Cy; =5pF Cy,=12pF

Keyboard Interface

The S2860 can interface with either the standard
telephone pushbutton keyboard (see Figure 1) or an X-Y
keyboard with common. The common of the keyboard
must be connected to Vgg.

%Cz

i

(e OO0
&0k

dlo-0-0
50O

coMMON
(CONNECT TO Vsg)

:

«—0O—e
«O—¢
Sl

——— MECHANICAL

G LINKAGE

Ron (Contact Resistance) < 1k

Logic Interface

The S2860 can also interface with CMOS logic outputs
directly. (See Figure 2.) The S2860 requires active
“Low’’ logic levels. Low levels on a row and a column in-
put corresponds to a key closure. The pull-up resistors

present on the row and column inputs are in the range of
33k —150kQ .

Tone Generation
When a valid key closure is detected, the keyboard logic
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Tone Generation (Continued)

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

The individual tones generated by the sinewave synthe-
sizer are then linearly added and drive an NPN transis-
tor connected as an emitter follower to allow proper
impedance transformation at the same time preserving
signal level. This allows the device to drive varying
resistive loads without significant variation in tone
amplitude. For example, a load resistor change from
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
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.
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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 S2860
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Figure 3. Stairstep Waveform of the Digitally Synthesized Sinewave
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Reference Voltage

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

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

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

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

AKD (Any Key Down or Mute) Outputs

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

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

<
|o

AKD

(17kQ) Ry

6 PEAK TONE AMPLITUDE o (Vpp — Vref)

<
g

(24kQ) R2

R3(1kQ)

Vss
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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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

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

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

O 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

0 Mute and Dial Pulse Drivers on Chip

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

General Description

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

Block Diagram

KEYBOARD
INPUTS

KEYBOARD
INTERFACE

(P

20 DIGIT
MEMORY

L]
.
L]
O———>
HOOK  f=
I L —{

DIAL fo
RATE | G0 O— osc
0sC | Re O—

R/WPOINTER
LOGIC

L 1

CONTROL LOGIC

o

f————-0 WUt

DRSPS M/S

Pin Cenfiguration

N\

R[] 1 18] ¢
R[] 2 17[]¢
R[] 3 167 €
R[] 4 15[ 1pS
EE 5 $2560 14 g ORS
R[] 6 PULSE 13 Voo
G[] 7 DIALER 12 [ ws
R[] 8 11 [7] MUTE
[m ] 10 [ Vss
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Absolute Maximum Ratings:

0] o) 2V 0) Y- Y +5.56V
Operating Temperature Range ............ouiuiiiiiiiiiii ittt e ieanaaeeanens —25°C to +70°C
Storage Temperature Range ....... ...ttt ittt ittt —65°C to +150°C
Voltage at any Pin . ......eiuiiniiniiiiii ittt i et it i e Vgg —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10SEC) ... ....cuueruttntantint ittt itiit ettt eirraneaaaeaiesieansnas 300°C

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

Vop— V.
Symbol Parameter DD 7SS | Min, Max. Units Conditions
(Volts)
Output Current Levels
DP Output Low
IoLpP CurrentriSink) 3.5 125 uA Vour = 0.4V
I DP Output High 15 20 HA Vout = 1V
OHDP Current (Source) 3.5 125 HA Vour = 2.5V
I MUTE Output Low 3.5 125 A Vour = 0.4V
OLM Current (Sink)
I MUTE Output High 1.5 20 HA Vour = 1V
OHM Current (Source) 3.5 125 KA Vour = 2.5V
Tone Output Low
IOLT Current (gink) 1.5 20 )JA VOUT = 0.4V
Tone Output High
Lot Current (gource)g 15 20 A Vour = 1V
VDR Data Retention Voltage 1.0 v “On Hook” HS = Vpp. Keyboard open, all
Ipp Quiescent Current 1.0 750 nA other input pins to Vpp or Vgg
Ipp Operating Current 1.5 100 HA DP, MUTE open, HS = Vgg (“Off Hook”)
3.5 500 A 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 % T50kQ <SRE<5MQ
*300pF most desirable value for Cp
Input Voltage Levels
Vig Logical “1” 80% of Vpp v
(Vpp—Vsg)| +0.3
ViL Logical “0” Vss 20% of \4
—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 (Vgs< 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=750kQ and
CpD=270 pF. It is recommended that the tolerance of
resistors to be 5% and capacitor to be 1% to insure a
+10% tolerance of the dialing rate in the system.

Keyboard Interface (2560A)

The S2560A employs a scanning technique to determine
a key closure. This permits interface to a DPCT
keyboard with common connected to VDD (Figure 1),
logic interface (Figure 2) and interface to a SPST switch
matrix (Figure 7). A high level on the appropriate row
and column inputs constitutes a key closure for logic in-
terface. When using a SPST switch matrix, it is
necessary to add small capacitors (30 pF) from the col-
umn inputs to VSS to insure that the oscillator is shut
off after a key is released or after the dialing is complete.

OFF Hook Operation: The device is continuously
powered through a 150kQ resistor during Off hook
operation. The DP output is normally high and sources
base drive to transistor Q; to turn ON transistor Qs.
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
Q- 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-

7.36

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

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

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

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

Normal Dialing

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

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

Table 1. S2560A Pin/Function Descriptions

Pin Number Function
Keyboard 7 These are 4 row and 3 column inputs from the keyboard
(R1, Ry, Rg, Ry, Cq, Cy, Cs) 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-
putrates 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)

1

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 res1stors
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.
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Figure 1. Standard Telephone Pushbutton Keyboard
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Table 2. Table for Selecting Oscillator Component Values for Desired Dialing Rates and Inter-Digit Pauses

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

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

1920 960
((ff%zf;%))/ fq (£3/240) (£q/120) (fl_ x103> (Tf"los>
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

.. . 960

Inter-Digit Pause Selection IPS Vbp e s
Veg 19f20 s

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

On Hook/Off Hook HS VbD On Hook
Vss Off Hook

Note: fis the oscillator frequency and is determined as shown in Figure 5.
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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 Complete Pin Compatibility With S2560A Pulse
Dialer Allowing Easy Upgrading of Existing
Designs.

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

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

O Inexpensive R-C Oscillator Design With

Accuracy Better Than +5% Over Temperature
and Unit-Unit Variations.

$25610 SINGLE CHIP
REPERTORY DIALER

O Independent Select Inputs for Variation of Dial-
ing Rates (10pps/20pps), Mark/Space Ratio (334 -
66%4/40-60), Interdigit Pause (400ms/800ms).

O Can Interface With Inexpensive XY Matrix or Stan-
dard 2 of 7 Keyboard With Common.
Also Capable of Logic Interface (Active High).

O Mute and Pulse Drivers On Chip.

0O Call Disconnect by Pushing * and # Keys
Simultaneously. :

Block Diagram

Ry o——‘——-»
:
. .
4 O————————
KEYBOARD KEYBOARD
INPUTS WTERFACE [ |
o ] .
.
c . 22 DIGIT BUFFER
3 01
HOOK =
—_—
switch s *‘ ]
Fo o— < 10x18 DIGIT
DIAL X
RATE {Gho— osc | MEMORY
Reo—— t
————o0
CONTROL LOGIC
> [—0 MUTE

DRS IPS MIS

Pin Configuration

R[] 1 18] G
R[] 2 17[¢
R[] 3 1676
R[] 4 15 [] IPS
HS ] 5 $25610 14 [7] DRS
R[] 6 13 Vo
] 7 12 [ ms
R[] 8 11 [7] MUTE
P[] 9 10 [ Vss
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Absolute Maximum Ratings:

SUPPLY VOt .. eti ittt ettt ettt ettt e e +5.5V
Operating Temperature Range ..............ouiuiiiiiiiiiiiiiiiiiiii ittt i —25°C to +70°C
Storage Temperature Range ..........ouuiieiitentineineenneneraeaneruenneneeanerneeneeaeanenns —40°C to +125°C
Voltageat any Pin ...t Vgs —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10SEC) . ... .uuuutnt et eneeneennrueeneneenneneeaneneeeeeansenseneassassusesenns 300°C

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

Vop—V.
Symbol Parameter DD 7SS Min, Max. Units Conditions
(Volts)
Operating Voltage
Vpp Data Retention 1.0 v On Hook, (HS=Vpp)
Vpp Non Dialing State 1.5 3.5 v Off Hook, Oscillator Not Running
Vbp Dialing State 2.0 3.5 v Off Hook, Oscillator Running
Operating Current
Iy Data Retention 1.0 750 nA On Hook, (HS=Vpp)
Inp Non Dialing 1.5 10 kA Off Hook (HS=Vpp), Oscillator Not
Running, Outputs Not Loaded.
Inp Dialing 2.0 100 HA Off Hook, Oscillator Running, Outputs Not
' 3.5 500 uA Loaded -
Output Current Levels
D—P_Output Low -
PR Current, (Sink) 35 125 pA Vour = 0.4V
I DP Output High 1.5 20 A Vour =1V
OHDP Current (Source) 3.5 125 HA Vour = 2.5V
MUTE Output Low 3.5 125 uA Vour = 0.4V
ToLm ;
Current (Sink)
I MUTE Output High 1.5 20 HA Vour = 1V
OHM Current (Source) 35 125 uA Vour = 2.5V
fo Oscillator Frequency 1.5 10 kHz
Afo/fo Frequency Deviation 2.0 to -3 +3- % Fixed R-C oscillator components
2.75 50KQ< Rp<750KQ; 100pF< CD*< 1000pF;
2.75 -3 +3 % T50kQ<Rp<5MQ
to 3.5 : *300pF most desirable value for Cp
Input Voltage Levels )
Viu Logical “1” 80% of Vop v
' (Vop—Vss|  +0.3-
Vi Logical “0” Vss 20% of v
—0.3 |(Vpp—Vss
Cin Input Capacitance Any Pin 7.5 . pF
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Operating Characteristics

Normal Dialing

Off Hook, R

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

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

OffHook,, ,,

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

ete.

Repertory Dialing

Off Hook, m,

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

Redialing v

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

Functional Description

The pin function designations are outlined in Table 1.
Oscillator

The device contains an oscillator circuit that requires

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

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

Keyboard Interface (S25610)

The S25610 employs a scanning technique to determine a
key closure. This permits interface to a DPCT (Double
Pole Common Terminal) keyboard with- common con-
nected to Vpp (Figure 1), logic interface (Figure 2),or a
XY matrix. A high level on the appropriate row and col-
umn inputs constitutes a key closure for logic interface.

Off Hook Operations: The device is continuously
powered through a 150kQ resistor during off hook opera-
tion. The DP output is normally high and sources base
drive to transistor Q; to turn ON transistor Q. Tran-
sistor 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 this pulse break. The MUTE output also
goes low during dial pulsing allowing muting of the
receiver through transistors Q3 and Q4. The relationship
of dial pulse and mute outputs are shown in Figure 3.

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

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

The user can enter a number up to 22 digits long from a
standard 3X4 XY matrix keypad (Figure 1). It is also
possible to use a logic interface or a keyboard with com-
mon (Figure 2) for number entry. Antibounce protection
circuitry is provided on ch1p (min. 9ms) to prevent false
entry.

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

Normal Dialing

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

Redialing

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

case, the dial pulsing will stop and wili resume agaln only
after the user pushes the “#” key.

Repertory Dialing

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

Special Sequences

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

a. Normal dialing followed by repertory dialing

Off'hook,--- ----- E]

(wait for dialing to complete before pressing
star key)

b. Normal dialing after repertory dialing or redialing

Ot hook, [ #].[#]-----
or

(wait for dialing to complete before
pressing D1 key)

¢. Disconnecting call

Off hook, - - - - . ox#

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

d. Inhibiting future redialing of a normally dialed
number

Offhook, - [o] - (][]

(wait for dialing to complete before
pressing star key)

Pushing * key twice after normal dialing is completed in-
structs the device to clear the redial buffer.
e. To clear a memory location(s)

oo [ A D E-F D EE

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

The various operating characteristics are summarized in
Table 4.
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Figure 1. SPST Matrix Keyboard Arranged in a Row,

Column Format
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Table 1. S25610 Pin/Function Descriptions

Pin

Number

Function

Keyboard
(Ry, Ry, Rg, Ry, Cy, Cy, Cs)

Inter-Digit Pause Select (IPS)

Dial Rate Select (DRS)

Mark/Space (MS)

Mute Out (MUTE)

Dial Pulse Out (DP)

Dial Rate Oscillator

Hook Switch (HS)

Power (VDDv VSS)

7

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

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

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

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

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

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 Ry,
Rg and capacitor Cp to form an R-C oscillator that
generates the time base for the Key Pulser. The output
dialing rate and IDP are derived from this time base.

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

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

Dial Rate Osc. Freq. Rp Rg Cp Dial Rate (pps) IDP (ms)
Desired (Hz) (k<) (k<) PF)  ["DRS=Vgs | DRS=Vpp, | IPS=Vgs | IPS=Vpp
5.5/11 1320 5.5 11 1454 727
6/12 1440 6 12 1334 667
6.5/13 1560 6.5 13 1230 615
7/14 1680 Select components in the 7 14 1142 571
7.515 1800 ranges indicated in table of 75 15 1066 533
8/16 1920 electrical specifications. 8 16 1000 500
8.5/17 2040 8.5 17 942 471
9/18 2160 9 18 888 444
9.5/19 2280 9.5 19 842 421
10/20 2400 750 | 750 [ 270 10 20 800 400
1920 960
‘&(31//21‘;%))/ d (fa/240) (fa'120) T ¥ 103 X 103
Notes:

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

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

R3=470kR, R4, Rs=10kRQ, Ryg=47kQ

Rs, Rg =2k, Rz, Rg=30kQ, Ri; =209, 2W

Zy=3.9V, Dj—D4 = IN4004, Ds, Dg, D7 =IN914, Cy =15uF
Re = Rp = 750kQ, Cp=270pF, C,=0.01uF

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

Z,=1N5379 110V ZENER OR 2XIN4758
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Table 3

Function Pin Designation Input Logic Level Selection

Dial Rate Selection DRS Vss (£/240) pps
VDD (f/lzo) pps

Inter-Digit Pause Selection IPS Vbb @ s

1920

Vss f

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

OnHook/Off Hook s Vpbp On Hook
VSS Off hook

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

Figure 5. Repertory Dialer Circuit with Redial (Single Hook Switch Contact Application for PABX)
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’; 3 Ry l‘z * Ry
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o X a ¢ $25610
RR 1
’s RR Ra
N .
Rl
N 3 e 1
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Ry = 10-20MQ, Ry = 2kQ . e
R3 =470k, Ry, Rs=10kQ 0 2 s |
Rg, Re=2KQ, R7, Ry=30kQ . | s
Rig = 47kQ, Ry1 = 20Q, 2W .
Zy=3.9V, D;—Dy = IN4004 —o il I I
Ds, Dg, D7 =IN914, Cq = 15u4F
Re, Rp =750k, Cp=270pF
C2=0.01uF, Q4, Qs =2N5550
Q,, Q3 =2N5401
Z,=150V ZENER OR VARISTOR TYPE GE MOV150
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Table 4. Summary of Operating Characteristics

1) Normal Dialing: off hook

2) Inhibit Redialing: oitnook| [ o1] -~ [on] <------c--n- |Z| E

(wait for dialing to complete before pressing start key

3) Redialing: off hook | , | #

=] [=] [+]
E]
e

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

'

'

'
P=
o
o
S

5) Repertory Dialing: m ,E M """""" ,

(wait for dialing to complete before pressing # key)

6) Normal Dialing + Repeftory Dialing: , R I B E‘ , ,

(wait for dialing to complete before pressing star key)

7) Recall + Normal Dialing: 1#] [#] or e .-

(wait for dialing to complete before pressing D1 key)

8) Call Disconnect: R
9) Clear Memory Location(s): ,D,,,---E,,E,
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Features

[0 CMOS Process for Low Power Operation

[0 Operates Directly from Telephone Lines
with Simple Interface

O Also Capable of Logic Interface for
Non-Telephone Applications

O Provides a Tone Signal that Shifts Between
Two Predetermined Frequencies at
Approximately 16Hz to Closely Simulate
the Effects of the Telephone Bell

O Push-Pull Output Stage Allows Direct Drive,
Eliminating Capacitive Coupling and
Provides Increased Power Output

O 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

512Hz 8Hz 512Hz

Pin Configuration

DIAL PULSE

AMPLITUDE

2ms
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COUNTER
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i, © Mux
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oS¢ +4/+5

05CTy O—r]j

QUTPUT
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in Y o
AUTO Elm K 18],
O faNUAL O oo
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o H
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I oouty 0 ] 0uT
am[]e 1 [7] EN/RaTE
o 0UTH Vss [ 9 1wl Jen
|————O00ouTc

POE 1—__—__
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16H2

j vDI‘l
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onate®

VOLTAGE

THC O————{  SENSING
CIRCUIT
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zlzv!
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Absolute Maximum Ratings

Supply Voltage ..........cooviiiiiiiiiiiiin. ettt et e e h e ettt a e a et et s et et e b et e s aa et et eaetersanas +12.0V*
Operating Temperature RANGE ... ......outinttirtinttittiett ettt et eat et eaeaeneeeanreasenseaneneennens —25°C to +70°C
Storage Temperature RaNGe ... ... .....uiiuiiuiiititt ittt ttet it eateiteaneentaasenannaens —40°C to +125°C
Voltage at any Pin ....... e e e e e Vgs —0.3V to Vpp +0.3V
Lead Temperature (SoIAering, 10SEC) .. .. .....uuuututnteteten et tenenateneten e eeneteteaaaaenenenteeaeeneneneasenenens 300°C
*This device incorporates a 12V internal zener diode across the VDD to VSS pins. Do NOT a low ."mr d power supply directly

across the device unless the supply voltage can be maintained below 12V or current limited to <25mA.

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

Symbol | Parameter Min. Max. Units Conditions
Vps Operating Voltage (Vpp to Vgg) 8.0 12.0 A Ringing, THC pin open
Vps Operating Voltage 4.0 \% “‘Auto”’ mode, non-ringing
Ips Operating Current 500 A Non-ringing, Vpp =10V, THC pin open,
DI pin open or Vgg
Output Drive
IoHc Output Source Current 5 mA Vpp=10V, Voyr=8.75V
(OUTy, OUT( outputs)
Output Sink Current _ _
IoLc (OUTy, OUT outputs) 5 mA Vpp=10V, Voyr=0.75V
IouMm 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 (OUT}, output) 1 mA Vpp=10V, Voyr=0.75V
CMOS to CMOS
Viu 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
VOHR Output Logic “1” Level (Rate output)| 0.9 Vpp v Ip=10uA (Source)
VoLRr Output Logic “0” Level (Rate output) 0.5 \% Io=10uA (Sink)
Output Leakage Current 1 HA Vpp=10V, Voyr=0V
VOZ (OUTH, OUT) outputs in high 1 uA VDD=10V, VOUT= 10V
impedance state)
CiN Input Capacitance 7.5 pF Any pin
Afolfo Oscillator Frequency Deviation -5 +5 % Fixed RC component values 1IMQ < Ryj,
. Rti<5MQ;
> 100kQ< Ry, Rym < 750k®; 150pF < Cro,
Cto<3000pF; 330pF recommended value of Cyrq
and Cto, supply voltage varied from 9V +2V
(over temperature and unit-unit variations)
R Output Load Impedance Connected 600 ° Tone Frequency Range=300Hz to 3400Hz
LOAD | Across OUTy and OUT¢
Iig, I, | Leakage Current, Viy=Vpp or Vgg 100 nA Any input, except DI pin Vpp=10V
Vru POE Threshold Voltage 6.5 8 v
Vg Internal Zener Voltage 11 13 v Iz=5mA

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

7.53



AM

$2561/S2561/A1S2561C

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 V§g§ only the higher frequency continuous
tone is produced by using a fixed divider ratio of 4
and by disabling the shift operation.

Ring Signal Detection: In the following description it is
assumed that both the tone and rate oscillators are ad-
justed for a frequency of 5120 Hz. Ringing signal
(nominally 42 to 105 VAC, 20 Hz, 2 sec on/4 sec off duty
cycle) applied by the central office between the
telephone line pair is capacitively coupled to the tone
ringer circuitry as shown in Figure 2. Power for the
device is derived from the ringing signal itself by rec-
tification (diodes D1 thru D4) and zener diode clamping
(Z2). The signal is also applied to the EN input after
limiting and clamping by a resistor (Rg) 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
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Functional Description (Continued)

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

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

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

Table 1. S2561/S2561C Pin/Function Descriptions

consisting of buffers L, M, H and C. The load is con-
nected across pins Outyy and Outg (Figure 2). During
ringing, the Outyy and Outc 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;, Out(";‘) 4
Oscillators

Rate Ogcillator " " 3
(OSCRj, OSCRyy; OSCR)

These are the power supply pins. The device is designed to
operate over therange 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 Outy,
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, OSCTmy, OSCTy)

Threshold Control (THC)
Rate
Detector Inhibit (DI)

Single Frequency Select (§_FT§)

3 These pins are provided to connect external resistors RTj,
RTm and capacitor CTq to form an R-C oscillator from
which the tone signal is derived. With the oscillator adjus-
ted to 5120Hz, a tone signal with frequencies of 512Hz and
640Hz results. See Table 2 for components selection.

1 The internal threshold voltage is brought out to this pin
for modification in non-telephone applications. It should
be left open for telephone applications. For power supplies
less than 9V connect to Vpp.

1 This is an optional output for the S2561C version which
replaces the EN output. This is a 16Hz output that can be
used by external logic as shown in Figure 3-A to produce a
2sec on/4sec off waveform.

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

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

*Pinouts’of 8 pin S2561A package.

Table 2. Selection Chart for Oscillator Components and Output Frequencies

Tone/Rate Oscillator Oscillator Components
Frequency Ry Rm Co Rate Tone
(Hz) (k) 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 /fo

320 10/ 8
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Applications

Typical Telephone Application: Figure 2 shows the
schematic diagram of a typical telephone application for
the S2561 tone ringer circuit power is derived from the
telephone lines by the network formed by capacitor C;,
resistor Ry, diode bridge D; through Dy, and filter capa-
citor Cy. Cy is chosen to be large enough so as to insure
that the power supply ripple during ringing does not fall
below the internal threshold level (typ. 7.3 volts) and to
provide large enough decay time during the off period. A
typical value of C3 may be 47uF. C; and R, are chosen to
satisfy the Ringer Equivalence Number (REN) spcifica-
tion (REf. 1). For REN=1 the resistor should be a
mini-mum of 8.2kQ. It must be noted that the amount of
power that can be delivered to the load depends upon the
selection of C; and R;.

The device is enabled by limiting the incoming ring
signal through resistors 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 20009:8Q trans-
former. If “manual”’ mode is used, a potentiometer
may be inserted in series with the transformer primary
to provide volume control. If “‘automatic”’ mode is
used, resistors Ry, and R)\ can be chosen to provide
desired amplitude sequencing. Typically, signal power
Rroap

will be down 20 log [ ————— ] dB during the
RL + RLoap

L Rroap )
first ring, and down 20 log{———— | dB during
Rm + RLOAD

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 VpDD.
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 VpD. 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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for Auto Mode Operation
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Figure 1-A. Output Stage Connected

RL>Rm

Figure 1-B. Output Stage Connected
for Manual Mode Operation.
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Figure 2. Typical Telephone Application of the $2561 and $2561A
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Figure 3-A. Simulation of the Telephone Bell in Non- Telephone Applications.
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AMERICAN MICROSYSTEMS, INC.

S$2562

REPERTORY DIALER

Features
0 CMOS Process Achieves Low Power Operation Provides Better Than + 3% Accuracy Over Supply
O 8 or 16 Digit Number Capability Voltage, Temperature and Unit-Unit Variations
(Pin Programmable) and Allows Different Dialing Rates, IDP and
O Dial Pul 4 Mute Outout Tone Drive Timing by Changing the Time Base
Di se and Mute Outpu O Power Fail Detection
0 Tone Outputs Obtained by Interfacing with O BCD Output with Update for Number Display
Standard AMI S2559 Tone Generator Applications
[0 Two Selections of Dial Pulse Rate
[0 Two Selections of Inter-Digit Pause
O Memory Storage of 32 8-Digit Numbers or General Description
iiﬁ%ﬁ‘g‘lt gX‘L‘}I"e‘fs with Standard The S2562 Repertory Dialer is a CMOS integrated
circuit that can perform storing or retrieving, normal
O 16-Digit Memory for Input Buffering and for dialing, redialing or auto dialing and displaying of
Redial with Access Pause Capability one of several telephone numbers. It is intended to be
O Accepts the Standard Telephone DPCT used with the AMI standard S5101—256x4 RAM that
Keypad or SPST Switch X- Y Matrix functions as telephone number storage. With one
Keyboards; Also Capable of Logic Interface S5101 up to 32 8-digit or 16 16-digit numbers can
T . be stored. It can provide either dial pulses or DTMF
0 Ignores Multi Key Entries tones with the addition of the AMI S2559 tone
O Inexpensive, but Accurate R-C Oscillator Design generator for either the dial or tone line applications.
Data subject to change at any time without notice. These sheets transferred for information only.
Block Diagram . Pin Configuration
l -0 vss
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b, ] 2 3 [ NS
e ——om nolr  wp
0SCm O 0sC b, ] 4 31 [ s
0SCo O CE ] 5§ 36 [ HS
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Absolute Maximum Ratings:

SUPDLY Voltage . ..ottt it e e, 13.5V
Operating Supply Voltage Range (Vpp—Vgg) «.ovvveiniiiiiii i 3.5V to 7.5V
Operating Temperature Range ...........oouiiiiiiiiii i it iiiieennanee —25°C to +70°C
Storage Temperature Range ...........oiiiiiiiiniiiiiie it —40°C to +125°C
Voltageat any Pin ... e Vgg —0.3V to Vpp +0.3V
‘Lead Temperature (Soldering, 10SC) .. ...ttt e eee ettt ettt e ee e et eiieineeeeennnnnnnns 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 DP Output Sink Current 400 uA Vour=0.4V, Vpp=5V
Iogpp | DP Output Source Current 400 uA Vour=3.6V, Vpp=5V
ToLm MUTE Output Sink Current 400 uA Vour=0.4V, Vpp=5V
IoHM MUTE Output Source Current 400 uA Vouyr=3.6V, Vpp=5V
Iogpr | PF Output Source Current 100 .\ Vour=3.6V, Vpp=5V
CMOS to CMOS
ViL Logic “0” Input Voltage 1.5 \4 All inputs, Vpp=5V
Viu Logic “1” Input Voltage 3.5 A% All inputs, Vpp=5V
VoL Logic ““0”” Output Voltage 0.5 v All outputs except DP, MUTE,
PF, IO =- ].OMA, VDD =5V
Vou Logic “1” Output Voltage 4.5 A\ All outputs except DP, MUTE,

P—F, IO = —].OMA, VDD =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 KA Viv=VYpp, Vpp=5V
I1, Ity | Input Current All Other Pins 100 A Vin=Vsgs or Vpp, Vpp=5V
Ioz Output Current in High 1 HA Vpp=5V, Voyr=0V data
Impedance State outputs (D1-D4)
1 uA Vpp=5V, Voyr=5V
fo Oscillator Frequency 4 10 kHz Vpp =5V (min. duty cycle 30/70)
Afolfo Frequency Deviation -3 +3 %o Vpp — Vgg from 4.5V to 5.5V.

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

1IMQ < Ry < 5MQ~

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

Cin Input Capacitance, Any Pin 7.5 pF
VTRIP Supply Voltage at which PF_ 95 45 v
Output Goes Low : :

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

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

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

The S2562 can be programmed by means of the MODE
input for dual tone signaling applications as well. In this
mode, it can interface directly with the AMI standard
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

7.62

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 o

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.

2.

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
S52562.

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
S$5101 RAM's. External logic must be used to enable
the desired RAM corresponding to a desired address
location. The S2562 can drive up to 2 RAM’s without
the need of buffering address and data lines.

Keybounce Protection

When a key closure is detected by the S2562, an internal
timeout (4ms at fo=8kHz) is started. Any transitions
that occur during this timeout will reset the timer to
zero so that a key will only be accepted as valid after a
noise free timeout period. The key must remain closed
for an additional 16ms before released. Thus, the total
make time of the key must be at least 20ms. The key
must be released for at least 1ms before a new key is
activated. Any transitions occurring when the key is
released are ignored as long as the make time does not
exceed 4ms.

Improper Operating Sequence

The S2562 will enter a “‘halt’’ state if a proper operating

sequence is not followed. Examples of such sequences

are:

1. Off hook, “ST”, on hook

2. 2. Off hook, “*”’, on hook

3. Off hook, ‘“*”, unprogrammed loc.

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

5. Off hook with supply voltage less than 3.5 volts

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

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

hook or off hook condition. Figure 1 shows a scheme to

clear the halt state electronically.
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Table 1. Pin/Function Descriptions

Pin

Number

Function

Power (VDD, VSS)

Keyboard (R1-Rg, C1-Cg)

Number Length Select (NLS)
Mode Select (MODE)

Dial Rate Select (DRS)

Inter-Digit Pause Select (IPS)

Test Input (TEST)

Mute Output (MUTE)

Dial Pulse Output (DP)

Display Memory I/O Data (D1-D4)

12

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

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

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

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

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

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

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

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

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

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

Pin

Number

Function

Memory Enable (CE)

Memory Read/Write (R/W)

Tone Generator/Memory Address
(Ao-AT)

Hook Switch (HS)

Power Fail Detect (PF)

Oscillator (OSCj, OSCyy, OSCo)

40

This line controls the external memory operation.

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

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

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

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

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

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

Dial Rate | Osc. Freq.| Oscillator Com, ts . Tone Drive
Desired | fo Ry Ty Co | Dial Rate (PPS) IDP (ms) On/Off
(PPS) (Hz) (kQ) (k) (oF) |DRS=Vgg|DRS=Vpp|IPS=V¢g [IPS=Vpp Time (ms)
5.5/11 4400 TBD 5.5 11 1454 727 90/90
6/12 4800 220 6 12 1334 667 83.3/83.3
6.5/13 5200 190 6.5 13 1230 615 7777
7/14 5600 7 14 1142 571 71/71
7.5/15 6000 1000 300 7.5 15 1066 533 66.7/66.7
8/16 6400 8 16 1000 500 62.5/62.5
8.5/17 6800 TBD 8.5 17 942 471 59/59
9/18 7200 9 18 888 444 55.5/55.5
9.5/19 7600 9.5 19 842 421 52.6/52.6
10/20 8000 110 10 20 800 400 50/50
(fo/800/ fo f0/800 | fol400 |6400 x103|3200 x103| 400 x103/400 x103
(fo/400) fo fo fo fo

7.65



AMIL

$2562

Figure 1. Logic to Eliminate Halt Condition Due to Improper Sequencing.
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Figure 3. Logic Interface For the S2562
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G1 through G12 any CMOS type logic gates.
D through D12 DIODES type 1N 914. (Optional)

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

Figure 4. Example of Keypad Entry — Options
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877281 OPTION FOR 32, 8 DIGIT NUMBERS
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Function Pin Designation Input Logic Level Selection
Dial Rate Selection DRS \‘,'SSD o) ppe
Inter-Digit Pause Selection IPS \‘l;.st gigggg; 2
Test Input TEST \‘,’[S)SD strsrfallvll\?lccl)ile
Hook Switch HS ‘\,’le) on Hook
Mode Selection MODE \YSSD T](:))xilil Dp:ll:g*
Number Length Selection NLS \YSSD 186 ‘iililgf tss

*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

_ 7 L——
op | 1
| |
| I |
I ! | : ! [
:MARK. sPACE | I P HUN
I« 40+le— 60— ! G
|
—_—] P jae :

wE | 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

H e ew T, [ o s o
Ag— Ay [ [vauo fwauo] vauo [ [ vauo Jwvaun]
Ag—Ay — f

TONE GEN.
ouTPUT JV\/V\/l IV‘/V\/\—-I f JV\/V\/\
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 exceedsév%—u. In both the normal dialing or automatic
dialing mode tone will be output for a fixed duration of éﬁ' (50msec for fo = 8kHz).
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Figure 6. Typical Application of the $2562
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Table 4. Display Codes

L
&
&
2

O|lw|N||o|slwiNn—lo

Not Used

Not Used

# (Pause)

Not Used

Beginning of Number
Blank

alalalalalalalalo|lo|lolo|lo|ololo
sl a|lalo|olo|oln|a]lm|lm|o|o|olo
alalolola|m|lo|o|=w|—m|lo|ol=|—|o|lo
alol=m|lo|a|lola|lol=|o|=|o|=|o|=]o
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REPERTORY DIALER

Features General Description
O Specifically Designed for Telephone Line The S2563 is an improved version of the S2562 repertory
Powered Applications dialer and can replace the S2562 in existing applications
0 CMOS Process Achieves Low Power Operation using local power. It is however specifically designed for
O 8 or 16 Digit Number Capability applications that will only use telephone line power. To
(Pin Programmable) achieve this following changes were made to the S2562
O Dial Pulse and Mute Output design.
0 Tone Outputs Obtained by Interfacing With
Standard AMI S2559 Tone Generator a. PF output was replaced by a level reset input which
0 Two Selections of Dial Pulse Rate allows the device to be totally powered down in the
[0 Two Selections of Inter-Digit Pause on-hook state of the telephone.
O Two Selections of Mark/Space Ratio b. To reduce power consumption in the associated
[0 Memory Storage of 29 8-Digit Numbers or

16-Digit Numbers with Standard

AMI S5101 RAM

16-Digit Memory for Input Buffering and for

Redial with Access Pause Capability

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

O Can Use Standard 3x4 or 4x4 Keyboards

O Inexpensive, but Accurate R-C Oscillator Design

O BCD Output with Update for Single Digit Display

d

S5101 memory in the standby mode, the interface
was changed so that its CE, input rather than the
the CE, input is controlled by the device.

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

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

Block Diagram

Pin Configuration

1
I <O ¥ss O 2 NS
LATCH O CE 0[] 3 ws
o[ 4 [}
0SC; O W CE[] 5 PN
i W 6 oRs
°© WOTE[] 7 MODE
IPS O——>]
WS O—— > Ao RAM L0 DATA ] 8 Re
DRS O] P LATCH 5} DISPLAY Al e 328,
PIN O————— PLA —= 52563
5 O A A0 R
MODE O————>] s o REPERTORY
NLS O——>] "5 a1 B
Az DIALER
RAM ADDRESS A2 298,
TONE = o
A [j RESET
M Cs
A [
050, ] €
05ty [ [
ost [} [
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Absolute Maximum Ratings:

SUPPLY Voltage ...ttt e e e 6.0V
Operating Supply Voltage Range (Vpp—Vgg) «vvvnviiieniiiiiniiiiinn... e 2.0V — 55V
Operating Temperature Range .......... ..ot —25°Cto +70°C
Storage Temperature Range ......... ...ttt iiiininannn. —40°Cto +125°C
Voltage at any Pin . ... vnene it ee et ie et e et Vgs —0.3V to Vpp +0.3V
Lead Temperature (Soldering, 10S6C) ......ovuuiiuiiintiiii ittt ieii e naaaenaans 200°C

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

Symbol | Characteristics Min. Max. Units Conditions
Output Drive
IOLDP _DT’-Output Sink Current 400 }AA VOUT =04V, VDD =5V
Iogpp | DP Output Source Current 400 uA Vour=3.6V, Vpp=5V
ToLm MUTE Output Sink Current 400 uA Vouyr=0.4V, Vpp =5V
Tonm MUTE Output Source Current 400 uA Vour=3.6V, Vpp=5V
CMOS to CMOS
Vi, Logic “0”’ Input Voltage 30% Vpp \% All inputs
Viu Logic “‘1”” Input Voltage 70% Vpp \% All inputs
VoL Logic “0" Output Voltage 0.5 v ﬁg’?éﬁfo;;;gg ‘IIDP, MUTE,
Vou Logic ““1” Output Voltage 4.5 A% All outputs except DP, MUTE,

IO= —IOMA, VDD=5V

Current Levels

Ipp Quiescent Current 1.0 HA Standby,Vpp=1.5V
(Data Retention)
Ipp Operating Current 500 pA All valid input combinations, DP,
MUTE, outputs open
VDD =5V
Input Current _ _
Iin (keyboard inputs) 10 100 HA Vin=Vpp: Vpp=5V
IIL' IIH Input Current All Other Pins 10 /.4A VIN=VSS or VDD' VDD =5V
IOZ Output Current in High 10 /.lA VDD =5V, VOUT=0V data
Impedance State outputs (D1-D4)
10 MA VDD = 5V, VOUT =5V .
fo Oscillator Frequency 4 10 kHz Vpp =5V (min. duty cycle 30/70)
Afo/fo Frequency Deviation -3 +3 % Vpp — Vsg from 4.5V to 5.5V,

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

1MQ < Ry < 5MQ~

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

Cin Input Capacitance, Any Pin 7.5 pF

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

The S2563 is a CMOS controller designed for storing or
retrieving, normal dialing, redialing or auto dialing and
displaying of one of several telephone numbers. It is
intended to be used with the AMI standard S5101 256 4
RAM that functions as a telephone number storage. A
single S5101 RAM will store up to 29 8-digit or 16 16-digit
telephone numbers. The S2563 can be programmed to
work with either 8-digit or 16-digit numbers by means of
the Number Length Select (NLS) input.

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

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

The S2563 can also operate in the tone mode (MODE=
Vpp). In this mode, it can interface with the AMI stan-
dard S2559 Tone Generator to produce the required
DTMF signals. The tone on/off rate during an auto dial
operation in this mode is derived from the time base. For
the oscillator frequency of 8kHz, a tone drive rate of
50ms on, 50ms off is obtained. Different rates can be
implemented by adjusting the time base as desired. See
Tables 2 and 3 for the various combinations. In the tone
mode, the mute output is used to gate the tone generator
on and off. The 8 address lines that are normally used for
addressing the RAM are also used to address the tone
generator row, column inputs. Figure 6 shows a typical
system application.

The S2563 operates in the following modes:

Normal Dialing

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

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

Redialing

The last number entered is retained in the internal
memory and can be redialed by going in the normal mode
and depressing the “‘redial’”’ (RL) key. The RL keys are at
locations (R5, Cg) and (Rg3, C4). The number being redialed
out is-displayed as it is dialed out.

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

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

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

1. Push “store’”’ (ST) button.

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

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

Repertory Dialing }

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

1. Push the “ML” key.

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

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

Pause

Note that the out dialing in the repertory or redial opera-
tion continues unless an access pause is detected. The
outpulsing will stop and resume only when the user termi-
nates the access pause by pushing the “ML” key again.
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Program Modes (PIN= high, Reset=low)

Storing of a Telephone Number
into the External Memory

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

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

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

3. Push the “ST” key.

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

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

1. Push the “ML"” key.

2. Push the “ST” key.

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

4. Push the “ST” key.

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

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

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

Memory Expansion

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

Keybounce Protection

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

Keyboard Entry Options

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

Application Examples

Figures 6 and 8 respectively show the typical hookup
schematics for the local power and telephone line power
applications. Since power is available in the on-hook
state of the telephone, store and display operations can
be performed in this state for the local power application.
In the telephone line power application, however, the
device is put in the power-down mode to meet the on
hook telephone leakage current specifications (5uA max).
Store operation is performed in the off hook state by
either storing the number after it is dialed out or by put-
ting the device in the program mode by using a Prog/
Norm switch. In this mode numbers can be stored with-
out actually dialing them.
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Table 1. Pin/Function Descriptions

Pin

Number

Function

Power (VDDr Vss)

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

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

Inter-Digit Pause Select (IPS)

Mark/Space Ratio Select (M/S)
Mute Output (MUTE)
Dial Pulse Output (DP)

Display Memory I/O Data (D;-Dy)

Memory Enable (CE)
Memory Read/Write (R/W)

Tone Generator/Memory Address
(Ap-A7)

Program/Normal (P/N)

Reset

Oscillator (OSCj, OSCpy, OSCo)

12

40

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

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

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

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

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

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

.and 3.

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

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

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

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

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

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

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

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

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

These pins are provided to connect external resistors Ry, Ry; and
capacitor Cg to form an R-C oscillator that generates the time base
for the repertory dialer. The output dialing rate, tone drive rate and
IDP are derived from this time base.

7.74



AM

L

$2563

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

Dial Rate | Osc. Freq. Oscillator Components . Tone Drive
s fored . e P Co Dial Rate (PPS) IDP (ms) On/OIt
(PPS) (Hz) (kQ) (kQ) (pF) |DRS=Vgs|DRS=Vpp|IPS=Vgg | IPS=Vp, Time (ms)
5.5/11 4400 TBD 5.5 11 1454 727 90/90
6/12 4800 220 6 12 1334 667 83.3/83.3
6.5/13 5200 190 6.5 13 1230 615 1777
714 5600 7 14 1142 571 7171
7.5/15 6000 1000 300 7.5 15 1066 533 66.7/66.7
8/16 6400 8 16 1000 500 62.5/62.5
8.5/17 6800 TBD 8.5 17 942 471 59/59
9/18 7200 9 18 888 444 55.5/65.5
9.56/19 7600 9.5 19 842 421 52.6/52.6
10/20 8000 110 10 20 865 405 54/55.5
(fo/800/ fo fo/800 | fol400 |6400 x103 | 3200 x103 400 x10%/400 x10
(fo/400) fo fo fo fo
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Figure 1. Standard Telephone Pushbutton Keyboard

COMMON

(CONNECT TO Vpp OR
LEAVE FLOATING)

——— MECHANICAL
LINKAGE

RON (CONTACT RESISTANCE) < 1k2

Figure 2. SPST Matrix Keyboard Arranged in the 2 of 12 Row, Column Format
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Figure 3. Logic Interface For The S2563

Gy

Ry

¥ -~

4D

—D———DI—— 52562

G12 Dy2

KEYBOARD
INPUTS

Cg

G through G12 any CMOS type logic gates.
D1 through D12 DIODES type 1N 914. (Optional)

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

Figure 4. Example of Keypad Entry—Options
A. Using a Full Keyboard Provides Storage for
29-8 Digit Numbers

Cy [ C3 Ca Cs Cs

I

O & G By R

m E @ ‘1_?2“ @ Rz
OPTION FOR 15 1 1 |

16 DIGIT NUMBERS B | Ry

WM E
________ !

[ @ e

il "

OPTION FOR 29, é DIGIT NUMBERS

Figure 4B. Using a 4x4 Keyboard Provides
Storage for 15-16 Digit Numbers

Cq C, C3 Cy

E
—f

Ry

s & [=] [2]

g [=] [« [~
[=]2 [e] [=] [e]
Ek B [=]R

Rz

R4
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Table 3

Function

Pin Designation

Input Logic Level

Selection

. ) Vss (fo/800) pps
Dial Rate Selection DRS Voo (fo/400) pps
- ) Vop (3200/f0) S
Inter-Digit Pause Selection IPS Ves (6400/f0) S
. ' Vsg 33/67
Mark/Space Ratio Selection M/S Voo 40/60
— —— Voo Program
Program/Normal P/N Ves Normal
. V. Dial pulse
Mode Sel S
ode Selection MODE Voo Tone Drive*
. V. 8 digits
Numb SS
umber Length Selection NLS Vo 16 digits
Reset Reset Vss Normal Operation
Voo Power Down

*For tone mode also set DRS = Vgg, IPS = Vg and M/S = Vy.
Note: fo is the oscillator frequency and is determined as shown in Table 2.

—

—f IDP |

wE |

b

Figure 5A. Mute and Dial Pulse Output Timing Relationship

0P

&

MUTE

Huh e e,

Figure 5B. Mute and Tone Output Timing Relationship

]

T

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.

]

:l;::i; [ [vauo wvauo] vaue |

['vauo Jmwvaun]

7

dialing mode tone will be output for a fixed duration of éy%g

TONE GEN.
ouTPUT 'Vl/\/\/\—v' f
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 exueds%%—uA In both the normal dialing or automatic
(50msec for fo = 8kHz).
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Table 4. Connection Table for Different Applications
Application Pin Connect to: (See figure below)
Telephone Line Power P/N Program/Normal Switch
Reset Hook Switch
On Hook = Vpp
Off Hook = Vgg
Local Power P/N Hook Switch
On Hook = Program Mode (Vpp)
Off Hook = Normal Mode (Vgg)
Reset Hook Switch

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

Figure 6A. Local Power

v+ V-
?
I o |n
'1“F‘[' Vob  Vss
27 | peser
100k
v_
3 2563
<
Hookswitch. 470K ’35
l—o\v PIN

v—

Figure 6B. Telephone Line Power

v+ V-
Vo Lu Lo
HOOK SWITCH 3 470K Voo Vss
‘b

° 2 RESET
S2

v+

§2563
470K

36

$4
PROGRAM SWITCH

(OPEN TO PROGRAM,
NORMALLY CLOSED)

PIN
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Figure 7. Typical Application of the $2563
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Table 5. Display Codes

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

Table 6. Operating Sequences

1. NORMAL DIALING

P/N—>NORM, L
2. ENTERING ACCESS PAUSE

ACCESS PAUSE ENTERED BY PUSHING [#] DURING NORMAL DIALING
3. STORING OF A NUMBER AFTER DIALING

P/N=>NORM, [5] - 5] —WAIT FOR DIALING TO COMPLETE— [57] , [ic
(o] o [o] ]

4.  REDIALING
P/N—>NORM,
5.  OVERRIDING ACCESS PAUSE
ACCESS PAUSE IS OVERRIDEN BY PUSHING @ TO CONTINUE FURTHER DIALING DURING A REPERTORY OR REDIALING SEQUENCE.
6.  REPERTORY DIALING
P/N—NORM, @ ,@
7.  CASCADING NUMBERS IN REPERTORY DIALING
P/N—NORM, E' , —WAIT FOR DIALING TO COMPLETE— E] , @ — etc.
8.  STORING OF NUMBERS IN MEMORY

P/N—PROG, , @ , E] E — etc.
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NOTES:

1) Function keys E‘ , , EI \ E' and El also designate memory locations 15, 14, 12, 13 and 11 respectively. Number can be
stored in these locations by using the function keys as address keys in the appropriate sequence. To store a number in loc. 15 for example

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

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

P/N—NORM, E] @
Table 7. S2563 Memory Allocation )
8 DIGIT MODE 16 DIGIT MODE
Loc. ROW COL. MEM. ADDR. (HEX) MEM. ADDR. (HEX)
Dl D8 Dl D16
1 R1 C1 OF ... 08 1F 10
2 R1 C2 17 10 2F 20
3 R1 C3 1F 18 3F 30
4 R2 C1 27 20 4F 40
5 R2 C2 2F 28 5F 50
6 R2 C3 37 30 6F .. 60
7 R3 C1 3F 38 TF 70
8 R3 c2 . 40 8F 80
9 R3 C3 4F 48 9F 90
10 R4 C2 57 50 AF A0
1 R4 C3 5F 58 BF ... BO
12 R2 C4 67 60 CF Co
13 R4 C1 6F ... 68 DF .. DO
14 R3 C4 77 70 EF EO
15 R4 C4 F 77 FF o FO
16 R5 C4 87 80 OF ... . 00
17 R1 C5 8F 88
18 R2 C5 97 90
19 R3 C5 9F 98
20 R4 C5 A7 A0
21 R5 C5 AF A8
22 R1 C6 B7 ... BO
23 R2 C6 BF ... B8
24 R3 C6 C7 Co
25 R4 C6 CF C8
26 R5 C6 D7 DO
27 R6 C1 DF .. D8
28 R6 c2 E7 . EO
29 R6 C3 EF E8
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Figure 8A.
(e o o T T | e T e
Ag 1 L | J ] | 1
AM— T
Az — L
:a — |
4
As =
Agt
A7
bo — I 1 Iy
D4 n
D2 11
D3 11
STORE INTO MEMORY
8 DIGIT MODE
LOCATION 1 DATA=1
Figure 8B.
_ 1 | !
MU : | II
Ry L I
DP : T ]
' 1
| | |
! ! |
D3 B | _lr 1 :
D, | : :
D1 1 + +
Dg 1 : |
1 '
! |
A7L ' : l
Ag L " ! H
As | ! ! !
As | ' . !
" .
A3 —ll i :
Az f 1 + :
[ |
S py BUS | !
A4 l E :
ho [ ! 1
) ! )

RECALL FROM MEMORY
8 DIGIT MODE
LOCATION 1

7.83



AMI

$2563

Figure 8C.
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Figure 9. Typical Telephone Line Powered Repertory Dialer
(Number Stored Offhook After Dialing is Completed)
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AMERICAN MICROSYSTEMS, INC.

ADVANCED PRODUCT DESCRIPTION
RTDS2811

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

O
Software)

Simple Interconnect Via RS232 to Port Users
Terminal

Full Software Capability Including Assembler and
Editor

General Description

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

REAL-TIME DEVELOPMENT SYSTEM

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

Totally Self Contained (Internal Supply and Resident [J Internal 6800 Based Microcomputer May be Used as

Host Processor for S2811 Under Emulation

O Software Compatible with Software Simulator/
Assembler Program Package (SSPP2811)

operate as the host system. In the latter mode the system
can be totally self-contained using file based I/0, elimi-
nating the need to provide separate hardware for some
phases of the emulation process. The system can be set to
run continuously, conditionally, or step-by-step. In the
conditional mode the system can be set to halt at break-
points or on major flags (input, output, and overflow). The
complete status of the system is displayed each time exe-
cution is halted, including in the step-by-step mode. Pro-
grams and memory maps created using the emulator can
be used to generate the ROM mask for the S2811 by
AMIL

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

Features

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

[0 Written in ANSI Fortran IV for Maximum
Portability

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

[0 Available Internationally on National CSS Time-
sharing Service

General Description

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

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

SOFTWARE SIMULATOR/ASSEMBLER

PROGRAM PACKAGE

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

O Trace Buffer Allows Storage and Display of Status
of Previous 50 Instructions During Continuous

Operation

O Software Compatible with Real-Time Development
System (RTDS2811) ;

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

Software generated by the SSPP2811 is totally compati-
ble with the RTDS2811 Real-Time Development System,
allowing files to be transferred from one system to the
other without modification.
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S2811

Features

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

On-Chip 12-Bit Parallel Multiplier (One Cycle
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 Cycle Time)

Bus-Oriented Parallel 1/O for Easy
Microprocessor Interface

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

On-Chip Crystal Oscillator (20MHz) Circuit
Pre-Programmed Standard Parts Available

oo o o o o o

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
available. This is a fully compatible hardware emulator
with software assembler/disassembler and editor for
rapid program development and debugging. An S2811
assembler and software simulator program package
SSPP2811 is also available.

*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

ACCUMULATOR BUS

Pin Configuration

Serial
ol a2 i DATA MEMORY
Interface 'SCRATCHPAD (S) (8x16) VP _
o = ] , siC] 2807 Vi
16 f __DISPLACEMENT —»> LN ] 16 NOT USED[] 2 27[7] SIEN
o]1]2[3[a]5Te]7 M NOT USED[] 3 267
— ] ] T ICK
A RN vis muTiEn (4 JLI,: 0 - .
16 o 16 H RAM | ROM 16 (12x12) £ / o ] 25[] SOCK
s }('f:, )((112:) AcC nl s 24{7) SOEN
R ALTTERN ASU =1 Latch - D[] 6 S2811 23[5O
1 "B 1 o
wa u 16 - n,q 7 SPP 22[7] osg
— BASE  UDISPL  V DISPL M 0 o 28Pin 211 os
_ . A -Pin C
BT =5 [ o | 15 % 4 o
- 05[] 9 Package 20 [ F,
i (16) Ds[] 10 19 F
8 0[] 1 18 F
Dbus <<= 12 — . :
AW ] Fy
CONTROL 4 5 R (] st
PROCESSOR —"—W _
INTERFACE  Fbus (] msr:g'c‘mu 0SC. & Vss [ IE
CLOCK
CONTROL |-~ (256x17) GEN. [—O
MODE
INSTRUCTION [ INSTRUCTION LATCH
DECODE |- DECODE
o
Y
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Absolute Maximum Ratings

SUPDLY VOIbAZE . . . .ottt e e 7.0VDC
Operating Temperature Range .. ........uiiiiiiiiiiiiiiii ittt eiiieeennneeeennnnns 0°Cto +70°C
Storage Temperature Range . ...t it ittt —55°C to +125°C
Voltageat any Pin. ... . ..ottt e it e e Vgs —0.3 to Vg +0.3V
Lead Temperature (SOldering, 10 SEC.) . .. ..vvvtttttteeeeeeteeeeeenerrreeeeaeeeseeeereeeeeeenneeneans 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
Vg Input HIGH Logic “1” Voltage 2.0 Vec+0.3 v Vee=5.0V
ViL Input LOW Logic “0” Voltage —0.3 0.8 \% Voo =5.0V
Iin Input Logic Leakage Current 1.0 2.5 pAde | ViN=0V to 5.25V
Ci Input Capicitance 7.5 pF
Vou Output HIGH Voltage 2.4 v Ipoap=—100uA,
Vce=min,
CL = 30pF
VoL Output LOW Voltage 04 - V | Ippap=1.6mA,
. Vce=min,
CL=30pF
foLk Clock Frequency 5.0 20 MHz | Vge=5.0V
Pp Power Dissipation 1.2 W | Vge=5.0V
foLk(max) [ Maximum Clock Frequency MHz | Vge=5.0V
S2811-10 10
S2811-12 12
S2811-15 15
S2811 20

SPP Pin Function/Descriptions

Microprocessor Interface (16 pins)
D, through Dy (Input/Output) Bi-directional 8-bit data bus. Maximum load 1 TTL (See above).

F through F3 (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.
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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;, OSC, An external 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. All timings shown in this Product Description assume a 20MHz clock fre-
quency.

Vee Vss Power supply pins Voc=+5V, Vgg=0 volt (ground).

Note: Do not make connections to pins 2 and 3.

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,

. 1/0O and control circuits.

DU W

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

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.

Figure 1. S2811 Object Code Instruction Formats.

hs h2 h Ig Iy lo
SPP Instruction Format 0P2 oP1 OPERAND
SPP Addressing Modes |- 17 BITS »|
5 Bits 4 Bits 3 Bits 3 Bits 1 Bit 1 Bit
Offset Addressing (UV/US) 0P2 0P1 - 0, 0, ?:H\S, 0
Direct Addressing (D) 0P2 OP1 Address (OH) 1
Direct Transfer (DT) 0P2 OP1 Transfer Address (HH)
Literal (L) 0P2 Data Word (HHH)
Effective Address
Addressing Mode 1} VIS Multiplier Operands
uv (BAS)+04 | V=(BAS)+ 09 P=U.V
NOTE: O indicates an octal digit (3 bits) and us (BAS) + 0, S= 0y 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 (Fa'Fo)
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.EF Do not use.
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Figure 2. SPP Instruction Timing Diagram
la— 300ns* ———»

——INSTRUCTION (N— 1) |————— INSTRUCTION N ————f«——— INSTRUCTION (N+1) —

TIME SLOT ———| Ta | T |6 | Te | T2 | Ta | Ve | Ts [ Te | T | T2 | T | T |-—-
MULTIPLIER OPERATION [« (U1 Vu—+/5) %4 (Un, VN/S) >

N (N+1) N (N+2)
ACCESS ROM INSTR. >l > >

=== ! [“‘_""(NH) R
DECODE INSTR. fe—ny

SETUP RAM ADDR.

=
— -~
ACCESS RAM |<———>|

(N+1) (N+ 2)
INCREMENT PC fe—>{ "
CONDITIONAL PC CHANGE |~ —>{ -] —
SAMPLE RAM OUTPUT |~

(U, VNIS) (Un+1, VN +1/S)

LATCH MULTIPLIER | ?
OUTPUT (Un—2, VN —2IS) (Un—1, Vn-1/S) (Ux, VIS)
LATCH MULTIPLIER T T 1
INPUT (Un—1, Vn-1/5) (Un, VW/S) Un+1 YN+1/S)
ASU OPERATION a— ] s
ACCUMULATOR OPERATION = ]
WRITE INTO RAM fe——— |<———->1
LOAD REGISTERS n— H

EACH TIME SLOT=50ns™*
*ASSUMES 20MHz CLOCK FREQUENCY "

Figure 3. SPP Interface Environment Figure 4. Loading BASE and INDEX Registers
and LOOP and PROGRAM Counters
alllal
SERIAL BUS . ACCUMULATOR BUS BITS
e =T »
<~ —+ 5(14|13|122|11 (10| 9|87 |6|5[4|[3]2)1]0
| ! x| L
———--
s c__' o LOADS BASE REG. L0ADS Lll)OP CTR.
- (LIBL, LABV) (LIBL, LALY)
LOADS 5 LSBs OF
INDEX REG. LOADS 2 MSBs OF LOADS PROGRAM
(LAXY) INDEX REG. CTR. (JMUI)
CLOCK ::) ROM (LAXV)
NOTE: USED IN BLK
|] MODE ONLY
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Figure 5A. SPP to 6800 Interface

6800

s----¢ 8 3 13

Fo

Fy (INPUT ONLY)

F2

F3

ADDRESS
:CODE

H

4K7¥

IE (INPUT ONLY)

+Vee
$2811

iR (OPEN DRAIN)

PULL-UP

RW (NPT ONLY)

T (INPUT ONLY)

(BH-DIRECTIONAL
TRI-STATE INPUT/OUTPUT)

[

Figure 5B.
£
SIcK cLocK
v 14
STROBE * wLAW
SIEN GENERATOR e ANALOB
LoGic 53501
s2811
so
SOCK ; cLocK
STROBE * wLAW
SOEN GENERATOR e ANALOG
$3502
———
Note 1. ulaw - linear conversion is performed by the SPP soft-
ware.
*Note 2. The input and output clocks and strobe generators may
be realized with two (2) CMOS packages.

Figure 5C. SPP Serial Port to PCM BUS Interface

REC. SYNC
s INPUT
< DATA BUS
SicK | ; cLOCK
dktot ANALL
SIEN WITH ILTER  [© oUT
$3502
$2811
50 - o OUTPUT
- DATA BUS
SOCK fee { cLOCK
ehitoben ANALOG
SOEN > WIHFLTER [° W
53501
_— TRANS. SYNC
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Figure 5D. SPP Serial Interface Timing

SERIAL INPUT

S I P Y o 6
SIEN ] . J I

SIGN MSB LSB

O TGl elsTalsl -= Twlwl___-__[ilz]

1. SIEN MUST BE SYNCHRONIZED TO THE FALLING EDGE OF SICK SUCH THAT THE RISE AND FALL OF SIEN FOLLOW
FALLING EDGE OF SICK.

2. DATA MAY CONTAIN 1 70 16 BITS DEFINED BY WIDTH OF SIEN. SPP WILL LEFT JUSTIFY DATA WORDS 16 BITS.
3. DATA ARE SAMPLED ON THE TRAILING EDGE OF SICK.

4. MINIMUM 16 SICK PULSES + 64 CYCLES OF $2815 OSCILLATOR ARE REQUIRED BETWEEN SIEN RISING EDGES.
§. IF SERIAL INPUT BUFFER IS FULL, SPP WILL IGNORE NEW INPUT SAMPLES.

6. THE SERIAL DATA IS INVERTED AND MAY BE EITHER IN SIGN + MAGNITUDE OR TW0'S COMPLEMENT CODE.

SERIAL OUTPUT

e apipipipininin s nisinlinliy

SOEN | I
SIGN  MSB LsB

DATA) —— o o B8

(sg)__ﬂll__l‘I[ZlSIJISl—— [15 ] 18 HZ

. RISE AND FALL OF SOEN MUST FOLLOW FALLING EDGE OF SOCK.
. OUTPUT DATA WILL BE 1 TO 16 BITS DEFINED BY WIDTH OF SOEN.

. DATA ARE VALID FROM RISING EDGE TO RISING EDGE OF SOCK SO THAT THE RECEIVING SYSTEM CAN SAMPLE
DATA ON TRAILING EDGE.

. MINIMUM 16 SOCK PULSES + 64 CYCLES OF $2815 OSCILLATOR ARE REQUIRED BETWEEN SOEN RISING EDGES.
. IF THE SERIAL OUTPUT BUFFER IS EMPTY, ALL ONES WILL BE OUTPUT.

. 80 WILL BE IN A HIGH IMPEDANCE STATE WHEN NOT ENABLED BY SERIAL OUTPUT SEQUENCE.

. THE SERIAL DATA IS INVERTED AND MAYBE EITHER IN SIGN + MAGNITUDE OR TWO'S COMPLEMENT CODE.

w N

~ o o a

Figure 5E. SPP Parallel Interface Timing

CONTROL MODE SETUP PARALLEL WRITE

DUH OR DLH

Fufs X VALID CODE X: Fofs X
le

350nsec ™
- | (MIN.)
f—\—n j' / \

_____ — _
PARALLEL READ Doty _"1”" _ _l_ m ———

Fo-F3 X DUH OR DLH

| |
Dg:D; HZ ! VALID T sonn] b5 mec
UTRUT — — — ———7T 1 wlﬁ‘(u
1 50nsec Tamn = ~  nsec
E | (MIN.) foux
C T2 WHERE fcix IS IN MHz

NOTE: ALL TIMES SHOWN ARE MINIMUM AND MUST BE INCREASED PROPORTIONALLY
WHEN USING REDUCED SPECIFICATION PARTS AS FOLLOWS:
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Table 2. SPP Instruction Set

OP1 Instructions

Type

Mnemonic

Hex Code
111-18

Address Modes

Operations

Description

No Operation

NOP

0

None

No OPeration

Accumulator
Operations

ASB
NEG

SHR

SGV

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
AvVZ

AVA

AUV

uv/us
uv/us, D

uv/us, D

uv/us

(U)+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

SvVu

uv/us, D

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

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—(A)—A

(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.

7.94



AM

lQ

S2811

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, D (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 Load Accumulator to Loop counter and RAM location V/S.
See 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 UVv/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.
This is the basic data input instruction. Clears input flag
(LOW).
TVPY 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—1X INcrement the IndeX register.

Manipulation DECB OF .- (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 JMUL 1 uv/us, D [(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 18 DT 3\';'(;{; a'sf (A) JUMP to location specified if accc‘umulator Overflows as a
S result of previous instruction. Clears overflow flag.
JMIF 1C DT HH—PC if IF=0  JyMp if Input Flag is low to location specified (Note 4).
. IRQ line will be set low if the SRI mode is not set.
JMOF 10 o1 gl'j:';c it JuMp if Output Flag is high to location specified (Note 4).

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.

7.95



- AMIL

S2811

Table 3. SPP Instruction Set
OP2 Instructions (Continued)

Hex Code
Type Mnemonic 116-112 Address Modes  Operations Description
Complex Jeot 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) + 1=I1X
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
TVIB 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) it LC#0. Loop Counter is decremented when REPT is exe-
(LC)—1—>LC cuted, so that number of repeats is equal to original value
(each iteration of LC.
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 LABYV, 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 dualtracking 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 IRQ 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) ched into the chip when the BLK mode is set up, elimin-
before setting the SPP into the BLK mode. The last ating the need to control this line when the block transfer
address will depend on the number of word transfers exe- is being done under the direct control of the host pro-
cuted. Note that the address following Base 31, Displace- cessor. When using a microprocessor to execute the block

ment 3 is Base 0, Displacement 0. This allows the contin- read it will normally be advantageous to set the interrupt
uous transfer of any number of words to be executed, mask.
starting at any address. The status of the R/W line is lat-

Figure 6A. Block Read Sequencel/Timing

WORD TRANSFER PERIOD.
IRQ
Hi-Z Hi-Z
T T T
TIME 350 350 [1001100|100| 350 |1on|1nn|L_|
(nsec.) f |

OPTIMUM SAMPLING INSTANTS. NOTE: TIMES SHOWN ARE MINIMUM TIMES T ? *=0UTPUT DATA VALID. T T

Figure 6B. Block Write Sequencel/Timing

WORD TRANSFER PERIOD.

iRQ

Hi-Z (NOT ACTIVATED)

T
e, 220 ‘\uolmoi\oo’mo, a%0 1oufwnl1ool
’ I T T T T 1 T 1

NOTE: TIMES SHOWN ARE MINIMUM TIMES AND ASSUME . ’ ' l I | |
20MHz CLOCK FREQUENCY. ALL TIMES MUST BE INCREAS-

ED PROPORTIONALLY WHEN USING REDUCED SPECIFICATION *=TIME AT WHICH DATA MUST BE VALID.

PARTS. SEE FIGURE 5E FOR DEFINITION OF T4.
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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 1E
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-Dy), 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

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 IE 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 IRQ line. The IRQ 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, if this occurs within 250nsec of the start of state 8.
If the TE line is allowed to remain high beyond the end of
the execution cycle (as shown in Figure 7A) then states 1
and 2 will be skipped internally and the first falling edge
of TE will take the state machine directly into state 3 as
shown. 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 I/O exist in the XRM mode,
but there are constraints on the handling of parallel
1/0 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
operator) or has output data ready (caused by the exe-

Figure 7A. Block Transfer Timing/Sequence

E

W

T T Lhh T T
TIME (nsec) 50| 50 350 50150/ 50 | 50 350
STATE # 2] 3 4151617 8/1/2 3

XA @

NOTES: X =DON'T CARE

D-BUS X X PC (OUTPUT) X

CODE XRM NEED ONLY APPEAR ON THE F-BUS IN THE FIRST CYCLE

THE FIRST PC OUTPUT WILL NOT NECESSARILY BE VALID ’
TIMES SHOWN ARE MINIMUM TIMES AND ASSUME 20MHz CLOCK FREQUENCY. ALL TIMES MUST BE INCREASED
PROPORTIONALLY WHEN USING REDUCED SPECIFICATION PARTS

USE CLR OR RST TO STOP XRM OPERATION. SEE FIGURE 5E FOR DEFINITION OF T4 AND T,

X PC (OUTPUT)
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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 cause the state machine to
go into state 1 by taking the TE line low within 250nsec
of the start of state 8 in the next cycle as shown in
Figure 7B. 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 TE 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 TIE taking the state
machine into State 2.

Figure 7B. Data Transfer During XRM Operation
T

>350
T2 T
TIME (nsec) <250 | 100 50 I 350
STATE# 8 I 1 2|
2T,
o XXX
D-BUS

m PC (OUTPUT)

NOTE: TIMES SHOWN ARE MINIMUM TIMES AND ASSUME 20MHz
CLOCK FREQUENCY. THEY MUST BE INCREASED PROPOR-
TIONALLY WHEN USING REDUCED SPECIFICATION PARTS.
SEE FIGURE SE FOR DEFINITIONS OF Ty AND T,

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

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
. 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

e

Table 4. OP1, OP2 Code Cross-Compatibility Table

0P1—>
0P2 +

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

Addition

NOP
ABS
NEG
SHR
SGV
AUZ
Avz
A
AUV
SV
SvVu
APZ
P

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

JMUL

—_
—_
—_
—_
-
—_
—_

—_

—

Conditional Branch Instructions

JMCD

JMPZ

JMPN

JMPO

JMIF

JMOF

XX IX|Ix|I>x]|>x
XX [X|IX|X|Xx
XXX |X|[X|Xx

Subroutine Instructions

JMSR

SN[ > |X X [>x]|>X]|Xx
ST XXX [>X|X|>x
DX X[ XXX ]|X|Xx
S I XX [ XXX
ST XXX |>x|>|Xx

>
>
>

S| XX X[ XXX
SC X I>X|>x[>]|>x|Xx

RETN

Complex Instructions

JCDT

>
>

X[X]X|X| X

>

>

>

JCD!

XXX XXX X X

MODE

See note 3

REPT

HERERERNEREREN

7.100



AMI

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 Wy, ; and W,,.o. 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,.1 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 |IR Digital Filter Section B. Computation Process

% + b

+ Yo Input Samples X(n) - - -, X(n.z), X(n.1),

0 - Intermediate
Results W(n) - - -,

I3 | +
/l‘] Ve by Output Samples Y(n) - - - ,Y(n.2), Y(n-1)s @ .

/
\

Sampling Instants - - - - - Aoy o1y thc---

C. Digital Filter Equations

Wp=Xp+ a1 Wp.1)+ a2 W2

W I/ Yn=Wp+by W(n.1)+ by W(n,z) )

Figure 9. Digital Filter Subroutine

LINE#  LABEL 0P1 0P2 OPERAND COMMENTS

0 DF NOP NOOP UV 4,0 ; 2y, Wpq—MULT. ACC=X,

1 APA NOOP uv 5,1 i ay, Woo—>MULT. X,+ a,—~ACC

2 APA TACV uv 6,0 ;o by, Wo=MULT. W= X, +ay, Wy +ap Wio—~ACC
ACC—V 0 replace Wy
Wn.1_’VP

3 APA TVPY uv 7.1 ;o by, Wpp—MULT. W, +Db W,.4—~ACC
Wp.1—V 1 replaces Wy.o

4 APA RETN - i Yp=W,+by Wy+by W,.,~ACC

Return to main program

Figure 10. Memory Maps for the Digital Filter

DI:PL BASE=N

0 Wh-1 Wq . Wy Wiy
1 Wi ' Wo. Wi.q Wp.q
2 — — — —
3 — — — —
4 a4 - ay - ay - a4
5 ap ap a a
6 by by by by
7 by b, : by by
Initial Eﬁd of line 2 End of line 3 Final
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Figure 11A. Main Program Instructions for a Sixth Order Filter

LABEL 0P1 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
) 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__y,. 0 1 2 -
DISPL

‘ 0 [Woem-1y | Wagn-1y | Wogn-n
1 Won-2) | Win-2)y | Worn-2)
2 —
3 J—
4] a0 ayq ap
5| ap2 as az
6| bos by D21
7| b2 b1z 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 ; a9, Wy,_o—~ACC

TACV UV6,0;b;, W,—;—~MULT.
. Wn=Xn+a1 Wn_1+32
Wn_2_>ACC
- ACC—VO (replace W;,_;)
Wy=1—(VP)
TVPV UV7,1;b,, Wy—o~MULT.
Wn + b1 Wn_l_’ACC
W,—1—>V(1) (replaces W,,_o)
;Yn=Wn+b1 Wn—l +b2
Wn_z_’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 UV6,0;

3 APA TVPV UV71;

4 APA TACV US—0;Y,=W,+b; W,_;+bg
W,_,—>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’=% is assumed
to be in the accumulator at the beginning of the sub-
routine. In a practical application the control processor
can enter ’ 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 £ and then adding the result to itself. In any event

1t is assumed that /=% 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.
- sinAwSAw
cosAw=1

sinw=sin (®+Aw)=sind cosAw+ cosd sinAw

sinw +Aw cosw
cosw=cos (&+ Aw)=cosd cosAw-sind sinAw

2cosd-Aw sind
w represents the nearest quantized value to w. In the
subroutine the quantized value is obtained by trun-

cating 2|w’| = (%I 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. wqg is loaded in the index register. Use of
SWAP command allows the index register to access the
appropnate b}‘ock of data memory corresponding to wg-
Sind and cose 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

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
[V2a—|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 sin® 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.
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Figure 12. SINCOS Subroutine

SINCOS Routine

LINE# LABEL 0P1 oP2 OPERAND COMMENTS
0 SC NOP TACV us—-.0 ;o w' =% 50, ACC
1 ABS SWAP -- ©; |w’| =ACC, SWAP roles of base and index
2 SVA NOOP D00.6 i V2-lew’| =ACC
3 NOP TACV us-,1 ; Ve-lw!/| =ACC
4 AVA NOoP Us- 1 ;. S(1)+ACC —ACC=(1-2|w’|)
5 ABS NOOP - i 1-2lw’[)] —ACC
6 SVA NOOP D01.6 7 2lw’| —ACC
7 NOP LAXV Us-,2 o 2]w’| =>S(2). & —ACC, IX. &= quantized value cor-
responding to w
8 SVA TACV Us-,2 o 2lw’|-8& =2Aw’ —ACC, S(2)
9 AVA NOOP us-,2 ; S(2)+ACC= —ACC(4Aw’)
10 NOP NOOP D02.6 ; ﬁ— 4Aw’ —MULT.
1 APZ TACV us-,2 ; mAw’ —ACC, $(2) (nAw’ = Aw)
12 NOP NOOP UsS(4,2) : sin®, Aw —~MULT. Index register contents @& point to
sind in displacement 4 of the appropriate block.
13 SPU TACV US(5,2) ; Awsjnc’b ~ 08 = 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).
sino —>S5(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 [V2-|w’|] to cosw and store result in
S(1). cosw —>S(1)
18 AVZ RETN Us-,2 7 w/=% —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
T
K sin(0) s_'"s‘lzﬁw") sln%‘r'z’-r
CoS(Z.
ROM =
— 12 1 n
BASE !
X (16 | — 0 1 2 16wy 15 | 16 | [ a1
- 0 1 2 w 15
“ 16 16 - 16

wg=2]07 =2(|%|)=% 16 ] Sin(%wq)=sin(—72£'§- 16 |)=siu$:

Figure 13B. Graphical Angle Transformation Process

7 Aw 1
A < [] +1 7 [ 20w o
o 3 e
> -%
® - w= - 2|w'|
Figure 13C. Table for Computing Sign of sinw, cosw
QUARDRANTS
1 2 3 4
Range of w 0—7/2 T/2—m —r——7/2 -w/2-0
Range of o’ 02 Vo1 1= -2 =0
Range of [2-|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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Features

0

[

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

Performs 32 Complex Point Forward or Inverse
FFT in 1.3msec, Using Decimation in Frequency

(DIF)

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

All Data I/0 Carried Out on Microprocessor Data
Bus

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

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

Optional Power Spectrum Computation

FAST FOURIER TRANSFORMER

General Description

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

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

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

Block Diagram: Minimum System Configuration

$6802
iz 53 MPU
- NMI 1RQ

20

MHz
L
§2814A
g FFT

‘ @
56846
ROM-V0-TIMER

=

T0 VO CIRCUITRY, e.g. ADC & DAC

ADDRESS BUS

ol

Pin Configuration
A4
NOT USED [] 1 28 [ Vee
NOT USED (] 2 27 [7] NOT USED
NOT USED [] 3 26 [7] NOT USED
(0, 4 25 [7] NOT USED
0.[] s 24 [7] NOT USED
0, ] 6 23 [] NOT USED
et 4 :’ O 7 528100 2P
W 8 g 2 [00SG
0] 9 20 []Fp
o5 (] 10 19 [ F1 | conTroL
0 O] 11 we |
RW [ 12 17[JF
IR0 |: 13 16 [ RST
Vs q 1 15 [ E
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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/0, and calls the routines in the
S2814A to cause the FFT to be executed. The S2814A
responds to the microprocessor with the TRQ line when
the processing of each routine is completed. In the case
of a 32 point transform this signifies the completion of
the transform, and in larger transforms it signifies
that the microprocessor should unload the output
data, load the next input data and call the next routine
to be executed. The data is stored externally in RAM.
Input data to be transformed is loaded into displace-

Absolute Maximum Ratings

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

Supply Voltage ......c.c.ooeiiiiiiiiiiiiiiiiiiian,
Operating Temperature Range .......................
Storage Temperature Range .........................
Voltageatany Pin .............ccciiieiiiinnnnnnn.
Lead Temperature (soldering, 10sec.) .................

7.0VDC
0°Cto +70°C
—55°C to +125°C

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

Electrical Specifications (Voo =5.0V+5%; Vgg=0V, Tp =0°C to 70°C unless otherwise specified)

Symbol Parameter Min. Typ. Max. Units | Conditions
Vi Input High Logic “1”’ Voltage 2.0 Vece+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 ' uA Vin=0V to 5.25V
Cy Input Capacitance 7.5 pF
Vou Output HIGH Voltage 2.4 A% ILoap =,_ 10044,
VCC =min, CL = 30pF
VoL Output LOW Voltage 0.4 A% ILoap =.1.6mA,
Vec=min, C,=30pF
foLk Maximum Clock Frequency MHz | Vgo=5.0V
(max) S2814A-10 10
S2814A-12 12
S2814A-15 15
S2814A 20
Pp Power Dissipation 1.2 W | Voe=5.0V
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S2814A Pin Functions/Descriptions

Function

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

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

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

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

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

Pin Number
Dy-D; 411
Fy-F3 20-17
used to control the S2814A.
1E 15
decode logic.
R/W 12
) when LOW data may be written into the S2814.
1IRQ 13
completed the execution of a routine and output data is available.
RST 16
counter, and all control functions cleared.
0SC;, 0SC, 22,21
Product Description assume a 20MHz clock frequency.
Vee 28 Positive power supply connection.
Vgs 14

Negative power supply connection. Normally connected to ground.

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

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

Functional Description

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

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

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

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

A. Routine Lacations in Instruction Memory

C. Control Functions

B. Data Memory Map )
(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 wse o3 |} wworo 1%
04 ENTRY PT. ““FFT32" ROUTINE 01 &| ASTEP COEFFICIENT
D3 ENTRY PT. *‘COMPAS'" ROUTINE 2 \@||z| N g
03| |=|{| S| som =< ROM
EA ENTRY PT. ““SCALE"" ROUTINE ol 12l | casen 855
~ -3
DC ENTRY PT. ““WINDOW’’ ROUTINE 05| || <| psF 258
o 06| [l =| scout e
E4 ENTRY PT. “‘CONJUG™ ROUTINE I =5 \
L] (=] E 8 E' ~ \
EIE £
RENE] =g
<<
. =
1|y |y v

D. Input and Output Registers

F-BUS 15 87 0
(HEX)  MNEMONIC FUNCTION oUR o
1 RST RESETS CHIP' (MSBYTE) (LSBYTE) INPUT REGISTER
2 | DUH SELECTS MSBYTE
3 | DLH SELECTS LSBYTE 15 87 0
4 | XEQ STARTS EXECUTION
ouM 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 1 instruction cycle. If this line is connected
to the reset line of the microprocessor this condition will
be met easily. This will clear the Base and Index
Registers, which are used for memory addressing, the
Loop Counter and the Program Counter. Address zero in
the Instruction ROM contains a Jump to Zero instruc-
tion, and thus the S2814A will remain in an idle state
after being reset. Every routine in the memory is also ter-
minated with a Jump to Zero instruction, and thus the
S2814A will also remain in this same idle state after the
the execution of each routine. The TRQ line will signal
this condition each time, except after the initial reset and
after execution of the INIT routine.

The Control Functions

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

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

IR0 | T
RIW } »{ RIW
Do Do
D7 y
HP. DECODER D
se802 Ao E.G. PIA H $2814A
: > iE
A1s
Ag Fo
ADDRESS BUS > :
A3 Fs

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 INITIALIZED TO BASE 0, DISPLACEMENT 0. BLOCK READ OR WRITE OPERATION CAN
BE TERMINATED ANY TIME BY PERFORMING A RESET OPERATION. THE INDEX
REGISTER IS USED TO ADDRESS THE MEMORY DURING BLOCK TRANSFER AND INTER-
NAL ADDRESSING IS SEQUENCED AUTOMATICALLY.
NOTE: XX = Don't care
HH = 2 Hex characters (8-bit data)
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The Block Transfer Operation

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

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

Figure 2. Block Transfer Sequence and Timing

1--BLOCK READ
0—-BLOCK WRITE

= X X XX XXX
X X XX XX
a U

I

F-BUS

(HEX.) 9 (BLK)

IRQ (BLOCK READ ONLY)

OO OO Sl

’———:mnnssc i 350nSEC {100 ’100 |1oo|<——3sonszc——>
T T ] T

1no|1no|1nn|<_-

1
1 WORD TRANSFER —————|

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

USING REDUCED SPECIFICATION PARTS AS FOLLOWS:
T N =[M + 50] nsec
fouk

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

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

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

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

LDA A 0X ;READ FIRST BYTE FROM
MEMORY.

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

LDA A 1,X ;READ SECOND BYTE FROM
MEMORY.

STA A DUH ;WRITE INTO S2814A AS
MSBYTE.ADDRESS $HHH2

LDA A 2X ;SECOND WORD.

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

STA A DLH ;

LDA A 63X ;32ND. WORD,MSBYTE.

STA A DUH ;END OF TRANSFER.

STA A RST ;WRITE DUMMY DATA TO AD-

DRESS $HHH1.RESET.

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

EQU $HHH1
EQU $HHH3

DUH EQU $HHH2

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

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

assume a 20MHz clock frequency.

Table 3. FFT Routines and Their Starting Addresses

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

(IR) = BASE, DISPLACEMENT
(BASE)4-g(IR)15-11,(DISP)1,0<(IR)g g

Returns to Idle state
Exec. Time = 0.9us

04 ENTRY POINT FOR "*FFT32"" ROUTINE

(DISPO) = Input Data (Real), (DISP1) = Input Data (Imag.)
(DISP2) = SCIN, CASEN, PSF

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

Exec. Time = 1.2 ms to 1.8ms.

(OR) = SCOUT

(DISP0) = Transformed Data (Real), (DISP1) = Transformed Data (Imag.)
(DISP2) = SCOUT, (DISP3) = Power Spectrum Data if PSF = 1

D3 ENTRY POINT FOR **COMPAS" ROUTINE

(DISP0) = Input Data (Real), (DISP1) = Input Data (Imag.)
(DISP2) = WORD, STEP, NT, SCIN, CASEN

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

(DISPO) = Output Data (Real), (DISP1) = Output Data (Imag.)
(DISP2) = SCOUT, (OR) = SCOUT

EA ENTRY POINT FOR **SCALE"" ROUTINE

(IR) = SCLP, (DISPO) = Data (Real), (DISP1) = Data(Imag.)

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

(DISPO) = Scaled Data (Real), (DISP1) = Scaled Data (Imag.)

DC ENTRY POINT FOR **WINDOW'" ROUTINE

(DISPO) = Input Data (Real), (DISP1) = Input Data (Imag.)
(DISP3) = Multiplying factors

Performs muitiplication, Sets IRQ, Returns to Idle State
Exec. Time = 49usec.

(DISPO) = Output Data (Real), (DISP1) = OQutput Data (Imag.)

E4 ENTRY POINT FOR ‘*CONJUG'* ROUTINE

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

| SET INTERRUPT MASK | )
NO
[ INITIATE BLOCK WRITE ]
YES
| BLOCK TRANSFER By (REAL) ]
Y | READ SCOUT FROM OR ]
[ BLOCK TRANSFERBy+1(REAL) |
! o SET SCFLAG
| BLOCK mANzFER By (IMAG) | SCOUT-SCiN SCLP—(SCOUT-SCIN)
| BLOCK TRANSFER By+1 (IMAG) |
SCIN—SCOUT
Y YES
| STORE ACCUM IN “DUH” B i
Y
Y TRANSFER DUMMY
| STORE ACCUM IN “DUH" | } WORDS FOR * A WORD", ACCUM-—03 .
7 “2 STEP” AND “NT" STORE ACCUM IN “DUH"
| STORE ACCUM IN “DUH" | Y
¥ EXECUTE “INIT” ROUTINE ON S2814A
[ TRANSFER “SON" ] T0 INITIALIZE (BASE, DISP) T0 (0, 3)
| TRANSFER “CASEN" ] | INITIATE BLOCK READ |
| TRANSFER “PSF" ] | TuRN BiT REVERSAL MULTIPLEXER ON |
Y | BLOCK READ By -]
| RESET 528144 ]
7 | BLOCK READ Bx+1 ol |
| Execute “FFr32” ROUTINE ON 528148 | Y
Y | RESET 52814A -]
| CLEAR INTERRUPT MASK ]

Figure 3B. Flowchart for Subroutine FT320T

*ASSUMES POWER SPECTRUM
ONLY IS READ OUT.

DUH
XEQ

LDA
STA
LDA
STA

EQU $HHH2
EQU $HHH4

A #SXX
A DUH
A #

A XEQ

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

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

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

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

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

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

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

CLR B ;CLEAR B ACC.

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

STA A BLK ;SET UP BLOCK WRITE.

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

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

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

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

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

CLI ;CLEAR INT. MASK.

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

LDA B SCIN ;FETCH SCIN.

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

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

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

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

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

4. CAS - ON . PSF - ON 5999max. instruction
cycles (1.800msec.)

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

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

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

| nesers2sian, sevnenrupTMask |

L INITIATE BLOCK WRITE |
Y

[ BLOCK TRANSFER By (REAL) |
Y

| BLOCK TRANSFER By -+ (REAL) |

| BLOCK TRANSFER By (IMAG)

| BLOCK TRANSFER By .1 (MAG) |

TRANSFER “AWORD” (TABLE 4)
K,K+1

| TRANSFER *ASTEP” 1
Y

[ TRANSFER “NT” b
Y

[ TRANSFER “SCIN” 1
* .

| TRANSFER “CASEN" |
Y

I TERMINATE BLOCK TRANSFER I

| EXECUTE “COMPAS™ ROUTINE ON 52814A |

Figure 4B. Flowchart for Subroutine CSOT

|__cLEARINTERRUPT MASK |

YES
| READ SCOUT FROM OR j

SCOUT-SCIN N0 | SET acrLAG”
=0 SCLP—1
YES 3
\d
[ INITIATE BLOCK READ |
Y
I BLOCK READ B (REAL) |
[ BLOCK READ B+ (REAL) |
Y
| BLOCK READ By (IMAG) ]
Y
| BLOCK READ By 1y (IMAG) ]
| RESET $2814A ]

32 words of real input data (addresses 00.0 - 1F.0)
32 words of imaginary input data (addresses 00.1

-1F.1)

A WORD (address 00.2)

A STEP Set up parameters (address 01.2)
NT (address 02.2)

SCIN (address 03.2)

CASEN (address 04.2)

PSF (address 05.2)

The new parameters required, A WORD, A STEP and NT
are dependent on the size of the transform and A WORD
changes with each pass through the COMPAS routine.
The values required are shown in the tables in sections
“Executing 64 Point Transforms” and “Executing
Larger Transforms”’. Flow charts for loading and dump-
ing the data are shown in Figure 4. The routine execution
time varies with transform size and depends on whether
CAS is enabled or not, as shown:
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TRANSFORM SIZE 64 POINT 128 POINT 256 POINT 512 POINT
Without CAS,

Inst. cycles,

(usec.) 776 (233) 828 (248) 842 (253) 949 (255)
With CAS.

(Max.) Inst.

cycles (usec.) 1172(352) 1224(367) 1238(371) 1245(374)

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

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

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

Scaling Factor

(SCouT) 1 2 3 4 5
Execution time.

Inst. Cycles,

(usec.) 170(51) 336(101) 502(151) 668(200) 834(250)

Windowing Routine, WINDOW. Entry Address = DC.

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

Executing FFTs

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

Figure 5. Bit Reversal Hardware

DECODE
ADDRESS BRV

ADDRESS BUS

C—D
\A)
2 ADDRESS LINES TO MEMORY
0 1 P I X
A/B SELECT Nx2:1 MUX
Ap Bo A1 By A2 An-1 Bp
. -

Ap A4 Ay ) An-2 Anq

WRITING A1 TO ADDRESS BRV TURNS ON BIT-REVERSAL
WRITING AO CLEARS BIT REVERSAL

Executing 32 Point Transforms

The basic 32 point transform is easily implemented with
the S2814A since it simply requires the loading of the 32
real or complex data points and the 3 parameters SCIN,
CASEN and PSF, executing FFT32 once only and dump-
ing the data using bit reversal. The flowchart for this
sequence is shown in Figure 6. It is assumed that the
loading of data from the source into the input buffer and
dumping of data from the output buffer to destination is
carried out by the NM1I (non-maskable interrupt) routine.
The parameter SCIN should be set to zero, and the out-
put data should be scaled (multiplied) by 2(SCOUT) if
absolute levels are wanted.
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Figure 6. Flowchart for 32 Point FFT
IS BUFFER FULL?
YES
'
I BLOCK TRANSFER INPUT DATA |
DUMMY DATA,SCIN (=0) CASEN & PSF
Y
| EXECUTE FFT32 |
¥
| CLEAR INTERRUPT MASK |
BLOCK TRANSFER OUTPUT DATA
USING BIT REVERSAL
Figure 7. 64 Point FFT Flowgraph
—~STEPS
4 PASSES STEP 2
INTERMEDIATE [~ ——— —— —~ -
INPUT BUFFER UFFER | | OUTPUT BUFFER
5 l : 63
B3 B3 :
48 | | fBif REVERSE
| SOFTWARE/
47 | | HARDWARE
By By W ;
32 I |
$2814A | $2814A |
31 | I
B1 By | |
16 | I /o nevense
I3 | SOFTWARE/
| HARDWARE
By COMPAS 0 8o | :
0 ) | | 0
L |
_____ —

NOTE: B=BLOCK
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Executing 64 Point Transforms

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

For COMPAS 0: AWORD=8070 B _
For COMPAS 1: AWORD=CO70}ASTEP"4°°° NT=1

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

Executing Larger Transforms

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

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

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

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

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

put data. (Figure 3b)

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

Figure 8. N Point FFT Flowgraph

- STEPS
4 PASSES STEP(L+1)
N-1 N1
Bzm-1 Ban-1
|
1
| ' 5| M2 PONT
! ) FFT g
; !
Bm B
N2
Bm-1 Bm-1
: 1
! )
i h N/2 POINT
: ! - FFT >
15 : :
Bg Bg
0 0
NOTE: M = N/32. B = BLOCK.
TIME
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Figure 9. Flow Chart for N Point FFT, Routine ‘*‘NFFT”’

NOTES:

<=z

K0 (512 POINT
J—-0 FFT)
K32 (256 POINT
J-2  FFT)

K48 (128 POINT
J-4 FFT)

K+56 (64 POINT
J-6 FFT)

NO. OF DATA POINTS TO BE TRANSFORMED (32,64,128,256,512)

ADDRESS OF TABLE 4 (AWORD)
ADDRESS OF TABLE 5 (ASTEP,

[¢ NT)
ADDRESS OF A 16 WORD DATA BLOCK (REAL PART)
ADDRESS OF A 16 WORD DATA BLOCK (IMAGINARY PART)

lﬁsm)*mm 5);, (NT)~(TABLE 5)y.+4 l

[ M2—M, M1-P,X—0,Y—0 |

CSIN

csot
YES Z1-P-M1,

SCFLAG = 17 u,_{:gf":))
1
NO
YES
NO

I X=X+1, ¥Y=Y+1, M1—M1-1, M2—-M2-1, K—K+2 I

1

21-p-M1, 221,

X-X+2, Y-Y+2, M1—M1-1
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Table 4. (AWORD)
Figure 10. Flowchart for Subroutine ‘‘SCLPRV’’ ENTRY
PT for K VALUE COMMENTS
ste»- | 0 00 (AWORD L)
point 1 80 (AWORD H)
| X-0,Y-0 ]
{ x'form 2 00
[ SETINTERRUPT MASK, INTIATE BLOCK WRITE | 3 88
[ BLOCK TRANSFER By (REAL) ] 4 00
11
[ BLOCK TRANSFER Bx+WREAL) ] 5 90
[ BLOCK TRANSFER By (IMAG) | 6 0
O | 7 98
BLOCK TRANSFER By 4 wMAG)
~ 8 00
[ RESET :zsm ] 9 A0
I TRANSFER SCLP 10 IR | 10 00
[ execute “scaie” noutne onsze1an | 11 A8
[ CLEAR INTERRUPT MASK ] 12 00
@ 14 00
YES 15 B8
| NTIATE BL0GK READ | 16 00
| BLOCK READ By (REAL) ‘ 1 17 co
18 00
[ sLockREAD Bxszs(REAL |
19 C8
| BLOCK READ By (IMAG) ]
20 00
[ sLock READ ByrwiMrG) |
{ 21 DO
| RESET 52814A | 29 00
Y
| X—X+1, 22221 I 23 D8
21-21-1, Y-Y+1
24 00
K 0 25 E0
26 00
YES
27 E8
X=X+M Y=Y+M | o
it 0 ® | o
YES 29 FO
| RESET SCFLAG | 30 00
256 32 10
point 33 80
x'form 34 10
35 90
36 10

7.121



AMI

S2814A

Table 4 (continued)
ENTRY
PT for K VALUE
37 A0
38 10
39 BO
40 10
4 co
42 10
43 DO
44 10
45 EO0
46 10
47 FO
128 —— 48 30
point 49 80
x'form 50 30
51 A0
52 30
53 co
54 30
55 EO
64— 56 70
point 57 80
x form 58 70
59 co
Table 5. (ASTEP, NT)
ENTRY
PT for J  VALUE COMMENTS
512 point 0 08 ASTEP(DUH)
x'form 1 OF NT(DLH)
256 2 10 "
3 07
128 4 20
5 03 "
64 6 40 "
7 01

Hardware.

The minimum hardware for a 32 point FFT is shown in
Figure 11. All data transfer and control is handled by the
S6802. The availability of the next input sample is
signalled with the NMI line. A suitable analog interface
is shown in Figure 12. The sampling clock is derived from
the microprocessor clock, and the NMI signal is
generated by the EOC (end of conversion) output of the
A/D converter. This system may be expanded simply by
adding more memory. The memory requirements are
shown in Table 6. A word may be up to 16 bits long. In
order to speed up the complete procedure it is necessary
to use DMA for block transfer of data. The S2814A will
transfer data at up to 4Mbytes/sec. A suitable DMA Ad-
dress Generator is'the Advanced Micro Devices AM
2940, but a 68B44 will accomplish the function more con-
veniently at a slightly lower speed (1.56Mbyte/sec).

Data Bus Interface.

Figure 13 shows how to interface the S2814A with a
typical 6800 family microprocessor data bus. Note that
the S2814A data bus must be isolated from the micropro-
cessor system data bus by use of a PIA as in Figure 11 or
a 74L.S245 or 74L.S645 type data transceiver as shown in
Figure 13, since the S2814A drive capability is only one
TTL load. The bus isolation may be omitted in some
small systems.
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BUS
BUS COMPATIBLE quT
D

Al
ADDRESS HHHE

OE
IN

SAMPLE
S AND HOLD

ANALOG IN

A1 |A3
Ap A2

INPUT REGISTER
LATCH. ADDRESS HHHF

LATCH
0uT

ANALOG OUT

S2814A
Figure 11. 32/64 Point FFT Hardware
+5V Ap A1s
5.9k2 3 EE Mz A-BUS
$6802 iL Ag As
AsT P -]
/; R0 RIW VMA E D-BUS 15 (A-BUS) 0 RIW ———— RIW Ag---Ag
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70 OTHER RAM
PERIPHERALS d @ Ep
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TS0 CLK D-BUS CS1 A-BUS
RSt 6846 Az A1 Ay A7
IR0 ROMIVO/TIMER
RW
P-PORT P2
¥ A5 | A3 Ag Ag
O R/W D-BUS E A1
RST 0
20MHz[ ] $2814A FFT
= ADDRESS HHHX F-BUS <__J
* NOTE: S6810 RAM.NOT NEEDED
J | 8 FOR 32 POINT/8 BIT
SYSTEM.
Figure 12. Analog Interface
6802 NMI 6846 CTO 6846 CP2 6846 P-PORT
1\
Y
EOC sc
IBYS  bra wimn
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Figure 13. Interfacing the S2814A with a Microprocessor
.I:_ 1llpFI 110.»:
LOW AT (HHHX) o EXT
’74Lso 1] < cLock
20MHz
21 22
e 15 0SC; 05C,
3] iE
6———“—‘81 Aq 2 1 Do
/"__‘J- By A j : D
16
T B3 qas25 M D,
15 oR 5 7
By LN D3
( 14 7418645 6 8 $2814A
— Bs  XCVR  As . Dy FFT PROCESSOR
13 g a7 1o,
4 12 g I L 1 P
n Bg Ag 9 D7
DE
LOGIC or | 2] pw
A A Fo Fy F, F3 RST WO
20 [19 [18]17 |16 13
Ao ) A1) A2/A3
/
16 L8
L Vee
E VMA Ag-A1s Dg-D7 RIW RST
ADDRESS DATA "
BUS BUS 5.1kQ
R0
MICROPROCESSOR TYPE S6802
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Table 6. Memory requirements for data point storage.

TRANSFORM WORD LENGTH MEMORY
SIZE (POINTS) (BITS) REQUIREMENTS
32 8 64 bytes
10/12 See Note 1
16 128 bytes
64 8 128 bytes
10/12 See Note 1
16 256 bytes
128 8 256 bytes
10/12 768 nibbles
16 512 bytes
256 8 512 bytes
10/12 1536 nibbles
16 1024 bytes
512 8 1024 bytes
10/12 3072 nibbles
16 2048 bytes

Note 1: In practice the memory realization for these cases will be the
same as for 16-bit systems.

Transform Execution Times.

The maximum execution times of transforms are shown
in Table 7. The actual execution time when CAS is enabl-
ed will be between the times shown for CAS off and the
maximum with CAS on. It will depend on the number of
times that scaling has to be done.

FFT Resolution and Dynamic Range

The use of the Decimation in Frequency (DIF) algorithm
in the S2814A ensures optimum signal to noise ratio,
(SNR) for the architecture used. The use of the Condi-
tional Array Scaling (CAS) gives a total dynamic range
of approximately 70dB on all sizes of Transforms. The
maximum resolution obtainable is approximately 57dB.
CAS operates by detecting overflow in the butterfly com-
putation routine. As soon as an overflow is detected the
two points being combined in that butterfly are halved in
magnitude (both the real and imaginary portions) and the
butterfly recomputed. A flag is set, all previously com-
puted butterfly outputs are then scaled, and all the in-
puts to subsequent butterflies are scaled before computa-
tion begins, so that at the end of the pass all points have
been scaled equally. A scale factor is made available
(SCOUT) so that the remaining data points in larger
transforms, i.e., those other than the 32 in the S2814A
when the overflow occurred, may also be scaled to keep
them all in line. Thus, CAS operates as a discrete AGC,
halving the signal levels each time an overflow is
detected. By using SCOUT after executing the FFT the
output may be expanded, so that the levels displayed in
the spectrum will increase monotonically as the input
increases.

Table 4. Total FFT execution times including block transfers. (msec.)

USING SINGLE S2814A USING MULTIPLE S2814A ARRAY
BLOCK TRANSFER USING:

TRANSFORM $6802 DMA # OF (USING DMA
SIZE (22usec/word) 2MWisec S2814As AT 2MW/sec)

MIN MAX MIN MAX MIN MAX
32 pt. 4.0 4.6 1.3 1.9 1 1.3 1.9
64 14.2 15.7 3.2 4.6 2 1.6 2.3
128 40.7 44.0 7.6 11.0 4 1.9 2.8
256 106 114 17.8 25.4 8 2.3 3.2
512 262 280 40.7 57.9 16 2.6 3.7

Note: Minimum times assume that CAS and PSF are off. Maximum times assume that CAS and PSF are on, and that maximum overflow accurs during 1st
pass. All times assume 20MHz clock frequency and must be increased proportionally for lower clock frequencies (except Column A).
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S$2815

DIGITAL FILTER/UTILITY PERIPHERAL

Features

[0 S2811 Signal Processing Peripheral Programmed
With Filter and Utility Routines
Microprocessor Compatible Interface Plus
Asynchronous Serial Interface

Two Independent 30 Tap Transversal Filter
Routines, Cascadable into a Single 60 Tap Filter
Two Recursive (biquadratic) Filters Providing a
Total of 16 Filter Sections

Computation Functions: Two Integrating, Two
Rectifying, Squaring, and Block Multiply
Routines

o o o o

O Conversion Functions: u255 Law-to-Linear, Linear-to-
u255 Law, and Linear-to-dB Transformations

[0 Generator Functions: Sine and Pseudo-Random
Noise Patterns

General Description

The AMI S2815 Digital Filter/Utility (DFUP) is a pre-
programmed version of the S2811. Architectural and in-
ternal operating details of the S2811 may be found in the
S2811 Advanced Product Description. The S2815 has
been programmed with a collection of filter, computa-
tional, conversion, and generator routines which may be
selected individually, or cascaded under control of the
host processor. This arrangement allows a wide range of

Typical System Configuration

T ommz
M2 osc, -

=
= Jose, 52815 DFUP <

D-BUS_IE_ F-BUS SOEN SIEN SOCK SICK

ANALOG
N

Pin Configuration

ANALOG
out

Vour

RSt
R0 R/W
l A

i

P-PORT CP,

A-BUS

56846
ROM/I-0/TIMING

ogus % E CIC S

Vee ._J
8
1" 15
z"l”l‘!ﬂ
PERIPHERALS

DBUS VMA E

$6802
MICROPROCESSOR

\
conEuLTER Sif] 1 28 [ Vo
Romose Totoone_Rx_ Teux NOT USED [ 2 27[7] SIEN
NOT USED[] 3 26 [] SICK
D[] 4 25 [7] SoCK
] s 24 [7] SOEN
D[] 6 23] 50
D; ] 7 s2815 22 ] osg
D,[] 8 DFUP 21[] 0SC,
Ds[] 9 20 F
Ds (] 10 19[7F
o, ] 1 1B[]F
RW ] 12 17[]F
R0 ] 13 16 [ ] AST
Vss [] 14 15[ IE
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General Description (Continued)

signal processing functions frequently required in appli-
cation areas such as telecommunications, test and instru-
mentation, industrial automation, process control, etc.,
to be satisfied by a single S2815 DFUP.

The I/O structure of the S2815 provides flexibility and
easy interfacing in microprocessor based systems. Input
and output data transfers may be accomplished serially,
as shown in the block diagram, using a u255-law Codec

Absolute Maximum Ratings

such as the S3507, or using linear A/D and D/A con-
verters. Data may also be transferred in parallel under
control of a host processor, such as the S6802. Routines
may be executed individually, completely under control
of the host processor, or internal transfer addresses may
be set up by the host, allowing routines to be cascaded in-
ternally. The ability to cascade routines allows com-
plicated functions to be completed without intervention
by the host processor.

Supply Voltage . .......ooviiiiiiiiiiiiiiiien.
Operating Temperature Range . .......................
Storage Temperature Range ..........................
Voltageatany Pin...............oiiiiiiiiiennn...
Lead Temperature (soldering, 10sec.).................

............................. Vgs —0.3 to Ve +0.3V
............................................. 200°C

7.0VDC

Electrical Specifications: (Voc=5.0V £5%, Vgg=0V, T4 =0°C to +70°C, unless otherwise specified)

Symbol Parameter Min. Typ. Max. Units | Conditions
Vig Input HIGH Logic “1” Voltage 2.0 Vee+0.3 V | Vge=5.0V
A% Input LOW Logic “0” Voltage —0.3 0.8 A% Vee=5.0V
Iin Input Logic Leakage Current 1.0 2.5 pAde | ViN=0V to 5.25V "
Cy Input Capacitance 7.5 pF
Von Output HIGH Voltage 24 Vv I oap=—100uA,
VCC = min,
CL=30pF
VoL Output LOW Voltage 0.4 A% I oap=1.6mA,
VCC = min,
foLk Clock Frequency 5.0 20 MHz | Vgc=5.0V
Pp Power Dissipation 1.2 W | Vgc=5.0V
fcLk(max)| Maximum Clock Frequency MHz | Vgc=5.0V
S2815-10 10
S2815-12 12
S2815-15 15
S2815 20
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$2815 Function/Descriptions

Microprocessor Interface (16 pins)
Dy through D,
FO through F3

(Input/Output) Bi-directional 8-bit data bus.

(Input) Control Mode/Operation Decode. Four microprocessor address leads are used for this

purpose. See “CONTROL MODES AND OPERATIONS.” (Table 2.)

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

(Input) Read/Write Select. When HIGH, output data from the SPP is available on the data

(Output) Interrupt Request. This open-drain output will go LOW when the SPP needs service

R/W

bus. When LOW, data can be written into SPP.
IRQ

from the microprocessor.
RST

program execution at location 00.

Serial Interface (6 pins)

(Input) When LOW, clears all internal registers and counters, clears all modes and initiates

SICK, SOCK (Input) Serial Input/Output Clocks. Used to shift data into/out of the serial port.

S1 (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;, OSC, 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.

Vees Vss Power supply pins Vo= +5V, Vgg=0 volt (ground).

Functional Description

The S2815 is a pre-programmed version of AMI’s S2811
Signal Processing Peripheral. This is a high speed micro-
computer organized for efficient signal processing and
contains a data memory, instruction memory, an arith-
metic unit incorporating a 12-bit parallel multiplier, as
well as control registers and counters. For more detailed
information about the chip, please refer to the S2811 Ad-
vanced Product Description.

The S2815 Instruction ROM contains the various

routines which make up the DFUP package. The routines
together with their starting addresses in the Instruction
ROM, are shown in Table 1A.

The Data ROM contains the parameters required to ex-
ecute the functions. 128 words of Data RAM and an 8
word scratchpad are provided to hold the signal data and
the jump addresses for cascading routines. The Data
memory is arranged as a matrix of 32x 8 words, as shown
in Table 1B. The RAM utilization is routine dependent
and is illustrated in the routine descriptions.
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Table 1. Software Model of 32815
A. Routine Locations in Instruction Memory B. Data Memory Map
(LOC (HEX) FUNCTION ——— DISPLACEMENT |0 |1 |2 |3 |4 |56 |7
00 IDLE STATE B
01 ENTRY POINT "*INIT"" ROUTINE ASE > g?
04 ENTRY POINT ‘*SETUP** ROUTINE i 00
18 or 19* ENTRY POINT “*LINIP"" ROUTINE —
1B or 1C* ENTRY POINT **MULIP"* ROUTINE . DATA COEFFICIENT ']
34 ENTRY POINT *‘LINO1"* ROUTINE . RAM ROM
36 ENTRY POINT **LINO2"" ROUTINE 1E
38 ENTRY POINT ‘*“MULOP'* ROUTINE 1F
65 ENTRY POINT *‘DBOP’* ROUTINE
80 ENTRY POINT *‘BMPY'" ROUTINE
87 ENTRY POINT "*HiR1"’ ROUTINE SCRATCHPAD ALL RAM
96,97 or 98* ENTRY POINT “*1IR2"" ROUTINE ]
A7 ENTRY POINT "‘FIR1"" ROUTINE . .
AF, BO or B1* ENTRY POINT **FIR2'* ROUTINE NOTE: Address [Base AB, Displacement C] is written as AB.C
BC ENTRY POINT g(E)gT ROUTINE
BF ENTRY POINT * AR'’ ROUTINE .
C4 ENTRY POINT ““FINT" ROUTINE C. Control Functions
CA ENTRY POINT “'RINT'" ROUTINE
CE ENTRY POINT **SQUINT'" ROUTINE F-Bus (HEX) MNEMONIC
D6 ENTRY POINT **SINE"* ROUTINE
E5 ENTRY POINT “*NSET’" ROUTINE
£9 ENTRY POINT **NOISE" ROUTINE 0 CLR
1 RST
- - 2 DUH
*See Routine descriptions for explanation of alternative entry points 3 DLH
D. Input and Output Registers 4 XEQ
5 SRI
6 SRO
s l7 0 7 SMI
8 SMO
DUH DLH 9 BLK
P
(MSByte) (LSByte) 8 S0
Y Y C CoP
Code is Two's Complement

See Table 2 for descriptions

Figure 1. Conection of S2815 as a Memory Mapped Peripheral

1 IRQ
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b, D7 DECODER ! §2815
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ADDRESS BUS > i
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TO MEMORY AND OTHER PERIPHERALS.
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Initial Set-Up Procedure

After power up, the RST line should be held low for a
minimum of 300nsec. If this line is connected to the reset
line of the microprocessor, this condition will be met easi-
ly. This will clear the Base and Index Registers, which
are used for memory addressing, the Loop Counter and
the Program Counter. Address zero in the Instruction
ROM contains a Jump to Zero instruction, and thus the
S2815 will remain in an idle state after being reset.

The Control Functions

The S2815 is controlled by the host microprocessor by
means of the F-bus, Interface Enable (IE) and the Read-
Write (R/W) lines. It should be connected to the host pro-
cessor as a memory mapped peripheral as shown in
Figure 1.

The 12 most significant address lines decode a group of

16 addresses to activate the IE line each time an address
in the group is called, and the S2815 is controlled by

reading to or writing from those addresses. Only 12 of
these addresses are used as described in Table 2.
Throughout this Product Description these addresses
will be referred to as HHHX (X=0-F).

The Block Transfer Operation

Block transfer is the mode used to load and unload the
main data blocks into the S2815 at up to 4Mbytes/sec. In
this mode the data memory is addressed by the Index
Register, and after initialization the internal addressing
is sequential and automatic. The sequence generated is
that after each word transfer (16-bit words as 2 bytes, or
8-bit words as MSbyte (DUH) only) the base is incre-
mented. After base 1F (31) has been reached, the base
resets to 00 and the displacement increments. After base
1F displacement 3 has been reached (i.e., the highest ad-
dress in the RAM, 1F.3), both base and displacement
reset to zero. Note that when the BLK command is given
the Read/Write line is latched internally, and remains
latched until the RST command is given. The block
transfer sequence and timing are shown in Figure 2.

Figure 2. Block Transfer Sequence and Timing

1-BLOCK READ

0--BLOCK WRITE >< X
9(BLK) X X

XX XXX
SO OOE

TR0 (BLOCK READ ONLY)

DATA BUS ) X

- U

| I R SR

QORI OO

U

1oo|1on|mn|<_

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

USING' REDUCED SPECIFICATION PARTS AS FOLLOWS:
L™ =[°°ﬂ + sn] nsec
fox

r—annnssc — h——zsonssc——olwo‘mu |1oo|<————350?sec R
. T . 4 :
Ll ! | 1 WORD TRANSFER ——— |

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

7.130



AMI1

S2815
Table 2. S2815 Control Functions
F-BUS TYPE OF
MEMONIC HEX | DATA | OPERATION | FUNCTION

CLR 0 XX XX Clears all functions previously set. Sets SOP.

RST 1 XX XX Clears ali registers. Starts program execution at location 00. This is the idle state.
This instruction should precede block read, block write and execute commands.

DUH 2 HH READ/WRITE | Reads from or writes into S2815 the upper half of the data word (See Table 1D).
Must always follow DLH (Mandatory).

DLH 3 HH READ/WRITE | Reads from or writes into S2815 the lower half of the data word (See Table 1D).
Precedes DUH when used.

XEQ 4 HH WRITE Starts Execution at Location HH.

SRI 5 XX XX Enables Serial input Port.

SRO 6 XX XX Enables Serial Qutput Port.

SMI 7 XX XX Converts sign + magnitude serial input data to two's complement.

SMO 8 XX XX Converts two’s complement internal data to sign + magnitude serial output data.

BLK 9 XX READ/WRITE | Initiates a block read or block write operation. The entire data RAM can be access-
ed sequentially beginning with values of base and displacement initialized using
“‘Block Transfer Set Up'’ routine. If a reset operation is performed prior to block
command, the data memory address is initialized to base 0, displacement 0. Block
read or write operation can be terminated any time by performing a reset operation.
The index register is used to address the memory during block transfer and internal
addressing is sequenced automatically.

SOP B XX XX Set overflow protect. Normal mode of operation.

cop C XX XX Clear overflow protect.

A,D-F Do not use

Note: XX = Don’t Care
HH =2 Hex characters (8-bit data)

In 6800 Assembly Lanaguage a Block Write would be executed with the following code:

LDX
STA
LDA
STA
LDA
STA
LDA

L]

(]

°
LDA
STA
LDA
STA
STA

62,X
DLH
63,X
DUH
RST

>>>r>>

;LOAD MEMORY START ADDRESS INTO INDEX REG.
;WRITE DUMMY DATA TO ADDRESS $HHH9.BLOCK MODE.
;READ FIRST BYTE FROM MEMORY.
;sWRITE INTO S2815 AS LSBYTE.ADDRESS $HHH3
;READ SECOND BYTE FROM MEMORY.
WRITE INTO S2815 AS MSBYTE.ADDRESS $HHH2
;SECOND WORD.

L]

;32ND. WORD,LSBYTE.

;32ND. WORD,MSBYTE.
;END OF TRANSFER.
;WRITE DUMMY DATA TO ADDRESS $HHH1.RESET §2815

Block Read would be executed by substituting LDA A for STA A, and vice versa.
where: RST EQU $SHHH1

DLH EQU $HHH3
DUH EQU $HHH2
BLK EQU $HHH9
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The above code assumes that the block transfer is con-
trolled by the host processor, not using DMA. Note that
DLH must always precede DUH. 8-bit data may be
transferred using DUH only, assuming that the
significance of the data is correct.

Block transfer must be used for loading all filter coeffi-
cients (IIR1, IIR2, FIR1, FIR2, FINT, RINT and
SQINT routines) and for loading and dumping the data
for the BMPY routine.

The DFUP Routines

21 Individual routines are stored in the S2815 Ihstruc—
tion Memory. Routines INIT, SETUP, BMPY and
NSET all return to the idle state after execution since

Table 3. Parameters and Transfer Data Storage Locations:

they are not repetitive functions. All other routines are
designed to be used repetitively with or without interven-
tion from the control microprocessor by using loadable
jump addresses to exit each routine. Thus, a number of
routines may be strung together by setting the exit jump
address of one to be the start address of the next. The en-
tire function may be arranged as a closed loop, so that it
will execute continuously after starting, or as an open
ended string, so that it will execute once only after start-
ing. This feature, together with the conditional synchro-
nization feature incorporated in the 4 input routines,
makes the S2815 extremely flexible as a digital
filter/signal processor peripheral. The starting addresses,
functions, parameters required and exit-jump (transfer)
address locations are shown in Table 3.

ROUTINE ENTRY POINT STORAGE LOCATIONS FOR: (To be loaded using SETUP)
EXIT TRANSFER ADDRESS FOR PARAMETERS

1. INIT 01 Returns to idle None

2. SETUP 04 Returns to idle None

3. LINIP 18 or 19* Scratchpad, 2 None

4. MULIP 1B or 1C Scratchpad 2 None

5. LINO1 34 Scratchpad 3 None

6. LINO2 36 RAM $1E.2 None

7. MULOP 38 Scratchpad 3 None

8. DBOP 65 RAM $1E.2 None

9. BMPY 80 Returns to idle Scratchpad 2
10. 1IR1 87 Scratchpad 4 Scratchpad 7
11. 1IR2 96, 97 or 98™ Scratchpad 5 Scratchpad 6
12. FIR1 A7 Scratchpad 5 Scratchpad 7
13. FIR2 AF, BO or B1* Scratchpad 4 Scratchpad 7
14. RECT BC RAM $1F.2 None
15. SQUAR BF RAM $1F.2 None
16. FINT C4 RAM $1F.0 None
17. RINT CA RAM $1E.0 None
18. SQINT CE RAM $1E.0 None
19. SINE D6 RAM $1E.0 None
20. NSET E5 Returns to idle None
21. NOISE E9 RAM $1E.0 None

*See Routine Descriptions for explanation of alternative entry points

Figure 3. Input Data Significance for Register Loading
INPUT REGISTER BITS

MSBYTE (DUH)

LSBYTE (DLH)

1514|1312 1

101 9 8

4 3 2 1 0

LOADS BASE REGISTER
LOADS BASE ADDRESSING
SECTION OF INDEX REGISTER.

INDEX REGISTER

LOADS LOOP COUNTER.
(No. of data pairs or filter sections)
LOADS DISPLACEMENT
ADDRESSING SECTION OF

LOADS PROGRAM COUNTER
(Transfer Addresses).
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1. Block Transfer Set-up (INIT). Entry Address $01

This routine presets the Index Register to allow block transfer to commence at any location other than 00.0 in the

S2815 data RAM. An eight-bit word is loaded into the upper half of the input register and the routine is executed as
shown:

LDA A #EXX

STA A DUH

LDA A il

STA A XEQ
where: DUH EQU $HHH2

XEQ EQU $HHH4

where XX represents the start address for block transfer. The bits used are shown in Figure 3. The routine will be ex-

ecuted in 3 instruction cycles (0.9usec.) and the S2815 will return to the idle state. Block transfer may then commence
immediately.

2. Parameter and Transfer Address Set-up (SETUP). Entry address $04

This routine allows the parameters and transfer addresses to be loaded into the appropriate memory locations prior to
executing a function. The loading sequence is: Scratchpads 2 through 7, followed by main RAM locations $1E.O,
$1E.2, $1F.0 and $1F.2. The input register bits loaded into the various internal registers are shown in Figure 3.
Before executing the routine the input data for scratchpad 2 (S(2)) must be loaded into the input register. This may be
omitted when not using the input routines LINIP or MULIP. While the routine is being executed the remaining input
data must be loaded sequentially, allowing a minimum of 2 instruction cycles (0.6usec.) between each word. An exam-
ple of a 6800 language control program to execute SETUP is shown below:

SP STA A RST ;RESETS S2815
LDX OFFST ;LOAD MEMORY START ADDRESS INTO IX.REG.
LDA A 0,X ;READ FIRST BYTE (DATA FOR S(2))
STA A DLH ;LOAD INTO LSBYTE OF IR
STA A DUH ;LOAD INTO MSBYTE OR IR (DUMMY DATA)
LDA A #4 ;LOAD ACC. WITH “SETUP” START ADDRESS
STA A XEQ ;START EXECUTION
LDA A 11X ;READ SECOND BYTE (DATA FOR S(3))
STA A DLH ;LOAD INTO LSBYTE OF IR
STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A2X ;READ THIRD BYTE (DATA FOR S(4))
STA A DLH ;LOAD INTO LSBYTE OF IR
STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A 3X ;READ FOURTH BYTE (DATA FOR S(5))
STA A DLH ;LOAD INTO LSBYTE OF IR
STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A 4X ;READ FIFTH BYTE (LSBYTE FOR S(6))
STA A DUH ;LOAD INTO LSBYTE OF IR
LDA A 5X ;READ SIXTH BYTE (MSBYTE FOR S(6))
STA A DUH ;LOAD INTO MSBYTE OF IR
LDA A 6X ;READ SEVENTH BYTE (LS BYTE FOR S(7)
STA A DUH ;LOAD INTO LSBYTE OF IR
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LDA A 7,X ;READ EIGHTH BYTE (MSBYTE FOR S(7))

STA A DUH ;LOAD INTO MSBYTE OF IR ,

LDA A 8,X ;READ NINTH BYTE (DATA FOR RAM $1E.0)

STA A DUH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)

LDA A 9,X ;READ TENTH BYTE (DATA FOR RAM $1E.2)

STA A DLH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)

LDA A AX ;READ ELEVENTH BYTE (DATA FOR RAM $1F.0)

STA A DLH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)

LDA A B,X READ TWELFTH BYTE (DATA FOR RAM $1F.2)

STA A DLH ;LOAD INTO LSBYTE OF IR

STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)
where: RST EQU $HHHA1

DLH EQU $HHH3
DUH EQU $HHH2
XEQ EQU $HHH4 -

Note that the sequence may be aborted at any point with a STA A RST instruction. Since transfer addresses are
stored in the LSByte of each 16-bit memory location, it is necessary to load dummy data into the MSByte (DUH) of
the input register each time to terminate word transfer. Scratchpads 6 and 7 may hold valid data in both bytes, how-
ever. After the final data is loaded, the S2815 will return to the idle state after completion of the routine. This takes 3
instruction cycles (0.9usec) maximum. If it is not necessary to load all the data (this is dependent on which routines
are used), the routine may be aborted at any point by using the RST command, allowing a minimum of 2 instruction
cycles (0.6usec) after entering the last data required. '

3. Linear Input Routine (LINIP). Entry address $18 or $19

The LINIP routine takes linearly coded (i.e., non-companded) input data from the input register and loads it into
scratchpad 0 (S(0)) without modification, where it may be accessed by one of the other routines. Entering at address
$18 will cause the S2815 to wait for new input data each time the routine executes. This allows the signal processing
to be synchronized to the input sampling rate automatically, provided that the total execution time of all the routines
cascaded to realize the overall function is less than the sampling period. If no new input data has been received when
the S2815 executes line $18, then the TRQ line (interrupt request) will be set low. It will reset as soon as new data is
loaded. This will occur only if the input port is in the parallel mode, i.e., the SRI mode is not set. The IRQ line is not
activated in the serial mode. If the routine is entered at address $19, the processing will not wait for new input data
each time, and will simply re-use the old data if none has been received. The execution time of the routine is 3 instruc-
tion cycles (0.9usec) after receipt of new input data when entering at address $18, and 2 instruction cycles (0.6usec) (in-
dependent of data receipt) when entering at address $19. Input data may be up to 16 bits wide. This routine exits to
the transfer address stored in S(2).

4. Mu-Law Input Routine (MULIP). Entry address $1B or $1C

The MULIP routine takes u-255 law companded data from the input register (MSByte, bits 15-8) and loads it into S(0)
after linearization, i.e., decompanding. The conversion is exact. It is then suitable for linear processing and may be ac-
cessed by one of the other routines. Entering at address $1B will cause the S2815 to wait for new input data and set
the IRQ line low each time the routine is executed, while entering at address $1C bypasses this feature. For details see
LINIP routine description. The execution time is data dependent, being 18 instruction cycles (5.4usec) after receipt of
new input data (maximum) when entering at address $1B, and one cycle (0.3usec) less when entermg at address $1C,
as for LINIP. This routine exits to the transfer address stored in S(2).

5. Linear Output Routine (LINO1). Entry address $34
The LINOL1 routine takes the output data stored in S(0) and loads it into the output register without modification.
This will set the IRQ line (interrupt request) low if the output port is in the parallel mode, i.e., the SRO mode is not
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set. The IRQ line is not activated in the serial mode. The contents of the output register will be overwritten each time
the LINO1 routine is executed. The execution time is 2 instruction cycles (0.6usec). The routine exits to the transfer
address stored in S(3).

6. Alternative Linear Output Routine (LINO2). Entry address $36
This routine is identical to LINO1, except that the exit transfer address is stored in RAM $1E.2.

7. Mu-Law Output Routine (MULOP). Entry address $38

The MULOP routine takes the output data stored in S(0) and loads it into the output register (MSByte, bits 15-8)
after companding, i.e. compression according to the u-255 law. The conversion is exact. The other features of this
routine are as for LINO1. The execution time is data dependent, being 35 instruction cycles (10.5usec) maximum. The
routine exits to the transfer address stored in S(3).

8. Decibel Output Routine (DBOP). Entry address $65

This routine takes the output data stored in S(0) and loads it into the output register after converting it to negative
decibels, i.e., the result will be “‘dB below reference”, or dBR without the sign. The integer portion of the output will
be in the MSByte (bits 15-8) and the fractional part in the LSByte (bits 7-0), both as hexadecimal, positive numbers,
making conversion to decimal (if required) by the control processor a simple task. All data is treated as fractional in
the S2815, i.e., it lies in the range *1. In 16 bit two’s complement hex this is represented as $8000 (—1) to $7FFF
(+1 —2-15), since +1 does not really exist in this code, being equal to —1 (38000). The decibel reference (0dB) is taken
to be +1, so that the result of decibel conversion is always negative in the DBOP routine. The output result, however,
is expressed as a pure magnitude, without the minus sign, which is implicit. The conversion is accurate to +0.01dB
down to —20dB (0.1), £0.02dB down to —40dB (0.01), and +0.1dB down to —60dB (0.001). The conversion law used
is “‘voltage’ to dB, i.e., 20 log;((V), and the result must be divided by two if the result is a ‘“power”’ measurement. The
execution time is data dependent, being 132 instruction cycles (39.6usec.) maximum. The routine exists to the transfer
address stored in RAM $1E.2.

0

Table 4. Memory Map for BMPY Routine

DISPLACEMENT —» 0 1 2 3
BASE 00 Al B1 X P1
01 A2 B2 X P2
02 A3 B3 X P3
03 A4 B4 X P4
| [ | | |
| | | | |
| I ! | I
| |
| I I
' ! ! ! O
1E A31 B31 X P31
1F A32 B32 X P32
SCRATCHPAD X X N-1 X X
A,B=input data pair
P=product, AB
X=Don't care
DUH DLH
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9. Block Multiply Routine (BMPY). Entry address $80

This routine allows the user to multiply together an array of up to 32 pairs of data. The routine is not cascadable with
any of the others since all data I/O must be done using the block transfer mode, and so the routine returns to the idle
state after execution. The only parameter required for executing this routine is the number of data pairs to be multiplied
N. The value of N-1 (i.e., the number of pairs minus one) is loaded into scratchpad 2, using the SETUP routine and then
the data pairs are loaded into the RAM using the block transfer procedure. The memory map for the BMPY routine is
shown in Table 4. After resetting the S2815 and setting it into the block write mode the A inputs are first loaded sequen-

tially. If there are 32 of them, the B inputs may then be loaded sequentially without any break in the procedure (see
“Block Transfer Operation”).

If fewer than 32 pairs of data are involved, there are two ways of handling the procedure:

1) After loading the N values of A, load (32-N) dummy data inputs. Only the MSByte need be loaded (DUH). The inter-
nal addressing will then be set to accept the N values of B.

2) After loading the A inputs, reset the S2815 again and execute the INIT routine to set the index register to address
$00.1. The input data will be $0100, although only the MSByte need be loaded (DUH =$01). Then set the S2815 into the
block write mode again (without resetting) and continue loading the B inputs.

After the data pairs are loaded, the S2815 should be reset and the routine BMPY executed. The execution time is 4 +
3N instruction cycles, so that for 32 data pairs this will be 100 cycles (30usec.). After execution the S2815 will return to
the idle state and set the TRQ line low, to indicate completion. The final product (Py) is available in the output register
at this time and may be read without the use of the block transfer mode. This is useful when multiplying single data
pairs. To read all the products it is necessary to first reset the S2815 and execute INIT to set the index register to ad-
dress $00.3. The input data will be $0300 (DUH = $03). Setting the S2815 into the block read mode then allows the N
products P to be read sequentially. Finally, the S2815 should be reset again to bring it out of the block transfer mode.
The 6800 program shown below will execute the BMPY program to multiply together 2 data pairs. For simplicity, only
8 bit input data is used (DUH) and only the MSByte of the product is read, although products will be computed to 16
bits of precision for all data up to 12 bits wide.

BY LDA A #$10 ;1=N-1.(2 DATA PAIRS)
STA A DLH ;LOAD INTO LSBYTE OF IR
STA A DUH ;LOAD INTO MSBYTE OF IR (DUMMY DATA)
LDA A #4 ;4 = “SETUP” START ADDRESS
STA A XEQ ;EXECUTE SETUP
STA A RST ;RESET S2815
STA A BLK ;PUT 82815 INTO BLK WRITE MODE
LDX OFFST ;LOAD DATA START ADDRESS INTO IX.REG.
LDA A 0,X ;READ FIRST A
STA A DUH ;LOAD INTO MSBYTE OF IR
LDA A 1X ;READ SECOND A
STA A DUH ;LOAD INTO MSBYTE OF IR
STA A RST ;RESET S2815.EXIT BLK MODE
LDA A# ;1 =PRESET FOR S$2815 IX,ALSO “INIT” START ADDRESS
STA A DUH ;LOAD INTO MSBYTE OF IR
STA A XEQ ;EXECUTE INIT
STA A BLK ;PUT §2815 INTO BLK WRITE MODE
LDA A 2X ;READ FIRST B
STA A DUH ;LOAD INTO MSBYTE OF IR
LDA A 3X ;READ SECOND B
STA A DUH ;LOAD INTO MSBYTE OF IR
STA A RST ;RESET S2815.EXIT BLK MODE
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LDA A #$80 ;$80 = “BMPY” START ADDRESS

STA A XEQ ;EXECUTE BMPY

WAI sWAIT FOR INTERRUPT

STA A RST ;START OF INTERRUPT ROUTINE.RESET S2815

LDA A #3 ;3 = PRESET FOR S2815 IX

STA A DUH ;LOAD INTO MSBYTE OF IR

LDA A #1 ;1 =“INIT” START ADDRESS

STA A XEQ ;EXECUTE INIT

LDA A BLK ;PUT S2815 INTO BLK READ MODE

LDA A DUH ;READ FIRST PRODUCT

STA A 4X ;STORE IN MEMORY

LDA A DUH ;READ SECOND PRODUCT

STA A 5X ;STORE IN MEMORY

STA A RST ;RESET S2815.EXIT BLK MODE
where: RST EQU $HHHA1

DLH EQU $HHH3
DUH EQU 1HHH2
XEQ EQU $HHH4
BLK EQU $HHH9

This program is intended to be instructional rather than practical, since the multiplication of such small arrays of 8
bit numbers can be done more effectively by other means, e.g., using a 6809 microprocessor. However, the extremely
fast multiplication time of the S2815 makes this an effective way of dealing with large arrays.

10. Recursive (IIR) Digital Filter Routine IIR1. Entry address $87

This routine executes a number of biquadratic filter sections in cascade. The number of sections can be 1-16. The
routine takes its input data from, and returns the output data to, Scratchpad 0. Each filter section occupies 2 bases of
RAM in the data memory, with successive filter sections mapped into sequential base pairs as shown in Table 5. In
order to be able to use this routine in conjunction with others, e.g., a transversal filter routine, it is possible to set the
start base to any value, provided that enough space is left for the other filter sections, i.e., start base (Max.)=
32—2x (number of filter sections), e.g., for a 8th order filter (4 sections) start base (Max)=32 —8=24 ($18).

The data for the start base (bits 15-11) and (number of sections —1) (bits 8-4) is stored in S(7), and the exit transfer ad-
dress is stored in S(4). These should be loaded using the SETUP routine, and the filter coefficients loaded using block
transfer. Due to the algorithm used ALL FILTER COEFFICIENTS MUST BE HALVED BEFORE LOADING.
This allows filter coefficients in the range +2 to be used with purely fractional arithmetic.

Table 5. Memory Map and Flow Chart for lIR1 and IIR2 Routines

DISPLACEMENT —>» 0 1 2 3
BASE B = Yaby(1) Y2a,(1) 2wo(1) X
B+1 — Vaby(h) Veay(1) 20q(1) X
B+2 —Y2by(2) V2a,(2) 2wo(2) X
B+3 —V2by(2) Y224(2) 2wq(2) X
| l I | |
| | | | |
| ' l | I
NOTE: (1), (2) . .. .. means data for filter section 1, 2, etc.

7.137



AMIL $2815

Table 5. (Continued)

START
Xo—> acc.
|
add byw,
|
add bow,
|
store result (Wg) = Xg + DyWy + bywy
I
add aqwy
|
add a,wy
|
Re'su!t = output=wq +aywq +aWp
|
update wy

1

update wy and double

END

The algorithm. The basic algorithm used is the canonic form of biquadric difference equation:
Wg = X9 + byw; + byw,
Yo = wo + ayw; + agwy
where xg = the new input sample (Nth)
wo = the new intermediate output (Nth)
wy = the previous intermediate output (N-1th)
wy = The second previous intermediate output (N-2th)
Yo = new section output (Nth)
Thus the transfer function is:
Hiz) = 1+t az71 +aa—2
1—byz—1 — byz—2
Note the signs of the denominator co-efficients (b; and by).
Since coefficients a; and b; can lie in the range +2 it is necessary to perform some scaling to fit them into the frac-
tional arithmetic of the S2815. The scheme used is: halve all coefficients and double all stored data, as shown in Table

5. Thus, all products of coefficients and data remain unchanged. This does, of course, have implications on the
dynamic range of the system, since the signal levels throughout the system must be 6dB lower than would be possible
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otherwise, in order to avoid overflow when the data is doubled. Note that the system normally operates with satura-
tion arithmetic, since the SOP mode is automatically set. The user can change this by setting the COP mode from the
control processor. However, instability may occur after overflow when operating in this mode. As with any digital
filter, care must be taken with the gains that occur in most types of filters, especially in high Q sections. The optimum
sequencing of both the numerators and the denominators of the transfer function polynomial is crucial to realize the
maximum dynamic range of the system.

The use of this routine, including the host processor program, is illustrated in an applications example later in this
Product Description. The execution time is 12 N+ 3 instruction cycles per sample (3.6N + 0.9usec) for an N section
filter. -

11. Recursive (IIR) Digital Filter Routine IIR2. Entry Address $96, $97 or $98

The function of this routine is similar to that of IIR1. The only differences are that a data input routine (equivalent to
using LINIP) is available at the start, and the parameters and exit transfer address are stored in S(6) and S(5) respec-
tively. Entering the routine at address $96 provides the ‘wait for new input’’ function, and entering at address $97
bypasses this feature (see description of LINIP routine). Entering at address $98 bypasses the input function
altogether, and the input data will be taken from S(0), as with IIR1. The 2 recursive filter routines may be used
together by mapping their data into different areas of the RAM, by using different start bases. The maximum total
number of filter sections (shared between the 2 routines) remains at 16. By using the input function built into IIR2
and using LINIP to load data into IIR1, and by using separate output routines (LINO1 and LINO2), it is possible to
process two completely independent signals simultaneously, as long as they have the same sampling frequency. A
typical routine sequence (in a closed loop function) would be LINIP-IIR1—>LINO1—IIR2—>LINO2—>back to
LINIP. The execution time is 12N+ 3 instruction cycles per sample (3.6N+0.9usec) for an N section filter (as for IIR1)
when entering at address $98, and 2 or 1 instruction cycles longer when entering at address $96 or $97 respectively.

12. Transversal (FIR) Digital Filter Routine FIR1. Entry Address $A7

This routine executes a transversal (non-recursive, or FIR) filter function with 1-32 taps. The routine takes its input
data from, and returns the output data to, scratchpad 0. The memory map for this routine (and for routine FIR2) is
shown in Table 6. The data starts at base 0 at all times. The coefficients should be loaded using block transfer and the
(number of taps —1) data is stored in S(7) (bits 8-4). The exit transfer address is stored in S(5). The two scratchpad
locations should be loaded using the SETUP routine.

Table 6. Memory Map FIR1 and FIR2 Routines

DISPLACEMENT | 0 | 1 2 | 3
BASE 00 N EN) Xg Xg
01 a aq X1 X1

02 as a X X

03 ag ag X3 X3

' ! ! | :

: ! | ] [

i i 4

Data for FIR1 Routine 1 L— Data for FIR2 Routine
Note: Scratch pads 1 and 6 are also used for routine to routine transfer when the filters are concatenated.

The algorithm. The algorithm used is straightforward. It computes the sum of products

Yo=2apXg + arxy + agXg .. aN—-1XN-1
where the x; are input data samples in reverse chronological order, i.e., % is the new input sample, xy_; the oldest re-
maining in the storage register. The computation sequence is left to right, i.e., agx; first, then add a; x;, etc. Care must

be taken to avoid overflow due to the system gain. The execution time for an N tap filter is N + 7 instruction cycles.
(0.3N + 2.1usec.) e.g. a 32 tap filter will be executed in 39 cycles, 11.7usec.
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13. Transversal (FIR) Digital Filter Routine FIR2. Entry Address $AF, $B0, or $B1

This routine is very similar to FIR1 except that a data input routine (equivalent to using LINIP) is available at the
start; and the exit transfer address is stored in S(4). It is possible to operate both FIR filter routines concurrently,
since they use mutually exclusive RAM locations for their signal and coefficient data, as shown in Table 6. However,
since both routines use S(7) to store the data for the number of taps in the filters, they are constrained to be equal in
length. This is not a problem in practice since one filter may easily be made shorter than the other by using coefficient
values of zero for the unwanted taps. Note that if entry addresses $AF or $B0 are used for FIR2 then this routine exe-
cutes an independent filter function, with separate input and output from FIR1, but if entry address $B1 is used then
the routine is automatically appended to FIR1 to extend the length of the filter, up to a maximum of 64 taps. This oc-
curs because the last tap data in FIR1 is loaded into the first tap position of FIR2 in the next sample period.
However, the output data of the 2 routines are still treated separately. They must be read out with separate output
routines (LINO1 and LINO2) and summed by the control processor to give the total sum of products for the whole
filter. A typical routine sequence (In a closed loop function) for using FIR1 and FIR2 would be

LINIP—FIR1—-LINO1-FIR2—LINO2—back to LINIP

If FIR2 is entered at addresses $AF or $B0 then this will execute 2 independent filters of the same length with
separate I/O. If FIR2 is entered-at $B1 then the function becomes a single double length filter with a single input and
2 outputs which must be summed externally.

The execution time of FIR2 is N+ 10 instruction cycles per sample (0.3N+3.0usec) for an N tap filter when entering at
address $B1, and 2 or 1 instruction cycles longer when entering at addresses $AF or $BO0.

14. Rectifier Routine, RECT. Entry Address $BC

This routine gives the absolute value of the input data, so that in analog terms it acts as a perfect full wave rectifier.
It will usually be used with the routine FINT. It takes its input from, and returns the output to S(0), and the exit

transfer address is stored in RAM $1F.2 using the SETUP routine. The execution time is 3 instruction cycles
(0.9usec). )

15. Squaring Routine, SQUAR. Entry Address $BF

This routine squares the input data, so that in analog terms the output is representative of the power level of the
signal. When used with the FINT routine the result will be the mean square signal level. It takes its input from, and
returns the output to, S(0), and the exit transfer address is stored in RAM $1F.2 using the SETUP routine. The exe-
cution time is 5 instruction cycles. (1.5usec.) '

16. First Order Integrator Routine, FINT. Entry Address $C4

This routine executes a first order recursive filter function, and although it is intended to be used as an integrator, it
will equally act as a high or low pass filter. The function will be dependent on the coefficient by used in the algorithm.
Yo=%X t by

giving the transfer function
Ho=_ !
1 —bl z—1
When b; =+1 the system becomes a perfect, i.e., zero leakage, or infinite time constant, integrator. This is not quite
attainable in practice since the maximum possible value of by is $7FFO0. (The last hexad is a zero not F, because the
coefficient is truncated to 12 bits at the multiplier input.) This is equivalent to a decimal value of 0.9995. The coeffi-

cient by is stored in RAM location $1F.1 using block transfer, and the exit transfer address is stored in RAM $1F.0
using the SETUP routine. The execution time is 6 instruction cycles (1.8usec.).

17. Rectify and Integrate Routine, RINT. Entry address $CA

This routine is equivalent to a combination of RECT and FINT. The coefficient b, is stored in RAM location $1D.1
using block transfer, and the exit transfer address is stored in RAM $1E.0 using the SETUP routine. The execution
time is 8 instruction cycles (2.4usec.) making it 1 cycle faster than using RECT and FINT.
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18. Square and Integrate Routine, SQINT. Entry Address $CE
This routine is equivalent to a combination of SQUAR and FINT. The coefficient b, is stored in RAM location $1D.1

using block transfer, and the exit transfer address is stored in RAM $1E.0 using the SETUP routine. The execution
time is 8 instruction cycles (2.4usec.) making it 3 cycles faster than using SQUAR and FINT.

19. Sine Generator Routine, SINE. Entry address $D6

This routine computes the sine of the input angle. The input data is required in the form of w/n so that input data
varying from —1 to +1 will represent angles from —n to +n, covering a full cycle, or rotation. Cosines may be obtain-
ed by complementing the angle.

The algorithm. The 2 MSBs of the input angle (B;5-B14) denote the quadrant in which angle lies. This information is
first extracted and stored. The next 4 bits (By3-B; () are then used to address a 16 step sine/cosine lookup table, giving
64 values for the quantized angle in the 4 quadrants. The remaining bits are then used to interpolate between these 64
values, using the relationship:

sin(A+d)=sin A cosd+ cos A sind

and the approximations cos d = 1
and sind — 4

giving sin (A + d)=sin A + d cos A

} for small values of ¢

Since d < 6° (360/64) the maximum error in the approximation is 0.5% so that the result is correct to approximately 9
bits, including the sign. The routine takes its input from, and returns the output to, S(0), so that it may be used as
data either for an output routine or as an input for one of the other computational routines. The execution time of the
routine is 15 instruction cycles (4.5usec.).

20. Noise Generator Setup Routine, NSET. Entry Address $SE5

This routine sets up a non-zero starting value in the RAM location used as the register for the PRBS in the NOISE
routine, and also allows the user to set a scaling factor for the output level of the noise. The peak level of the noise is
equal to the scale factor used. A 6800 control program to execute this function is shown below:

LDA A #SCALE ;FETCH SCALE FACTOR
STA A DUH ;LOAD INTO IR (MSBYTE)
STA A XEQ ;EXECUTE NSET

where: DUH EQU $HHH2
XEQ EQU $HHH4

and SCALE is the desired scale factor in the range $00 to $7F. It is assumed that 8 bit precision is sufficient for the
scale factor, but a 12 bit scale factor may be used if desired. The execution time of the routine is 4 instruction cycles
(1.2usec.) and the routine returns to the idle state after execution.

21. Noise Generator Routine, NOISE. Entry Address $E9

This routine generates a pseudo-random-binary-sequence of length 32767 cycles (215 —1) using a 15 bit shift register
with linear (exclusive - OR) feedback from the last 2 bits. The register is actually RAM location $1D.0, so that the
result is that a pseudo-random number in the range $0001 to $7FFF is generated in this address. The value is then
offset by $4000 to make the range symmetrical about zero (to eliminate the D.C. component) and doubled, making the
new range $FFFE to $7FFE. It is then multiplied by the scaling factor loaded using the NSET routine, so that any
peak value may be obtained. The output is loaded into S(0), so that it may be used as data either for an output routine
or as an input for one of the other computational routines. The execution time of the routine randomly varies from 16
to 17 instruction cycles (4.8 - 5.1usec.), with a mean time of 16.5 cycles over the entire sequence.

Cascading the Routines to Perform Functions

In order to perform a real function with the S2815 it is necessary to cascade a number of routines by setting up the
appropriate exit transfer addresses to cause each routine to jump to the entry address of the next. The complete se-
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quence may be open ended, jumping to the idle state after executing the final routine, or closed loop, jumping back to
the entry address of the first routine after executing the last. A sequence will usually consist of an input/generation

routine, followed by a chain of computational routines, ending in an output routine. This is explained in more detail in
the examples.

Compatibility and Mutual Exclusivity of Routines

Since some routines share common storage locations for their exit transfer addresses, they are generally incompati-
ble, or mutually exclusive, e.g., the two input routines LINIP and MULIP both use S(2) to store their exit transfer ad-
dresses, and consequently the function executed will be identical after exit from either of these two routines. In a clos-
ed loop situation, therefore, the function will always return to the same input routine after completion of the cycle, so
that the other input routine becomes redundant. However, it is very unlikely that a situation would arise where both

input routines would be required within the same closed loop program, so that this mutual exclusivity is very unlikely
to be a problem.

The reason for using common exit transfer address storage locations is to reduce the memory requirement for this
function, so as to make more memory available for the computational routines, such as the IIR and FIR routines. It
will be found that in most cases no conflict will occur since the storage locations have been allocated in such a way as
to minimize the mutual exclusivity of routines that are likely to be used together.

Another factor that can cause unwanted interaction between routines is common allocation of addresses for coeffi-
cients and/or data used internally in routines. In some cases this data is only stored temporarily in these locations and
it is not necessary to preserve these data from one sample period to the next, however, in other cases this is not so. A
good example is the use of scratchpads 1 and 6 in the FIR2 routine. These are always used (and overwritten) during
the execution of this routine, but are only used for sample to sample data storage if this routine is used to extend the
length of a filter with FIR1 i.e., by entering at address $B1. In the latter case the execution of the routine will be upset
if another routine using these scratchpads (e.g., SINE, which uses S(1)) is incorporated in the program sequence. The
memory maps for the BMPY, IIR1 & 2, and FIR1 & 2 routines are shown in Tables 4, 5, and 6. The address used in
these routines are dynamically allocated according to the requirements e.g., the number of taps in the FIR filters, and

care must be taken when using these routines in conjunction with others. A memory map for the locations used by the
other routines is shown in Table 7.

Table 7. Memory Map for Routines (except BMPY, IIR and FIR)

| sp 0 1 2 3
1/0 DATA (MOST ROUTINES) | T(4, 7, 8, 13, 19) D(13)* E(3, 4) E(5, 7)
[ sp 4 5 6 7
E(10, 13) E(11, 12) P(11) P(10, 12, 13)
—>DISPLACEMENT
BASE/ 0 1 2 3
1C. ] T8) T(8)
1D. D(21) T(21) C(17, 18) c(21) T(21) D(17, 18)
iE. E(17, 18, 19, 21) T(18) E(6.8) T(15)
iF. E(16) C(16) E(14, 15) D(16)
NOTES: - EXIT TRANSFER ADDRESS

S —HooOTomm

=

COEFFICIENT

PARAMETERS (BASE REGISTER AND LOOP COUNTER DATA)

DATA (STORED FROM ONE SAMPLE PERIOD TO NEXT)
TEMPORARY DATA (USED ONLY DURING EXECUTION CYCLE)
ROUTINE NUMBER IN WHICH IT IS USED

(see Table 3 for cross-reference to routines)
*ONLY WHEN FIR2 ROUTINE IS ENTERED AT ADDRESS $B1 TO CONCATENATE FILTERS.
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Hardware

The minimum hardware for the S2815 is shown in Figure 4. This does not include any provisions for analog interfac-
ing, which is treated in the next section. The S6846 ROM/I/O/TIMER is used to store the S6802 control program and
parameters, handle the parallel I/0O from the S2815 and generate timing signals, e.g., sampling control. The
microprocessor is synchronized to the sampling period by means of the NMI signal generated by the EOC (end of con-
version) output of the A to D converter, if necessary. (This is unnecessary when using the serial port of the S2815 to

handle the data from the A to D converter.)

44— +5V

5.1KQ 3

Figure 4. Minimum Hardware Configuration

_ $6802 AMHz
T RST P, =
Vo R0 MW  VMA E D-BUS  15(A-BUS)D
1RO 15 11
TO OTHER
PERIPHERALS 0 3
\
TS0 CLK D-BUS CS1 A-BUS
RST
_ 6846
IRQ ROM/I/O/TIMER
RIW
P-PORT P2
\
(TR0 AW D-BUS E
LAsT 0
20MHz $2815 DFUP
—E[:l ADDRESS NNNX F-BUS
T 8
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Interfacing to the Serial Port

The serial port allows bidirectional asynchronous interfacing between the S2815 and other devices such as successive
approximation A/D converters and PCM Codecs or highways (using the MULIP and MULOP routines). Note that
the data is inverted on both input and output. Data is clocked into and out of the S2815 with the serial clocks SICK
and SOCK respectively, and gated with the enable lines SIEN and SOEN. The timing is shown in Figure 5.

Figure 5. S2815 Serial Interface Timing

SERIAL INPUT

S I PR I O o 6 S

SEN__ | T S R B
SIGN  MSB 158

DATA) — — — — o 0

(s,)_____1]z|3|4|5|—— [os e ) __ [ T2

1. SIEN MUST BE SYNCHRONIZED TO THE FALLING EDGE OF SICK SUCH THAT THE RISE AND FALL OF SIEN FOLLOW
FALLING EDGE OF SICK.

DATA MAY CONTAIN 1 TO 16 BITS DEFINED BY WIDTH OF SIEN. SPP WILL LEFT JUSTIFY DATA WORDS 16 BITS.
DATA ARE SAMPLED ON THE TRAILING EDGE OF SICK.

MINIMUM 16 SICK PULSES + 64 CYCLES OF $2815 OSCILLATOR ARE REQUIRED BETWEEN SIEN RISING EDGES.
IF SERIAL INPUT BUFFER IS FULL, SPP WILL IGNORE NEW INPUT SAMPLES.

THE SERIAL DATA IS INVERTED AND MAY BE EITHER IN SIGN + MAGNITUDE OR TWO'S COMPLEMENT CODE.

LA

SERIAL OUTPUT

1SS I Iy I P I By O

L p— .

___ SEN MsB [C
Wz [1[2[3[a[s] —- Jis[16] wz

(DATA) —
S0 _

RISE AND FALL OF SOEN MUST FOLLOW FALLING EDGE OF SOCK.
QUTPUT DATA WILL BE 1 TO 16 BITS DEFINED BY WIDTH OF SOEN.

. DATA ARE VALID FROM RISING EDGE TO RISING EDGE OF SOCK SO THAT THE RECEIVING SYSTEM CAN SAMPLE
DATA ON TRAILING EDGE.

4. MINIMUM 16 SOCK PULSES + 64 CYCLES OF $2815 OSCILLATOR ARE REQUIRED BETWEEN SOEN RISING EDGES.
5. IF THE SERIAL QUTPUT BUFFER IS EMPTY, ALL ONES WILL BE OUTPUT.
6.
7

PO

. SO WILL BE IN A HIGH IMPEDANCE STATE WHEN NOT ENABLED BY SERIAL OUTPUT SEQUENCE.
. THE SERIAL DATA IS INVERTED AND MAYBE EITHER IN SIGN + MAGNITUDE OR TWO0'S COMPLEMENT CODE.
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ADVANCED PRODUCT DESCRIPTION
S2816

Features

0O S2811 Based System With Echo Canceller
Routines

O

Especially Suited to Single-Hop or Double-Hop
Satellite and Long Haul Terrestrial Circuits

Eliminates Echo Without Signal Degradation
Allows Full-Duplex Speech
Accommodates Unlimited Long Haul Delays

Operates With Local Loop Delays of Up to
25mSec. Expandable in 25mSec Increments Up to
100mSec

O o0gao

[0 Cancel Echoes With up to 6mSec Dispersion
[0 Convergence Time < 250mSec

ECHO CANCELLER
PROCESSOR (ECP)

General Description

The AMI S2816 Echo Canceller Processor (ECP) is a pre-
programmed version of the S2811 Signal Processing
Peripheral. Architectural and internal operating details
of the S2811 may be found in the S2811 Advanced Pro-
duct Description. The S2816 is designed to provide the
main echo canceller processing functions in a micropro-
cessor based split-type echo canceller system. Program-
med functions provided by the S2816 include 255 law-
to-linear and linear-to-u255 law I/O conversion, local loop
delay estimation, 48-tap auto-equalizing transversal
filter, silence detection, and echo canceller performance
estimation. This collection of routines allows the S2816
to dynamically eliminate echoes from long distance
satellite undersea cable and terrestrial communication
systems, employing either analog or digital links.

Typical System Application

§2816
ECP
BASED
SYSTEM

] @ 1

| |

! |

1 I

| |

! 1

52816 | h
ECP | LONGDELAY

PATH

I

1 BASED
] SYSTEM
[}

[} |
[} |
1 1
| I
] ]
1 |
LOCAL ECHO 1 | ECHO
FACILITY CANCELLER | | CANCELLER

/]
Se[] 1 28] Vec
NOT USED ] 2 27[7] SIEN
. . NOT USED ] 3 26 [] SicK
: Lr?Ac'I"ML : D[] 4 25 [7] sock
| (TAIL CIRCUIT) | D[] 5 24 7] SOEN
! ! 0[] 6 50
2 23 [ 50
_;__Sc,__i_. g ° sass 2P
1 1 ] 7 22 [ 0sCi
\ | D] 8 ECP 21ose
1 | Ds— 9 20 [ F
1 (c 1 O g AU
1 1 05 — 10 18 F
H H O m}
1 1 1] O 1" 18 N F;
1 [} w
1 | LOCAL n/_w 0" Ok
] 1 FACILITY RQ E 13 16 :I ITST
Ves ] 14 15

Pin Configuration
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Echo Canceller Routines
1/0 Conversion

The input and output conversion routines are optional
routines used when the echo canceller is placed in a PCM
data stream, or when the echo canceller is placed in an
analog data stream and a codec is used at the interface.
The input conversion routine converts u255 law PCM
data to linear data. The output conversion routine con-
verts linear data to 255 law PCM data.

Local Loop Delay Estimator

The local loop delay estimator is used to determine the
delay around the local loop. This information is supplied
to the control processor which transfers the received data
delayed by this estimate. The maximum local loop delay
handling capability of the S2816 is 25.6mSec. May be
expanded in 25mSec increments to 100mSec by adding
additional memory storage.

Auto-Equalizing Transversal Filter

The auto-equalizing transversal filter is used to model the
echo so that it may be subtracted from the signal pre-
sented on the long haul side. A 48-tap filter is used to ac-
complish this task. Echoes with up to 6mSec dispersion
may be eliminated by this arrangement.

Silence Detector

The silence detector is used to control the learning rate of
the auto-equalizing transversal filter; the silence detector
routine calculates the running power average and makes
a decision whether the incoming signal is speech or noise.
If there is no signal to learn on, or there is a high level in-
terfering signal, learning is suspended.

Echo Canceller Performance Estimator

The Echo Canceller performance estimate, like the silence
detector, is used to set the learning rate of the echo
canceller. The learning rate of the canceller is set at a
level which is proportional to the estimated performance.
Performance is based on the ratio of the running
averages of the signal before and after cancellation. This
ratio is used to control the learning rate of the auto-
equalizing transversal filter. Convergence time, for 18dB
echo cancellation with a 6dB Echo Return Loss (ERL), is
less than 500mSec plus the local loop delay time.

System Application

A proposed echo canceller system based on the S2816 is
shown in Figure 2 together with the expected perfor-
mance specifications. The S3507 codecs provide the re-
quired interfacing to the analog data stream. The
S68A52 synchronous serial data adapter is used to con-
vert the serial data stream into 8-bit words which can
then be loaded into the S6810 RAM. The S6810 is used
to store the receive data for a period of time equal to the
local loop delay and then loaded into the S2816 for pro-
cessing. The S6846 ROM-I/0-Timing is used to store the
S6802 program, control the I/O between the S6802 and
S2816, and provide timing signals required by the
codec’s. The S2816 performs the echo cancelling routines
outlined above. Finally, the S6802 controls and monitors
the entire operation. ‘

Typical Echo System Specifications Using the S2816

‘O Echo Return Loss (ERL) >6dB
)

0 Residual Echo (Center
Clipping Operating/Echo
Suppression at High S/N

Ratios) <—60dBmo

[0 Convergence Time:
ERL of 6dB
and Ry, of —10dBmo)

12dB < 250mSec
18dB < 500mSec

00 Maximum Tail Circuit 25.6mSec (1200 mi.
Delay nominal)
0 Nominal Transmission +7dBm receive path

Levels
Insertion Loss

Frequency Response

—16dBm send path
0 +0.5dB, @1004Hz

+0.5dB, 300-3200Hz
Ref. to 1KHz

[0 Harmonic Distortion <1% for OdBmo test
tone @1004Hz
O Idle Noise <16dBrnco
O Envelope Delay <100ySec,
Distortion 500-3000Hz
0O Dynamic Range +3.5 to —60dBmo
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System Application
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S3501/S3501A, S3502/S3502A

Features

|
|

CMOS Process for Low Power Dissipation

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

Low Absolute Group and Relative Delay
Distortion

Single Negative Polarity Voltage Reference Input
Encoder with Filter Chip Has Built-In Dual
Speed Auto Zero Circuit with Rapid Acquisition
During Power Up that Eliminates Long Term
Drift Errors and Need for Trimming

Serial Data Rates from 56kb/s to 3.152Mb/s at
8kHz Nominal Sampling Rate

J Programmable Gain Input/Output Amplifier
Stages

O
O

SINGLE CHANNEL
u-LAWPCMCODEC/FILTERSET

(] CCIS* Compatible A/B Signaling Option—
S3501A/S3502A

General Description

The S3501 and S3502 form a monolithic CMOS Compan-
ding Encoder/Decoder chip set designed to implement
the per channel voice frequency CODECS used in PCM
Channel Bank and PBX systems requiring a p-255 law
transfer characteristic. Each chip contains two sections:
(1) a band-limiting filter, and (2) an analog < digital
conversion circuit that conforms to the u-255 law transfer
characteristic. Transmission and reception of 8-bit data
words containing the analog information is typically per-
formed at 1.544Mb/s rate with analog sampling occur-
ring at 8kHz rate. A strobe input is provided for syn-
chronizing the transmission and reception of time multi-
plexed PCM information of several channels over a single
transmission line.

*Common Channel Interoffice Signaling

S$3501 Block Diagram Encoder with Filter

Pin Configuration
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S3501/S3501A, S3502/S3502A

S3501 Encoder with Filter
Functional Description

S3501 Encoder with Filter chip consists of (1) a bandpass
filter with D3 filter characteristic, (2) an analog to digital
converter that uses a capacitor array, (3) a phaselock loop
that generates all internal timing signals from the exter-
nally supplied strobe signal and (4) control logic that per-
forms miscellaneous logic functions.

The band-limiting filter is a 5th order low pass elliptic
filter followed by a third order Chebyshev high pass
filter. The combined response characteristic (Figure 3) ex-
ceeds the D3 filter specifications. Note that the loss
below 65Hz is at least 25dB which helps minimize the
effect of power frequency induced noise.

The analog to digital converter utilizes a capacitor array
based on charge redistribution technique (Ref. 1) to per-
form the analog to digital conversion with a pu-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 after signalling
insertion has been done.

S3501 Encoder with Filter
Pin Function Descriptions

Strobe: (Refer to Figure 1 for timing diagram.) This TTL
compatible input is typically driven by a pulse stream of
8kHz rate. Its active state is defined as a logic 1 level and
should be active for a duration of 8 clock cycles of the shift
clock. A logic ““1” initiates the following functions: (1) in-
structs the device to acquire a new analog sample on the
rising edge of the signal (logic 0 to logic 1 transition); (2) in-
structs the device to output the data word representing the
previous analog sample onto the PCM-out pin serially at
the shift clock rate during its active state; (3) forces the
PCM-out buffer into an active state. A logic “0” forces the
PCM-out buffer into a high impedance state if the Out Con-
trol pin is wired to Vpp. This input provides the sync infor-
mation to the phase-lock loop from which all internal tim-
ing is developed. The absence of the strobe conveys power-
down status to the device. (See functional description of
the phase-lock loop for details.)

Shift Clock: This TTL compatible input is typically a
square wave signal at 1.544MHz. The device can operate
with clock rates from 56kHz (as in the single channel
7-bit PCM system) to 3.152MHz (as in the T1-C carrier
system). Data is shifted out of the PCM-out buffer on the
rising edges of the clock after a valid logic 0 to logic 1
transition of the strobe signal.

PCM-Out: This is an open drain buffer capable of driving
one low power Schottky (74LS) TTL load with a suitable
external pull-up resistor (1kQ). This buffer is in active
state (as controlled by the value of the data bit) whenever
the strobe signal is a logic 1 and is in a high impedance
state when the strobe input is a logic 0 and if the out con-
trol pin is wired to Vpp supply. When the out control is
wired to Vgg the state of the output buffer is controlled
by the value of the data bit being shifted out. For 56kHz
and 64kHz PCM systems where output data is a contin-
uous bit stream, the out control pin should be connected
to Vgg.

A/B Select: (S3051 only) (Refer to Figure 2 for timing
diagram.) This TTL compatible input is provided in order
to select the path for the signaling information. It is a
transition sensitive input. A positive transition on this
input prior to the negative transition of the strobe input
selects the “A” signaling input and is transmitted as the
eighth bit in the subsequent frame. Similarly, a negative
transition causes selection and transmission of informa-
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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: (S3501A only.) This is an open drain buffer
capable of driving one low power Schottky (74LS) TTL
load with a suitable external pull-up resistor 10k%). This
is an optional output for implementing CCIS compatible
A/B signaling. (See Figure 2b.) During data bit 1 time, A
signaling bit is output. During remaining 7-bit times, B
signaling bit is output. This output is in a high impe-
dance state when strobe is not present.

Out Control: This is a CMOS compatible input and must
be wired to either the Vpp or Vgg (except in ‘test’ mode).
When connected to the Vgg, The PCM-out buffer is
always in the active state. For continuous analog-to-
PCM operation at 56 or 64kb/sec, Out Control should be
tied to Vgg.

Vin—s Vin+» Ving: These three pins are provided for con-
necting analog signals in the range of —Vggp to +Vygr
to the device. Viy_ and Viy are the inputs of a high in-
put impedance op amp and Viyy is the output of this op
amp. These three pins allow the user complete control
over the input stage so that the input stage can be con-
nected as a unity gain amplifier, amplifier with gain, amp-
lifier with adjustable gain or as a differential input ampli-
fier. The adjustable gain configuration will facilitate
calibration of the transmit channel and testing of the en-
coder in a stand alone situation. The input stage also
allows the user to construct an anti-aliasing filter to
provide sufficient suppression at 128kHz. (See Design

Considerations on page 13.)

—Vggr: The input provides the conversion reference for
the analog to digital conversion -circuit. A value of
—3volts is required. The reference must maintain
100ppM/°C regulation over the operating temperature
range. A high input impedance buffer is provided on this
input which facilitates bussing of the same reference
voltage to several devices.

AZ Filter: A capacitor Cpz (nominal .022uF) is required
from this pin to analog ground for the functioning of the
on-chip auto zero circuit. The most significant bit (sign
bit) is filtered by the auto zero circuit and fed back to the
input of the A/D converter to compensate for filter output
offset variations. This technique insures that the long
term average of the sign bit will be zero.

Analog Ground, Digital Ground: Two separate pins are
provided for connection of analog signals referenced to
analog ground and digital signals referenced to digital
ground. This minimizes switching noise associated with
the digital signals from affecting the analog signals.

Vbp» Vss: These are positive and negative supply pins.

Loop Filter: A capacitor Cgop (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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NOTE 2. A/B SELECT GOES HIGH IN STH FRAME AND LOW IN 11TH FRAME FOR ENCODER.
FOR DECODER IT GOES HIGH IN 6TH FRAME AND LOW IN 12TH FRAME.
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NOTE 1. IDLE CHANNEL NOISE CAN BE REDUCED BY AVOIDING COINCIDENCE BETWEEN THE FALLING EDGE OF THE
SHIFT CLOCK AND RISING EDGE OF STROBE SIGNAL (see Figure 2C).
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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Figure 2-B. CODEC System Timing Diagram
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Figure 2-C.

I

1

STROBE ‘¢ ’,
(FOR SHIFT CLOCK i 7 1
=2.048mHz) : !
[ (e |

STROBE Vs ) |
(FOR SLOWER SHIFT CLOCKS) ! | !
' I

NOTES:

1. THE RISING EDGE OF THE STROBE MUST BE WITH IN Ty AND THE FALLING EDGE WITHIN T5. T, = 200ns (MIN).

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

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

4. ADJUSTING THE FALLING EDGE OF THE SHIFT CLOCK WILL NOT AFFECT IDLE CHANNEL NOISE.
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Figure 3. $3501 Encoder Filter Loss Response
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$3501 Absolute Maximum Ratings

DC Supply Voltage VDD «vvvvnnitiiiiiii it i e ittt it i +6.0V
DC Supply Voltage Vgg « .o v vttt e e e e i e e e —6.0V
Operating Temperature . ............oeeitiiteitetttentnttetieneiiinoeiinseeatineeaannns 0°C to +70°C
Storage Temperatire . ........coueeineiennnneeeereeeeinnneeneereeeeesseeneensonnas —65°C to +150°C
Power Dissipation at 25°C ... ... ittt ittt e e s 250mW
Digltal 0T« 1 —0.3<sViysVpp +0.3
Analog Input .......ouiiiii i e —VRErsSVINSVREF
Bk T4 0 2 Vss<VRer<0

83501 Electrical Operating Characteristics (Tp =25°C)
Power Supply Requirements

Symbol Parameter Min. Typ. Max. | Units Conditions
V+ Positive Supply 4.75 5.0 5.25 A%
V- Negative Suppply —4.75 | —5.0 | —5.25 \% L
- See Figure 7
—VREF Negative Reference —24 -3 —3.10 \%
Popr Power Dissipation (Operating) 60 100 mW
PstaY Power Dissipation (Standby) 15 mW
§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
Dsc 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 C;,=50pF 100 125 ns 1kQ Pull-Up on PCM
. Out selected for
tfd PCM Output Fall Time C;,=50pF 50 70 ns desired rise time
A/B Select to Strobe Trailing
tdss Set Up Time 100 ns
t, 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, —Vgrgr=—38.0V see Figure 9.)

Symbol Parameter Min. | Typ. | Max. | Units | Conditions
Rina Analog Input Resistance 10 MQ | Vin—, Vin+ Inputs
CIN Input Capacitance 10 pF | Vin—, Vin+ VinF Inputs
Logic Input Low Current _
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 A%
Vig Logic Input “High” Voltage 2.2 A%
IREFP— Negative Reference Current 150 | 300 nA
Negative Reference Input
RRer- Resistance 10 Me
Logic Output “Low” Voltage
VoL (Pg‘M Outl)’ g 08 | V |IgL=5mA
Logic Output “Low’’ Voltage
VoL ( Aﬁ; Out)p g 08 | V |Iogp=.1mA
Ion PCM Output Off Leakage Current 1 A | Vo=0 to 5V

S$3501 Analog Performance Characteristics

Condition
Parameter Min. Typ. Max. Unit Analog Input=
(dBmO)
35 40 dB 0
35 40 dB —20
35 39 . dB —25
Signal to Distortion 35 38 dB —30
32 35 dB —35
29 32 dB —40
25 28 dB —45
0+.02 +0.25 dB —10
0+0.02 +0.25 dB —20
0+0.03 +0.25 dB —25
. . 0£0.03 +0.25 dB —30
Gain Tracking —.02+0.04 | *0.25 dB -35
—.02%0.06 +0.50 dB —40
—.02+0.09 +0.50 dB —45
—.02%0.13 +0.50 dB —50
Idle Channel Noise 12.5 19 dBrncO Analog Input to
Analog GND
Transmission Level Point 5.4 dBm
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S$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 ¢ircuit. 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 Agyr pin and latched until up-
dated again after the next positive transition of the A/B
select input. Similarly “B" signaling information is
routed and latched at the Bgyr pin after each negative
transition of the A/B select input. The A and B outputs
are designed such that either relay or TTL compatibility
can be achieved (see detailed description under Pin/Func-
tion descriptions). In the CCIS compatible A/B signaling

option ‘A" bit is latched during the data bit 1 time and
“B’" bit is latched during the data bit 8 time.

$3502 Decoder with Filter
Pin/Functions Descriptions

Strobe: (Refer to Figure 1 for timing diagram.) This TTL
compatible input is typically driven by a pulse stream of
8kHz rate. Its active state is defined as a logic 1 level and
is normally active for a duration of 8 clock cycles of the
shift clock. It initiates the following functions: (1)
instructs the device to receive a PCM data word serially
on PCM IN pin at the shift clock rate; (2) supplies sync
information to the phase-lock loop from which all internal
timing is generated; (3) conveys power-down mode to the
device by its absence. (See functional description of the
phase-lock loop for details.)

Shift Clock: This 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.

—Vgrer: 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.

VourtLs IN—: These two pins are the output and input of
the uncommitted output amplifier stage. Signal at the
VouTH pin can be connected to this amplifier to realize a
low output impedance with the unity gain, increased gain
or reduced gain. This allows easier calibration of the
receive channel and testing of the decoder in a stand
alone situation.

Analog Ground, Digital Ground: Two separate pins are
provided for connection of analog signals referenced to
analog ground and digital signals referenced to digital
ground. This minimizes switching noise associated with
the digital signals from affecting the analog signals.
Vpp» Vss: These are the positive and negative power sup-
ply pins.

Loop Filter: A capacitor Cy,gop (nominal .1uF) is required
from this pin to digital ground to provide filtering of the
phase comparator output.

A/B IN: (S3502A only) This optional TTL compatible in-
put is provided to implement CCIS compatible A/B
signaling scheme.Time multiplexed A, B signaling infor-
mation is applied at this input and recovered by the
decoder as shown in Figure 2-b.

1d48/01V
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40 -
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Figure 5. $3502 Decoder Filter with Sample & Hold Loss Response
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Figure 6-A. Waveform Detail
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Figure 6-B. Decoder A/B Output Timing
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S§3502 Absolute Maximum Ratings
DC Supply VOItage VDD .« v uetneitiiti ittt ittt i ittt +6.0V
DC SUPPLY VOItAZE VGG -« e v ettt ettt ittt et et e —6.0V
Operating Temperature ............ ..o 0°C to +70°C
Storage Temperature . ..... ...ttt i i e —65°C to +150°C
Power Dissipation at 25°C ... ...ttt e s 250mW
Digital Input ................................................................... —0'3<VIN<VDD +0.3
Analog Input .................................................................... _VREFSVINszEF
_VREF ............................................................................... VSS<VREF<O
§3502 Electrical Operating Characteristics (Ty =25°C)
Power Supply Requirements

Symbol Parameter Min. Typ. Max. | Units Conditions

V+ Positive Supply 4.75 5.0 5.256 \Y

V- Negative Supply —4.75 | —5.0 | —5.25 \Y% See Figure 11

—VREr Negative Reference —-24 -3 —-3.1 v

Popr Power Dissipation (Operating) 60 100 mW

PsryY Power Dissipation (Standby) 15 mW
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§3502 AC Characteristics (Refer to Figures 1 and 6)

Symbeol Parameter Min. Typ. Max. Units Conditions
fsc Shift Clock Frequency 0.056 1.544 3.152 MHz
Dgc Shift Clock Duty Cycle 40 50 60 %
tre Shift Clock Rise Time 100 ns
tfc Shift Clock Fall Time 100 ns
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
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

S$3502 Decoder DC Characteristics 5V Power Supplies, —Vygp=—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

IRgr- Negative Reference Current 150 300 nA

Negative Reference Input

RpEr- Resistance 10 Me
ViL Logic Input (Shift Clock, Strobe, 08 v
PCM In) “Low” Voltage
Vi Logic Input “High” Voltage 2.2
InL Logic Input “Low” Current 1 HA | V,=0.8V
Iing Logic Input “High” Current 1 uA | Vig=2.0V
VoL A, B Output “Low” Voltage 0.8 A\ Polarity=Dig. Gnd,
IOL =1mA
VoL A, B Output “Low” Voltage Vss+1.0 V | Polarity=Vgg, Io;, =1mA
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$3502 Analog Performance Characteristics

Condition
Parameter Min. Typ. Max Unit Analog Input=
(dBmO)
35 40 dB 0
35 40 dB —20
35 38.5 dB —25
Signal to Distortion 35 39 dB —30
32 36.5 dB —35
29 33.5 dB —40
25 29 dB —45
.02=%.02 +0.25 dB —-10
.04+.02 +0.25 dB —20
.04£.03 +0.25 dB —25
. . .03+.03 +0.25 dB -30
Gain Tracking 04+.04 | +025 dB -35
.04+.05 +0.50 dB —40
1+.05 +0.50 dB —45
15+.07 +0.50 dB —50
Idle Channel Noise 9 13 dBrncO PCM Input to
Analog GND
0 Transmission Level Point 49 dBm —3V Vggr
(Digital Milliwatt Response) 6002 Load
$3501/S3502 System Characteristics
Typical Group Delay Characteristic
Abs. Gr. Delay Relative Gr. Delay Distortion
Device us (Over Band of 1000 Hz to
f = 1000Hz f = 2600Hz 2600Hz wrt 1000Hz) us
Encoder Low Pass 132 220 88
Encoder High Pass 104 22 —82
Encoder Total 236 242 6
Decoder Low Pass 153 250 97
Encoder + Decoder (Total) 389 492 103
End to End Group Delay
(Encoder Analog Input to 639 742 103
Decoder Analog Output)

Design Considerations

Because the Codec set is required to handle signals with a
very large dynamic range, optimal analog performance
requires careful attention to the layout of components:

The analog ground, digital ground, Vpp and Vgg busses
should run independently to the power supply, or at least
to the edge connector. They should be separate for each
chip and should be kept as wide as possible on the printed
circuit.

The connections should be as independent as possible.
For example (see Figure 7), the 750Q pull-up resistor to
Pin 6 should join the Vpp supply at the edge connector
and not at the device pin.

Decoupling capacitors should be as close as possible to
the power supply pin and analog ground pin.

Digital signal lines should be kept away from analog
signals, and separated by an analog ground line where
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 5MQ resistor.

Anti-Aliasing

In applications where anti-aliasing pre-filtering is re-
quired, 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).

Figure 7. Hookup Schematic for $3501 Using 1.544mHz Shift Clock Rate
-0 —3V
5MQ | 1 0.14F
—AW TEST —Vige |18 —
.022uF 0.1uF
I 2{ Az Loop { 17 1?}? ||“
i FILTER FILTER W 1
3.9k 3 vee 118 470pF'
WA Vine ss —04 o0 —5V
680ij' $3501 T T 1‘?{914
4y ANALOG [15 T -1 T2.24F _ ANALOG
W+ GND GND
~~ 3300pF
5 14
ﬁ}:’?}g ——AAA- T AA ViN— STROBE < STROBE
3.9kQ 5.1kQ
PCM ¢ §) pcw oiaiTAL |13 _o DIGITAL
ot~ out GND GND
SHIFT | __ 7] SHIFT A |12
CLOCK 1 CLOCK SIG IN
7500 3 8| our g (11
CONTROL SIGIN [
1N914
9 A |10
tov o Voo SELECT [
A B
2.2uF T IJ“FI
NOTE: TEST PIN 1 MUST BE CONNECTED TO PIN 16 (NOT —5V) TO PREVENT FORWARD BIASING THE PIN.
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Figure 8. Selection of Loop Filter Network

LOOP FILTER _
(PIN1T) T

Figure 9-B.
Supply Decoupling for the Vg Supply Pin

1N914 OR EQUIVALENT
-5V 0———K}——— Vss (PIN 16)
10k
—— 470pF
— 4709 2.24F ;: 0.1yF
0.A4F
DIGITAL GND _
(PIN 13)
- ANALOG GND
= (PN 15)
Figure 9-A. Figure 10. Anti-Aliasing Filter
Supply Decoupling for the Vpp Supply Pin
5 PIN 3 (ViNe)
1N914 OR EQUIVALENT
. . <
+5V o D} > Voo (PIN Q) 3 -
‘b
> fe
2.2uF 0.1uF ° WAA AAA » PIN5 (Vin—)
R3
- .,
R = Ry = 3.9k
L ANALOG GND & = Saop
- P PIN 15 (AGND) C1 = 3300pF
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S$3502/S3502A Design Guidelines

ing with T2 output levels; not shown in Figure 11), R
Figure 11 depicts a recommended S3502 circuit. Allof the should be 47K< or greater.

following comments apply to Figure 11: Pin 1 should be connected to Pin 10, and not just to —5V,
Ayt and Boy are connected to Vpp. R should belarger  to avoid forward biasing the pin.

than 10K to reduce noise. The 51KQ output amplifier resistors should be carefully

When pin 1 is connected to DGND (non-inverted signal- positioned away from the digital signals.

Figure 11. Hookup Schematic for S3502 Using 1.544mHz Shift Clock Rate

R
1 16
POLARITY Bour —W—$
R, 15 +5V
+5V o—vWAA—] Agur Vout
3 14
LOOP —v o o—
AUDIO FILTER e 1 W
ot © 20k 4 ANALOG |13 'wFT
3 Vour 1 GND o O ANALOG GND
[ 51kQ3 J_z.z
<
5 AB |12 uF
VW IN— SELECT [~ e AuF
1 51k 2.2,F —r
.1uFT 6 1 — 1l
DIGITAL o g'ﬁl'JT“- Voo & —AAVA—O +5V
GND X 219 ¥
7 10
STROBE > STROBE Vss WA 0 —5V
279
SHIFT 81 swFr pcu | 9 < PCMIN
CLOCK 7 CLOCK IN
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ADVANCED PRODUCT DESCRIPTION
$3503/S3504

SINGLE CHANNEL

A-LAW PCM CODECIFILTER SET

Features General Description
L) CMOS Process for Low Pow?r Di.ssipation The S3503 and S3504 form a monolithic CMOS Compan-
U Full Indep.e“def't Encher with Filter and ding Encoder/Decoder chip set designed to implement
Decoder with Filter Chip Set the per channel voice frequency CODECS used in PCM
U Meets or E?u‘:eed.s CCITT G.711, G.712 and systems requiring an A-law transfer characteristic. Each
G.733 .Spec‘f'cat“ms . chip contains two sections: (1) a band-limiting filter, and
O On-?hlp Dual.B:.mdmdth Pha-ase-Lock Loo;{ (2) an analog < digital conversion circuit that conforms
Derives All Timing and Provides Automatic to the A-law transfer characteristic. Typical transmission
Power Down . and reception of 8-bit data words containing the analog
o L‘_’W A'?S"l“te Group and Relative Delay information is performed at 2.048Mb/s rate with analog
D_IStortlon . . sampling occurring at 8kHz rate. A strobe input is pro-
O Single Neg.atxve' Polant'y Voltage'Reference Input vided for synchronizing the transmission and reception
0 Encoder with F'lter.Chl? Hf’s Bu‘lt:h‘ Dual. . of time multiplexed PCM information of several channels
Spe‘fd Auto Zero Circuit _Wl_th Rapid Acquisition over a single transmission line. These chips are pin-for-
Du.rmg Power Up that Ehm‘}“‘“? Long Term pin replacements for the S3501/S3502 chip set with the
D".ft Errors and Need for Trimming exception of the A-law transfer characteristic conforming
L] Serial Data. Rates fro‘}‘ 56kbls to 3.152Mbs at to CCITT G.711 and the unused sigaling capability
_ 8kHz Nominal Sampling Rate which remains available for special applications.
[J Programmable Gain Input/Qutput Amplifier
Stages
S$3503 Block Diagram Encoder With Filter Pin Configuration
i —— AZFILTER E 2 " :]mmmum
H I_ Vine D 3 18 j"ss
E _ . o = DR
E E‘:_-—O Vino E 5 18 ]smnss
: A/D LOBIC r_ i pcmMouT E 6 13 leB"ALGNﬂ
v O—————— E |. J ntoaTen I >0 remour swirtcroex ) 7 1 [ anesr
Voo O———> S ; O ouT CONTROL E
v o awest OUT CONTROL 8 n ] BYEST
G il M B wilr  efe
o O—n Luonen w
$3504 Block Diagram Decoder with Filter _ Pin Configuration
foorn © lq;i%‘i:‘;'/:i"‘" e Test E 1 1 j BYEST
i | wes [ 2 s [T vourw
1
. sTAG l__o _— LOOP FILTER [: 3 n j “Veer
. l— Vourt E o ] ANALOG GND
et e A 1 o
L fraseran - I DIGITAL GND E 6 n jvm,
[ ] staose [ 7 10 ] vss
Vop O——
. | *Z :v':: swrrcwock [ ] 8 o[ Jromm
Bl —ow
GND. oO— O st
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PRELIMINARY DATA SHEET
g S3506/S3507/S3507A

AMERICAN MICROSYSTEMS, INC.

CMOS SINGLE CHIP p-LAW/A-LAW
COMBO CODECS WITH FILTERS

Features O Encoder has Dual-Speed Auto-Zero Loop for Fast
s e e p
O Independent Transmit and Receive Sections With Acquisition on Power-Up
75dB Isolation O Low Absolute Group Delay =450usec. @ 1kHz
O Low Power CMOS 80mW (Operating) General Description
8mW (Standby) e e
O Stable Voltage Reference On-Chip The S3506 and S3507 are monolithic silicon gate CMOS
O Meets or Exceeds AT&T D3, and CCITT G.711, Companding Encoder/Decoder chips designed to imple-
G.712 and G.733 Specifications ment the per channel voice frequency Codecs used in PCM
O Input Analog Filter Eliminates Need for External systems. The (Ehl.ps contain Fhe bfind:hHHtlng filters and
Anti-Aliasing Prefilter the analog<>digital conversion circuits that conform to
O Input/Output Op Amps for Programming Gain the desired transfer characteristic. The S3506 provides
O Output Op Amp Provides +3.1V into a 1200Q the European A-Law companding and the S3507 provides
Load or Can Be Switched Off for Reduced the North American y-Law companding characteristic.
Power (70mW) These circuits provide the interface between the analog
0O Special Idle Channel Noise Reduction Circuitry for signals of the subscriber loop and the digital signals of the
Crosstalk Suppression PCM highway in a digital telephone switching system.
Block Diagram Pin Configuration (22 Pin)
1 227 Voo(+5V)
2 217 Vour
3 20 [ out—
PON Voo Vss T-SHIFT N 19 [ AT
T T T Caz T“-Ol:umln 7 5 18 [7] PON "
o S0e
Y o TRANSMIT FILTER §3507 1 v
7 16 [ IN—
'I:::{>‘* e el e g | i, (o) R | oo A S
10 13 [ A GND
r“"T’“““ 1 12 [ Vss(—5V)
TRANSMIT 256kHz 64kHz :
vaer o—1«|  VOLTAGE b ! SENALING [0
REFERENCE %ﬁc'gzg : }«4——0BN .
o o——_j r—l RECEIVE FILTER :J_ ﬂ'li_‘_‘____—"”"’s" Pin Conflguratlon (28 Pm)
L1o — —
PCMIN O—1 > REGSTER mSé‘l‘:'ﬁ‘g‘; ——ﬂ T anoeR) © FLTOUT BIN[] 1 28 [ Vaer
oz — AN E 2 27 :l Voo (+5V)
)’ """"" l' 1 l J—' TMING " ckseL[] 3 26 [ T-A/B SEL
AWTO*——  sguaLne E CLOCK GENERATOR sl’~su|FT g ¢ =H :::_
BOUT ome | L06IC | AND TIMING SOURCE >0 vour YSCLK ] 5 247
} T-STROBE [] 6 23 [ FLT OUT
aamseLo———F oy T T L L IR u L
psmoeo—| OTSTROBE DGND [ 8 217 Vw
BoUT[] 9 20 7] IN—
CLKSEL O O SYSCLK Aour E v e j i+
DGND AGND Caz ; 1 18 [T] Caz GND
R-A/B SEL [] 12 17 [7] A GND
R-SHIFT (] 13 16 [ Vss (—5V)
R-STROBE (] 14 15 D PCM IN
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General Description (Con'tinued)

In 22-pin cerdip or ceramic packages (.400” centers) the
S3506/S3507 are ideally suited for PCM applications: Ex-

The devices operate from dual power supplies of =5V. change, PABX, Channel bank or Digital Telephone as
For a sampling rate of 8kHz, PCM input/output data well as fiber optic and other non-telephone uses. A 28-pin
rate can vary from 64kb/s to 2.1Mb/s. Separate trans- version, the S3507A, provides standard py-Law A/B
mit/receive timing allows synchronous or time-slot asyn- ' signaling capability. These devices are also available in a
chronous operation.

Absolute Maximum Ratings

28-pin chip carrier (see page 9). Extended temperature
range versions can be supplied.

DC Supply Voltage Vpp
DC Supply Voltage Vgg

Operating Temperature

Storage Temperature
Power Dissipation at 25°C
Digital Input
Analog Input

................................................ 1000mW
............................... Vgs —0.3<Vin < Vpp + 0.3
............................... Vsg —0.3<Viny £Vpp +0.3

Electrical Operating Characteristics (Ty =0° to 70°C)
Power Supply Requirements

Symbol | Parameter Min. Typ. Max. Units Conditions
Vbp Positive Supply 4.75 5.0 5.25 v
Vss Negative Supply —4.75 —5.0 —5.25 A%
Popr Power Dissipation (Operating) 80 110 mW
Power Dissipation (Operatin
Fopr w/o Output l())p Am(p i ¢ 70 mW Vpp = 5.0V
Pstgy | Power Dissipation (Standby) 8 12 mW | Vss = —5.0V
AC Characteristics (Refer to Figures 3A and 4A) ‘
Symbol | Parameter Min. Typ. Max. Units Conditions
Dgys System Clock Duty Cycle 40 50 60 %
fsc Shift Clock Frequency 0.064 2.048 MHz
Dgc Shift Clock Duty Cycle 40 50 60 %o
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
tsc Shift Clock to Strobe (On) Delay —100 0 200 ns
tew | Strobe Width 600ns 124.3us | Q8 | e
ted Shift Clock to PCM Out Delay 100 150 ns 100pF, 5102 Load
tde Shift Clock to PCM in Set-Up Time 60 ns
trd PCM Output Rise Time C;,=100pF 50 100 ns to 3V; 5102 to Vpp
tfd PCM Output Fall Time C,=100pF 50 100 ns to .4V; 510Q to Vpp
tdss Is\éEuSpe}Igi(;; 20 Strobe Trailing Edge 100 ns
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DC Characteristics (Vpp = +5V, Vgg = —5V)

Symbol | Parameter Min. Typ. Max Units | Conditions
Rina Analog Input Resistance IN+, IN— 100 KQ
CiN Input Capacitance to Ground 7 15 pF All Logic and
Analog Inputs
Shift Clock, PCM IN, System Clock,
Strobe, PDN
IiNw Logic Input Low Current 1 pA Vi, =0.8V
Iing Logic Input High Current 1 HA Vig = 2.0V
A/B Sel, A IN B IN
IiNL Logic Input Low Current 600 pA | Vi, = 0.8V
Iing Logic Input High Current 600 HA Vg = 2.0V
ViL Logic Input “Low” Voltage 0.8 A\
Vin Logic Input “High” Voltage 2.0 v
VoL Logic Output ‘“Low” Voltage 0.4 A% 5109 Pull-up to
(PCM Out) Vpp + 2 LSTTL
VoL Logic Output‘‘Low’’ Voltage(A/B Out) 0.4 v IoL =1.6mA
Vou Logic Output “High’’ Voltage 2.6 v Iog = 40uA
Ry, Output Load Resistance Vo 1200 Q
Transmission Delays
Symbol | Parameter Min. Typ. Max. Units | Conditions
Encoder 125 us From TgrroBE to
the Start of Digital
Transmitting
Decoder 30 8T+25 us T=Period in us of
Transmit Section Filter 182 us @1kHz
Receive Section Filter 110 us @1kHz
$3506 Single-Chip A-Law Filter/Codec Performance
Symbol | Parameter Min. Typ. Max Units | Conditions
ICNw Idle Channel Noise (Weighted Noise) —85 —173 dBmOp| CCITTG.7124.1
ICNgr | IdleChannel Noise —60 dBmO | CCITTG.7124.2
(Single Frequency Noise)
ICNg Idle Channel Noise (Receive Section) —178 dBmOp| CCITTG.7124.3
Spurious Out-of-Band Signals at —28 dBmO | CCITTG.7126.1
Channel Output
IMDgp | Intermodulation (2 Tone method) —35 dBm | CCITTG.7127.1
IMDpr | Intermodulation —49 dBm | CCITTG.7127.2
(1 Tone + Power Frequency)
Spurious In-Band Signals at the —40 dBmO | CCITTG.7129
Channel Output Port
Interchannel Crosstalk Vi — Vour 75 80 dB CCITTG.71211
ViNMax)| Max Coding Analog Input Level +3 Vopk
Vour Mazx Coding Analog Output Level +3.1 Vopk | RL=12Ke
(Max)
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§3506 Single-Chip p-Law Filter/Codec Performance (Continued)

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

AD Absolute Delay End-to-End @ 1KHz 450 500 usec @ 0dBmO

ED Envelope 500 to 600Hz 200 750 usec Relative to Mini-
Delay 600 to 1000Hz 120 375 usec mum Delay
Distortion 1000Hz to 2600Hz 110 125 usec Frequency

2600Hz to 2800Hz 160 750 psec

SD Signal to 0 to —30dBmO 36 39 dB Method 2 - Sine-
Total —40dBmO 29 31 dB wave Signal Used
Distortion —45dBmO 24 26 dB

GT Gain Tracking with Input Level +0.2 +0.5 dB +3 to —40 dBmO
Variations (End-to-End. Each half +04 +1.0 dB —45 to —50 dBmO
channel is one half this value.) *+1.0 3.0 dB —55dBmO

AG Gain Variation with Temperature +0.25 dB
and Power Supply Variation
Transmit Gain Repeatability +0.1 +0.2 dB
Receive Gain Repeatability +0.1 +0.2 dB

OTLPg | Zero Transmission Level Point 1.51 VRMS | Voyr Digital Milli-
(Decoder See Figure 1) watt Response

OTLPy | Zero Transmission Level Point 1.51 VRMS | Vi to Yield Same
(Encoder See Figure 1) as Digital Milli-

watt Response at
Decoder
S§3507/S3507A Single-Chip p-Law Filter/Codec Performance

Symbol | Parameter Min. Typ. Max Units | Conditions

ICNw Idle Channel Noise (Weighted Noise) 5 17 dBrncO

ICNgr | Idle Channel Noise —60 dBmO
(Single Frequency Noise)

ICNg Idle Channel Noise (Receive Section) 15 dBrncO
Spurious Out-of-Band: Signals at —28 dBmO
the Channel Output

IMDypr | Intermodulation (2 Tone method) —35 dBm

IMDpr | Intermodulation —49 dBm
(1 Tone + Power Frequency)

Spurious In-Band Signals at the —40 dBmO
Channel Output Port
Interchannel Crosstalk Viy—Voyr 75 80 dB

ViNMax)| Max Coding Analog Input Level +3.1 Vopk

Vour Max Coding Analog Output Level +3.1 Vopk | R 1.2Ke

(Max)

GT Gain Tracking with Input Level +0.2 +0.5 dB +3 to —40 dBmO
Variations (End-to-End. Each half +0.4 +1.0 dB —45 to —50 dBmO
channel is one half of this value.) +1.0 +3.0 dB —55dBmO

AG Gain Variation with Temperature +0.25 dB
and Power Supply Variation
Transmit Gain Repeatability +0.1 +0.2 dB
Receive Gain Repeatability +0.1 +0.2 dB
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S§3507/S3507A Single-Chip p-Law Filter/Codec Performance (Continued)

Symbol | Parameter Min. Typ. Max. Units | Conditions
OTLPR | Zero Transmission Level Point 1.51 VRMS | Vour Digital Milli-
(Decoder See Figure 1) watt Response
OTLPy | Zero Transmission Level Point 1.51 VRMS | Viy to Yield Same
(Encoder See Figure 1) as Digital Milli-
watt Response at
Decoder
AD Absolute Delay End-to-End @ 1KHz 450 500 usec @ 0dBmO
ED Envelope 500 to 600Hz 200 750 usec Relative to Mini-
Delay 600 to 1000Hz 120 375 psec mum Delay
Distortion 1000Hz to 2600Hz 110 125 usec Frequency
2600Hz to 2800Hz 160 750 usec
SD Signal to 0 to —30dBmO 36 39 dB
Total —40dBmO 29 31 dB
Distortion —45dBmO 24 26 dB
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Pin/Function Descriptions
Pin S3506/S3507 S3507A Description

SYS CLK 4 5 System Clock 256kHz—This pin is a TTL compatible input for a 256kHz,
1.544MHz, 2048MHz, or 1.536MHz clock that is divided down to provide
the filter clocks. The status of CLK SEL pin must correspond to the pro-
vided clock frequency.

T-SHIFT 3 4 Transmit Shift Clock—This TTL compatible input shifts PCM data out of
the coder on the positive going edges after receiving a positive edge on the
T-STROBE input. The clocking rate can vary from 64kHz to 2.048MHz.

R-SHIFT 9 13 Receive Shift Clock—This TTL compatible input shifts PCM data into the
decoder on the negative going edges after receiving a positive edge on the
R-STROBE input. The clocking rate can vary from 64kHz to 2.048MHz.

T-STROBE 5 6 Transmit Strobe—This TTL compatible pulse input (8kHz) is used for
) ) analog sampling and for initiating the PCM output from the coder. It must
be synchronized with the T-SHIFT clock with its positive going edges
occurring after the falling edge of the shift clock. The width of this signal is
not critical. An internal bit counter generates the necessary timing for
PCM output.

R-STROBE 10 14 Receive Strobe—This TTL compatible pulse input (8kHz) initiates clock-
ing of PCM input data into the decoder. It must be synchronized with the
R-SHIFT clock with its positive going edges occurring after the falling
edge of the shift clock. The width of the signal is not critical. An internal
bit counter generates necessary timing for PCM input.

CLK SEL 2 3 Clock Select—This pin selects the proper divide ratios to utilize either
256kHz, 1.544MHz, 2.048MHz, or 1.536MHz as the system clock. The pin
is tied to Vpp (+5V) for 2.048MHz, to Vgg (—5V) for 1.544MHz or
1.586MHz operation, or to D GND for 256kHz operation.

PCM OUT 6 7 PCM Output—This is a LS-TTL compatible open-drain output. It is active
only during transmission of PCM output for 8 bit periods of T-SHIFT
clock signal following a positive edge of the T-STROBE input. Data is
clocked out by the positive edge of the T-SHIFT clock into one 510 pull-
up per system plus 2 LS-TTL inputs.

PCM IN 11 15 PCM Input—This is a TTL compatible input for supplying PCM input
data to the decoder. Data is clocked in by the negative edge of T-SHIFT
clock.

Caz 8 11 Auto Zero— A capacitor of 0.1uF +20% should be connected between these

Caz GND 14 18 pins for coder auto zero operation. Sign bit of the PCM data is integrated
and fed back to the comparator for DC offset cancellation.

VREF 1 28 Voltage Reference—Output of the internal band-gap reference voltage
(=—38.075V) generator is brought out to Vggy pin. Do not load this pin.

IN+ 15 19 These pins are for analog input signals in the range of —Vggyp to +Vggp.

IN— 16 20 IN— and IN+ are the inputs of a high input impedance op amp and Vyy is

Vin 17 21 the output of this op amp. These three pins allow the user complete control

over the input stage so that it can be connected as a unity gain amplifier,
amplifier with gain, amplifier with adjustable gain or as a differential input
amplifier. The adjustable gain configuration will facilitate calibration of the
transmit channel. Viy should not be loaded by less than 47K ohms.

FLT OUT 19 23 Filter Out—This is the output of the low pass filter which represents the
recreated analog signal from the received PCM data words. The filter sam-
ple frequency of 256kHz is down 37dB at this point. This is a high impe-
dance output which can be used by itself or connected to the output
amplifier stage which has a low output impedance. It should not be loaded
by less than 47K ohms, or the Digital MilliWatt response will fall off
slightly.
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Pin/Function Descriptions (Continued)

Pin $3506/S3507 S3507A Description

OuUT- 20 24 These two pins are the output and input of the uncommitted output ampli-

Vour 21 . 25 fier stage. Signal at the FLT OUT pin can be connected to this amplifier to
realize a low output impedance with unity gain, increased gain or reduced
gain. This allows easier calibration of the receive channel. The Voyr pin
has the capability of driving OdBm into a 600Q load. (See Figure 1). If
Out— is connected directly to Vgg the op amp will be powered down, reduc-
ing power consumption by 10mW, typically.

Vpbp 22 27 These are power supply pins. Vpp and Vgg are positive and negative supply

Vss 12 16 pins, respectively (typ. +5V, —5V). The voltages should be applied simul-
taneously or Vgg should be applied first.

A GND 13 17 Analog and digital ground pins are separate for minimizing crosstalk.

D GND 7 8

PDN 18 22 Power Down— This TTL compatible input when held low puts the chip into
the powered down mode regardless of strobes. The chip will also power
down if the strobes stop. The strobes can be high or low, but as long as they
are static, the powered down mode is in effect.

A IN 2 The transmit A/B select input selects the A signal input in a positive tran-

B IN 1 sition and the B signal input on the negative transition. These inputs are

T-A/B SEL 26 TTL compatible. The A/B signaling bits are sent in bit 8 of the PCM word
in the frame following the frame in which T-A/B SEL input makes a transi-
tion. A common A/B select input can be used for all channels in a multiplex
operation, since it is synchronized to the T-STROBE input in each device.

A OUT 10 In the decoder the A/B signaling bits received in the PCM input word are

B OUT 9 latched to the respective outputs in the same frame in which the R-AB SEL

R-A/B SEL 12 input makes a transition. A bit is latched on a positive transition and B bit

is latched on a negative transition. A common A/B select input can be used

for all channels in a multiplex operation.

Functional Description

The simplified block diagram of the S3506/S3507 appears
on page one. The device contains independent circuitry for
processing transmit and receive signals. Switched capaci-
tor filters provide the necessary bandwidth limiting of
voice signals in both directions. Circuitry for coding and
decoding operates on the principle of successive approxi-
mation, using charge redistribution in a binary weighted
capacitor array to define segments and a resistor chain to
define steps. A band-gap voltage generator supplies the
reference level for the conversion process.

Transmit Section

Input analog signals first enter the chip at the uncommit-
ted op amp terminals. This op amp allows gain trim to be
used to set OTLP in the system. From the Vyy pin the
signal enters the 2nd order analog anti-aliasing filter. This
filter eliminates the need for any off-chip filtering as it
provides attenuation of 34dB (typ.) at 256kHz and 46dB
(typ.) at 512Hz. From the Cosine Filter the signal enters a
5th Order Low-Pass Filter clocked at 256kHz, followed by

a 8rd Order High-Pass Filter clocked at 64kHz. The
resulting band-pass characteristics meet the CCITT
G.711, G.712 and G.733 specifications. Some representa-
tive attenuations are >26dB (typ) from 0 to 60Hz and
>35dB (typ) from 4.6kHz to 100kHz. The output of the
high pass filter is sampled by a capacitor array at the
sampling rate of 8kHz. The polarity of the incoming signal
selects the appropriate polarity of the reference voltage.
The successive approximation analog-to-digital conver-
sion process requires 9%z clock cycles, or about 72us. A
switched capacitor dual-speed, auto-zero loop using a
small non-critical external capacitor (0.1uF) provides DC
offset cancellation by integrating the sign bit of the PCM
data and feeding it back to the non-inverting input of the
comparator.

The PCM data word is formatted according to the u-law
companding curve for the S3507 with the sign bit and the
ones complement of the 7 magnitude bits according to the
AT&T D3 specification. In the S3506 the PCM data word
is formatted according to the A-Law companding curve
with alternate mark inversion (AMI), meaning that the
even bits are inverted per CCITT specifications.
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Included in the circuitry of the S3507/S3507A is “All
Zero” code suppression so that negative input signal
values between decision value numbers 127 and 128 are
encoded as 00000010. This prevents loss of repeater syn-
chronization by T1 line clock recovery circuitry as there
are never more than 15 consecutive zeros. The 8-bit PCM
data is clocked out by the transmit shift clock which can
vary from 64kHz to 2.048MHz.

Idle Channel Noise Suppression

An additional feature of the CODEC is a special circuit to
eliminate any transmitted idle channel noise during quiet
periods. When the input of the chip is such that for
250msec. the only code words generated were +0, —O0,
+1, or —1, the output word will be a +0. The steady +0
state prevents alternating sign bits or LSB from toggling
and thus results in a quieter signal at the decoder. Upon
detection of a different value, the output resumes normal
operation, resetting the 250msec. timer. This feature is a
form of Idle Channel Noise or Crosstalk Suppression. It is
of particular importance in the S3506 A-Law version
because the A-Law transfer characteristic has ‘“mid-riser”
bias which enhances low level signals from crosstalk.

Receive Section

A receive shift clock, variable between the frequencies of
64kHz to 2.048MHz, clocks the PCM data into the input
buffer register once every sampling period. A charge pro-
portional to the received PCM data word appears on the
decoder capacitor array. A sample and hold initialized to
zero by a narrow pulse at the beginning of each sampling
period integrates the charge and holds for the rest of the
sampling period. A switched-capacitor 5th Order Low-
Pass Filter clocked at 256kHz smooths the sampled and
held signal. It also performs the loss equalization to
compensate for the sin x/x distortion due to the sample
and hold operation. The filter output is available for driv-
ing electronic hybrids directly as long as the impedance is
greater than 47kQ. When used in this fashion the low
impedance output amp can be switched off for a savings
in power consumption. When it is required to drive a 600Q
load the output is configured as shown in Figure 1 allow-
ing gain trimming as well as impedance matching. With
this configuration a transmission level of 0dBm can be
delivered into the load with the +3.14dB or +3.17dB
overload level being the maximum expected level.

$3507 u-LAW CODEC

Figure 1. S3507 Input/Output Reference Signal Levels
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Power Down Logic

Powering down the CODEC can be done in several ways.
The most direct is to drive the PDN pin to a low level.
Stopping both the transmit strobe and the receive strobe
will also put the chip into the stand-by mode. The strobes
can be held high or low.

Voltage Reference Circuitry

A temperature compensated band-gap voltage generator
(—3.075V) provides a stable reference for the coder and
decoder. Two amplifiers buffer the reference and supply
the coder and decoder independently to minimize
crosstalk. This reference voltage is trimmed during
assembly to ensure a minimum gain error of +0.2dB due
to all causes. The Vygp pin should not be connected to any
load.

Power Supply and Clock Application

For proper operation Vpp and Vgg should be applied
simultaneously. If not possible, then Vgg should be
applied first. To avoid forward-biasing the device the
clock voltages should not be applied before the power sup-
ply voltages are stable. When cards must be plugged into
a “hot” system it may be necessary to install 1000Q
current-limiting resistors in series with the clock lines to
prevent latch-up.

4
Timing Requirements

The internal design of the Single-Chip CODEC paid
careful attention to the timing requirements of various
systems. In North America, central office and channel-
bank designs follow the American Telephone and Tele-
graph Company’s T1 Carrier PCM format to multiplex 24
voice channels at a data rate of 1.544Mb/s. PABX
designs, on the other hand, may use their own multiplex-
ing formats with different data rates. Yet, in digital
telephone designs, CODEC’s may be used in a non-
multiplexed form with a data rate as low as 64kb/s. The
S3507 and S3507A fill these requirements.

In Europe, telephone exchange and channelbank designs
follow the CCITT carrier PCM format to multiplex 30
voice channels at a data rate of 2.048Mb/s. The S3506 is
designed for this market and will also handle PABX and
digital telephone applications requiring the A-Law trans-
fer characteristics.

The timing format chosen for the AMI Codec allows oper-
ation in both multiplexed or non-multiplexed form with
data rates variable from 64kb/s to 2.048Mb/s. Use of sep-
arate internal clocks for filters and for shifting of PCM in-
put/output data allows the variable data rate capability.
Additionally, the S3506/S3507 does not require that the
8kHz transmit and receive sampling strobes be exactly 8

bit periods wide. The device has an internal bit counter
that counts the number of data bits shifted. It is reset on
the leading (+) edges of the strobe, forcing the PCM out-
put in a high impedance state after the 8th bit is shifted
out. This allows the strobe signal to have any duty cycle
as long as its repetition rate is 8kHz and transmit/receive
shift clocks are synchronized to it. Figure 2 shows the
waveforms in typical multiplexed uses of the CODEC.

System Clock

The basic timing of the Codec is provided by the system
clock. This 2.048MHz, 1.544MHz, or 256kHz clock is
divided down internally to provide the various filter
clocks and the timing for the conversions. In most
systems this clock will also be used as the shift clock to
clock in and out the data. However, the shift clock can
actually be any frequency between 64kHz and 2.048MHz
as long as one of the two system clock frequencies is pro-
vided. Independent strobes and shift clocks allow asyn-
chronous time slot operation of transmit and receive. The
3507 will also operate with a 1.536 system clock, as used
in some PABX systems, with the CLK SEL pin in the
1.544 MHz Mode.

Signaling in y-Law Systems

The S3506 and S3507 are compact 22-pin devices to meet
the two worldwide PCM standards. In p-Law systems
there can be a requirement for signaling information to
be carried in the bit stream with the coded analog data.
This coding scheme is sometimes called 7-5/6 bit rather
than 8 bit because the LSB of every 6th frame is replaced
by a signaling bit. This is referred to as A/B Signaling
and if a signaling frame carries the “A” bit, then 6
frames later the LSB will carry the “B” bit. To meet this
requirement, the S3507A is available in a 28-pin dip
package, or in a 28-pin dip carrier, as 6 more pins are
required for the inputs and outputs of the A/B signaling.

Pin Configuration—S3507A 28-Lead Chip Carrier
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Figure 2A. Waveforms in a 24 Channel PCM System
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Figure 2B. Waveforms in 30 Channel PCM System
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Figure 2C. Waveform Details
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*In this example the shift clock is the system clock (1.544 or
2.048MHz). In systems where the data shift rate is not the
same the relationship of each to the strobe remains the
same. The system clock and shift clock need not have coin-
cident edges, but must relate to the strobe within the tg, tsg
timing requirements.

The effect of the strobe occurring after the shift clock is
to shorten the first (sign) bit at the data output.

The length of the strobe is not critical. It must be at a
logic state longer than one system clock cycle. Therefore,
the minimum would be >488ns at 2.048 and the maxi-
mum <124.3usec at 1.5644MHz.

MIN MAX
tew 195nsec. 9.38usec.
trs 100ns
tfs 100ns
tse —100nsec. 200ns f
tre 100ns
tfe 100ns
tsw 600ns* 124.3pusec.
ted 100nsec. 150ns
tde 60nsec.
trdi 100ns
tidi 100ns

1That is, the strobe can precede the shift clock by 200nsec, or follow
it by as much as 100nsec.

*@2.048MHz 700ns @1.544MHz

Signaling Interface

In the AT&T T1 carrier PCM format an A/B signaling
method conveys channel information. It might include
the on-or-off hook status of the channel, dial pulsing (10
or 20 pulses per second), loop closure, ring ground, etc.,
depending on the application. Two signaling conditions
(A and B) per channel, giving four possible signaling
states per channel are repeated every 12 frames (1.5
milliseconds). The A signaling condition is sent in bit 8 of
all 24 channels in frame 6. The B signaling conditions is
sent in frame 12. In each frame, bit 193 (the S bit) per-
forms the terminal framing function and serves to iden-
tify frames 6 and 12.

The S3507A in a 28-pin package is designed to simplify
the signaling interface. For example, the A/B select input
pins are transition sensitive. The transmit A/B select pin

selects the A signal input on a positive transition and the
B signal input on the negative transition. Internally, the
device synchronizes the A/B select input with the strobe
signal. As aresult, acommon A/B select signal can be used
for all 24 transmit channels in the channelbank. The A and
B signaling bits are sent in the frame following the frame
in which the A/B select input makes the transition. There-
fore, A/B select input must go positive in the beginning of
frame 5 and the negative in the beginning of frame 11 (see
Figure 3).
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Figure 3. Signaling Waveforms in a T1 Carrier System
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Figure 4. A Subscriber Line Interface Circuit
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The decoder uses a similar scheme for receiving the A
and B signaling bits, with one difference. They are latch-
ed to the respective outputs in the same frame in which
the A/B select input makes a transition. Therefore, the
receive A/B select input must go high at the beginning of
frame 6 and go low at the beginning of frame 12.

Applications Examples

There are two major categories of Codec applications.
Central office, channel bank and PABX applications us-
ing a multiplex scheme, and digital telephone type
dedicated applications. Minor applications are various
A/D or D/A needs where the 8 bit word size is desirable
for uP interface and fiber optic multiplex systems where
non-standard data rates may be used.

A Subscriber Line Interface Circuit

Figure 4 shows a typical diagram of a subscriber line
interface circuit using the S3507A. The major elements

of such a circuit used in the central office or PABX are a
two-to-four wire converter, PCM Codec with filters
(S3507A) and circuitry for line supervision and control.
The two-to-four wire converter—generally implemented
by a transformer-resistor hybrid—provides the interface
between the two-wire analog subscriber loop and the
digital signals of the time-division-multiplexed PCM
highways. It also supplies battery feed to the subscriber
telephone. The line supervision and control circuitry pro-
vides off-hook and disconnect supervision, generates
ringing and decodes rotary dial pulses. It supplies the
A/B signaling bits to the coder for transmission within
the PCM voice words. It receives A/B signaling outputs
from the decoder and operates the A/B signaling relays.

In the T1 carrier system, 24 voice channels are multi-
plexed to form the transmit and receive highways, 8 data
bits from each channel plus a framing bit called the S bit
form a 193 bit frame. Since each channel is sampled 8000
times per second, the resultant data rate is 1.544Mb/s.
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Within the channelbank the transmit and receive chan-
nels of a Codec can occupy the same time slot for a syn-
chronous operation or they can be independent of each
other for time slot asynchronous operation. Asyn-
chronous operation helps minimize switching delays
through the system. Since the strobe or sync pulse for
the coder and decoder sections is independent of each
other in the S3507A, it can be operated in either manner.

In the CCITT carrier system, 30 voice channels and 2
framing and signaling channels are multiplexed to form
the transmit and receive PCM highways, 8 data bits
from each channel. Since each channel is sampled 8000
times per second, the resultant data rate is 2.048Mbl/s.

The line supervision and control circuitry within each
subscriber line interface can generate all the timing

signals for the associated Codec under control of a central
processor. Alternatively, a common circuitry within the
channelbank can generate the timing signals for all chan-
nels. Generation of the timing signals for the S3506 and
S$3507 is straightforward because of the simplified timing
requirements (see Timing Requirements for details).
Figures 5 and 5A show design schemes for generating
these timing signals in a common circuitry. Note that
only three signals: a shift clock, a frame reset pulse (coin-
cident with the S bit) and a superframe reset pulse (coin-
cident with the S bit in Frame 1) are needed. These
signals are generated by clock recovery circuitry in the
channelbank. Since the AMI Codec does not need chan-
nel strobes to be exactly 8-bit periods wide, extra
decoding circuitry is not needed.

SUPERFRAME

Figure 5. Generating Timing Signals in a T1 Carrier System
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Figure 5A. Generating Timing Signals in a CCITT Carrier System (30+2 Channels)
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A Digital Telephone Application

Most new PABX designs are using PCM techniques for
voice switching with an increasing trend toward applying
them at the telephone level. The simplest form of a digi-
tal telephone design uses four wire pairs to interface to
the switch. Two pairs carry transmit and receive PCM
voice data. One pair supplies an 8kHz synchronizing
clock signal and the remaining pair supplies power to the
telephone. More sophisticated designs reduce costs by
time-division-multiplexing and superimposition tech-
niques which minimize the number of wire pairs. The
AMI Single-chip Codec is ideally suited for this applica-

tion because of the low component count and its simpli-
fied timing requirements. Figure 6 shows a schematic for
a typical digital telephone design.

Since asynchronous time slot operation is not necessary,
transmit and receive timing signals are common. A
phase-lock-loop derives the 256kHz system clock and
64kHz shift clock from the 8kHz synchronizing signal
received from the switch. The synchronizing signal also
serves as the transmit/receive strobe signal since its duty
cycle is not important for Codec operation. Microphone
output feeds directly into the coder input while the
decoder output drives the receiver through an impedance
transformer to complete the design.

Figure 6. Voice Processing in a Digital Telephone Application
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S3525A/S3525B

Features

[0 CMOS Technology for Wide Operating Single
Supply Voltage Range (7.0V to 13.5V). Dual
Supplies (+3.5V to +6.75V) Can Also Be Used.

0O Uses Standard 3.58MHz Crystal as Time Base.
Provides Buffered Clock to External Decoder
Circuit.

O Ground Reference Internally Derived and
Brought Out.

[} Uncommitted Differential Input Amplifier Stage
for Gain Adjustment

O Filter and Limiter Outputs Separately Available
Providing Analog or Digital Outputs of Adjust-

DTMF BANDSPLIT FILTER

General Description

The S3525 DTMF Bandsplit Filter is an 18-pin monoli-
thic CMOS integrated circuit designed to implement a
high quality DTMF tone receiver system when used with
a suitable decoder circuit. The device includes a dial tone
filter, high group and low group separation filters and
limiters for squaring of the filtered signals. An uncom-
mitted input amplifier allows a programmable gain stage
or anti-aliasing filter. An overall signal gain of 6dB is pro-
vided for the low group and high group signals in the cir-
cuit. The dial tone filter is designed to provide a rejection
of at least 52dB in the frequency band of 300Hz to
500Hz. The difference between the S3525A and the
S3525B is the frequency of output clock signal at the
CKOUT pin. In the S3525B, it is a 894.89kHz square
wave while in the S3525A, it is a 3.58MHz buffered

able Sensitivity. oscillator signal. The S3525A can be used with digital

DTMF decoder chips that need the TV crystal time base
allowing use of only one crystal between the filter and
decoder chips.

0O Can be Used with Variety of Available Decoders
to Build 2-Chip DTMF Receivers.

Block Diagram Pin Configuration
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Absolute Maximum Ratings:

DC Supply Voltage (Vpp - Vss)
Operating Temperature

Storage Temperature
Analog Input

+15.0V

0°C to +70°C
—55°C to +125°C
Vgs —0.3V <ViN<Vpp +0.3V

DC Electrical Operating Characteristics: T =0°C to +70°C

Symbol Parameter/Conditions Min. Typ. Max Units
Vbp Positive Supply (Ref to Vgg) 9.6 12.0 13.5 A%
VoLckour) Logic Output ‘“‘Low”’ Voltage
Tt = 160uA Vgg+0.4 \
Von(ckour) Logic Output‘High” Voltage _
T gl Vpp—1.0 \
VOL(FH, FL) Comparabor 500pF Load Vss+0.5 \'
Output Voltage
Low 10kQ Load Vgg+2.0 A\
VOH(FH, FL) Comparator 500pF Load VDD -0.5 A\
Output Voltage
High 10k Load Vpp—2.0 v
RiNa IN—,IN+) Analog Input Resistance 8 MQ
CINA (INA—, IN+) Analog Input Capacitance 15 pF
VREF Reference Voltage Out 0.49 0.50 0.51 v
(Vbp—Vss) | (Vpp — Vss)| (Vbp —Vss)
Vor=[BVrer-Vrer] | Offset Reference Voltage 50 mV
Pp Power Dissipation Vpp=10V 170 mW
VDD =12.5V 400 mW
VDD =13.5V
and 0°C 650 mW
AC System Specifications:
Symbol Parameter/Conditions Min. Typ. Max. Units
Ap Pass Band Gain 5.5 6 6.5 dB
Dial Tone Rejection
Dial Tone Rejection is measured at
the output of each filter with respect
to the passband
Low Group 350Hz 55 59 dB wrt
DTR;, Rejoction 700Hz
440Hz 50 53 dB wrt
T00Hz
DTRy High Group Either Tone 55 68 dB wrt
Rejection 1200Hz
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. |

AC System Specifications (Continued)

Symbol Parameter/Conditions Min. Typ. Max. Units
Attenuation Between Groups
Attenuation of the nearest frequency of the opposite group
is measured at the output of each filter with respect to the
passband
GA;, Attenuation of 1209Hz 50 >60 dB wrt
700Hz
GAy Attenuation of 941Hz 40 42 dB wrt
1200Hz
Total Harmonic Distortion
THD Total Harmonic Distortion (dB). Dual tone of 770Hz and —40 dB
1336 Hz sinewave applied at the input of the filter at a level
of 3dBm each. Distortion measured at the output of each
filter over the band of 300 Hz to 10kHz (Vpp=12V)
Idle Channel Noise
ICN Idle Channel Noise measured at the output of each filter 1 mVyms
with C-message weighting. Input of the filter terminated
to BVREF
Group Delay (Absolute)
GDy, Low Group Filter Delay over the band of 50Hz to 3kHz 4.5 6.0 ms
GDy High Group Filter Delay over the band of 50Hz to 3kHz 4.5 6.0 ms

Pin/Function Descriptions

OSC]Ny OSCOUT
CKOUT (S3525A)

CKOUT (S3525B)

IN—, IN+, Feedback

FH OUT, FL OUT

HI IN—, HI IN+
LO IN—,LO IN+

These pins are for connection of a standard 3.579545MHz TV crystal and a 10MQ £10%
resistor for the oscillator from which all clocking is derived. Necessary capacitances are
on-chip, eliminating the need for external capacitors.

Oscillator output of 3.58MHz is buffered and brought out at this pin. This output drives
the oscillator input of a decoder chip that uses the TV crystal as time base. (Only one
crystal between the filter and decoder chips is required.)

This is a divide by 4 output from the oscillator and is provided to supply a clock to decoder
chips that use 895kHz as time base.

These three pins provide access to the differential input operational amplifier on chip. The
feedback pin in conjunction with the IN— and IN+ pins allows a programmable gain
stage and implementation of an anti-aliasing filter if required.

These are outputs from the high group and low group filters. These can be used as inputs
to analog receiver circuits or to the on-chip limiters.

These are inputs of the high group and low group limiters. These are used for squaring of
the respective filter outputs. (See Figure 2.)
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Pin/Function Descriptions (Continued)

FHSQ,
FLSQ

Vppr Vss
VREF

BVggr

These are respectively the high group and low group square wave outputs from the
limiters. These are connected to the respective inputs of digital decoder circuits.

These are the power supply voltage pins. The device can operate over a range of 7V=
(Vpp—Vsg) < 13.5V.

An internal ground reference is derived from the Vpp and Vgg supply pins and brought
out to this pin. Vygy is 1/2(Vpp — Vgg) above Vgg.

Buffered Vgygr is brought out to this pin for use with the input and limiter stages.

LOSS (dB)
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Figure 1. Typical $3525 DTMF Bandsplit Filter Loss/Delay Characteristics
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Input Configurations

The applications circuits show some of the possible input
configurations, including balanced differential and single
ended inputs. Transformer coupling can be used if
desired. The basic input circuit is a CMOS op amp which
can be used for impedance matching, gain adjustment,
and even filtering if desired. In the differential mode, the
common mode rejection is used to reject power line-
induced noise, but layout care must be taken to minimize
capacitive feedback from pin 13 to pin 12 to maintain
stability.

Since the filters have approximately 6dB gain, the inputs

should be kept low to minimize clipping at the analog
outputs (FLoyr and FHoyp).

Output Considerations

The S3525 has both analog and digital outputs available.
Most integrated decoder circuits require digital inputs so
the on-chip comparators are used with hysteresis to
square the analog outputs. The sensitivity of the receiver
system can be set by the ratio of R1 and R2, shown in
Figure 2. The amount of hysteresis will set the basic sen-
sitivity and eliminate noise response below that level.

Figure 2. Typical Squaring Circuit

$3525 BANDSPLIT FILTER
________ - '
| | B
14} |5 | LOW GROUP ASSUMING BVggr=0 OR
ANALOG 0UT 1 - | SQUARED OUTPUT Y(Vpp-Vss) then
/ ] | uTP:Eu(s‘“_) m
' 3 o Ry + R2
: : | : LTP=—Egsan M1 __
3| BVper T L ~ TEa
i
|
l VWA vV
_____ | Ay v

Clock Considerations

The clock is provided by a standard 3.58MHz TV crystal in parallel with a 10M resistor across pins 16 and 17. A
buffered output at pin 18 is provided to drive the companion decoder at 3.58 MHz (S3525A) or 895kHz (S3525B). It
can be directly coupled or capacitively coupled depending on the decoder.

The circuits shown are not necessarily optimal but are intended to be good starting points from which an optimal

design can be developed for each individual application.

Applications

Companion decoders to be used with the S3525 vary in performance and features. Teltone Corporation’s TT6174,
Rockwell Microelectronic’s CRC8030 and MOSTEK’s MK5102/03 are available units that can be used with the

S3525.
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Figure 3. AMI/Teltone 2 Chip DTMF Receiver
+12v —1 5f——» STROBE
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4 15 2 3134 723 CONTROL
YT 1 [
ALL RESISTORS IN OHMS ALL “40-PIN VERSION SHOWN
CAPACITORS IN ,FARADS UNLESS 28-PIN VERSION AVAILABLE
MARKED OTHERWISE
Figure 4. AMl/Mostek 2 Chip DTMF Receiver
+12v A
5.1V =L 1
CLOCK 3.9K
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3 cox 8 T ——]12
A g | B w9 HIGROUP
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DTMF FILTER MK5103
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3 20K 470K .
1F o L v ww—i I BINARY
4 6 T—IN—IZK LOW GROUP 8}——» ¢ [ OUTPUT
16 17 VW 5 70
oM
ALL RESISTORS IN OHMS ALL 4
CAPACITORS IN ,FARADS UNLESS
MARKED OTHERWISE 3.58MHz BVper
Figure 5. AMI/Rockwell 2 Chip DTMF Receiver
+12v
3.58MHz ] I
-IDH 110
A 5.1V ZENER
10MQ 17
1 16 17“’ CLOCK 8
3 s HI GROUP 25
$3%K ROCKWELL
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T 3 6 19 [
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ul . 5 20 D
e 3 AL
S >
7 L0 GROUP 2 2 2 33 e 3 Jok
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MARKED OTHERWISE

Additional information can be obtained from the S3525 Applications Note available on request from AMI, and from
the suppliers of the decoder circuits.

7.186



AMERICAN MICROSYSTEMS, INC.

ADVANCED PRODUCT DESCRIPTION
S3526A/S3526B

Features

(]
O

Provides Band Pass and Band Reject Outputs

Uses 3.58MHz TV Crystal or 256 KHz Clock as
Timebase for 2600Hz Center Frequency

Generates 2600Hz Sinewave
Single or Dual Supply Operation
Buffer Drives 6002 Loads

O ooaog

The bandpass/notch frequency can be shifted
from 2600Hz by using other clock frequencies.

2600Hz Bandpass/Notch Filter

General Description

The S3526 Single Frequency (SF) Filter is a 14-pin mono-
lithic CMOS circuit designed to implement a precision
SF tone receiver. When used with an inexpensive 3.58
MHz TV crystal or a 256kHz clock input it provides
sharp 2600 Hz bandpass and notch filters as well as a
2600Hz sine wave output. The 256kHz clock can be at
CMOS or TTL levels. A change in the crystal (or clock)
frequency from 3.58MHz (256kHz) will proportionately
change the bandpass, notch and sine wave output fre-
quencies. The S3526A is intended for dual +5V and
—5V power supply operation, whereas the S3526B is in-
tended for a single +10V supply.

Bl'ock Diagram

Pin Configuration

aseMuz  0SCo

3 OSCILLATONBUFFER

10M2

L
=]

t>f < 1eow0ER b -+ 98 DIVIDER

>

LEVEL
SHIFTER

-+ 1376 DIVIDER

260042
SINE OUT

BAND REJECT
FILTER
6TH ORDER
ELLPTIC

(Voo Vss)

128KHz
FILTER

CLOCK

V¥ss O
MO

BANDPASS
FILTER

SGHAL ©-
WUt ¢

s° W/
SIGIN[] 1 “[jer
oscy ] 2 13 [ Vag
0SCour ] 3 12 [] BP OUT
ReeT our CS[] 4 S3526 11 []BUF—
| o
8
o 2600 0UT [ 5 10 []sc
[W° Vss ] 6 9 [T] BUF OUT
BUFFER OUT
o Vo [ 7 8 [] R OUT

BANDPASS
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BUTTERWORTH

12

SWITCH
CONTROL (S€)
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Absolute Maximum Ratings

Supply Voltage (VDD-VSs) - - -« oo oo +15.0V
Operating Temperature . ... .. ... ... ... ... 0°C to 70°C
Storage Temperature . .............. .. ... —65°C to +150°C

AnalogInput ........... ... Vgs —0.3V < Viy < Vpp +0.3V

DC Electrical Operating Characteristics: Tp =0°C to +70°C

Symbol Parameter/Conditions Min. Typ. Max. Units
Vbb Positive Supply (Ref. to Vgg) 9.0 10 13.5 \%
Pp Power Dissipation Vpp =10V . 100 mW
Vor 2600Hz Sine Wave Output Load =10KQ +3.1 V (P-P)
Vr, 2600Hz Output Distortion Load=10KQ —35 dB
(for 2600Hz center frequency)
Rin Input Resistances (Except SIG IN) 8 MQ
Cin Input Capacitances 15.0 pF
Filter Performance Specifications
Symbol Parameter/Conditions Min. Typ. Max. Units
Ap Pass Band Gain - All Paths —0.5 0 0.5 dB
VAN Input Impedance (SIG IN, Pin 1) 2.5 MOhms
2600Hz Band Rejection Filter Attenuation (referenced
from 1000Hz)
250Hz to 2200Hz —0.5 0.1 0.5 dB
2200Hz to 2400Hz —-0.5 5.0 dB
2585Hz to 2615Hz 60 70 dB
2800Hz to 3000Hz —-0.5 5.0 dB
3000Hz to 3400Hz —-0.5 0.1 0.5 dB
2600Hz Band Pass Filter Attenuation (referenced from
2600Hz) ) ‘
DC to 1600Hz 70 80 dB
2100Hz 50 63 dB
2400Hz 30 37 dB
2540Hz 3 5.8 dB
2560Hz .9 3 dB
2640Hz 1.3 3 dB
2660Hz 3 6.5 dB
2800Hz 30 35 dB
3100Hz 50 58 dB
3600Hz 70 74 dB
Ripple 2564Hz to 2632Hz 0.5 dB
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Table 1: Control Pin Definitions

Pin No. | Name Connection Operation Note
1 7T Vpp to (Vop—0.5V) | CMOS Logic Levels 1
(Vpp —4V) to Vgg TTL Logic Levels
A cs Voo Ext. 256KHz Sq. Wave Clock at Pin 3 5
Vss or Vag 3.58MHz Crystal Connected Between Pins 2 and 3 or 3.58 Clock to Pin 2
Vi Buffer Out = Input Signal
10 | sc 0D put >19
Vss Buffer Out = Band Reject Out
Notes:
1) CMOS logic levels are same as Vyp and Vg supply voltage levels. For TTL interface ground of TTL logic must be connected to Vgg supply pin.
2) For ext. 256KHz clock operation pin 2 must be connected to V. For ext. 3.58 clock, drive pin 2, leave pin 3 open.
Pin Function Description
Pin No. Function
SIG IN 1 Signal In — This pin is the analog input to the filters and the buffer. It is a high impedance
input (Z=2.5MQ).
OSCin 2 These pins are the timing control for the entire chip. A 3.58MHz TV crystal is connected
OSCour 3 across these two pins in parallel with a 10MegOhm resistor. Another option is to provide a

256KHz signal at pin 3 and connect pin 2 to Vpp. It may be either TTL or CMOS levels, as
determined by pin 14. Or, a CMOS level external 3.58MHz may be applied to pin 2 directly
leaving pin 3 open.

CS 4 Clock Select - This pin when tied to Vpp configures the chip for 2566 KHz clock input opera-
tion. When tied to V5 or Vgg the chip operates from a 3.58MHz crystal or clock input.

2600 OUT 5 This is an output pin providing a 2600Hz sine wave.

Vss 6 Negative supply voltage pin.

Vbbp 7 Positive supply voltage pin.

BR OUT 8 Band Reject Out - This is the output of the filter that notches out 2600Hz energy. It should
drive a load >10KQ.

BUF OUT 9 Buffer Out - This buffer can drive a 6002 load and provides either the reproduced signal in-
put without filtering, or provides the signal input with 2600Hz energy notched out.

SC 10 Switch Control - This pin controls which signal is presented at the Buffer Out. A logic high
(Vpp) connects the input signal straight through. A logic low (Vgg) connects the output of the
2600Hz band reject filter to the Buffer Out.

BUF- 11 Buffer Negative - This is the inverting input to the buffer.

BP OUT 12 Band Pass Out - This is the output of the 2600Hz band pass filter which will pass any energy
at 2600Hz present at the Signal In pin. It should drive a load = 10KQ.

Vag 13 Analog Ground - This is the analog ground pin for audio inputs and outputs. When used with
a single supply, this pin is 1/2 (Vpp-Vgg). When used with +5V supplies, this point is at
ground. The S3526B has internal voltage divider resistors to Vpp and Vgg of 220KQ. The
S3525A does not.

CIT 14 This pin determines whether CMOS or TTL levels will be accepted at pin 3 for a clock input.

When tied to Vpp, the chip accepts CMOS logic levels; when tied to a point <(Vpp-4V), the
chip accepts TTL levels.
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Table 2: Analog Signal Parameters

Parameter Min. Typ. Max. Units
Input Signal Level (Vop-Vss) | Volts
Load Resistance (R, ) (BR OUT, BP OUT) 10 kQ

Load Resistance (R,) (BUFF OUT) 600 Ohms
Output Signal Level into R_ (Typ) BR OUT, BP OUT, BUFF OUT +9 dBm

Figure 1. Typical Filter Performance Curves

2400Hz  2600Hz  2800Hz
1 [

0dB
BAND REJECT ATTENUATION §3526 2600Hz FILTER TYPICAL
PERFORMANCE CURVES WITH
3.58MHZ CLOCK AT 10V SUPPLY
20dB |—
40dB

BAND PASS ATTENUATION

60dB

N R N Y N N N N T N N A B
1600Hz 2000Hz 2600Hz 3200H: 3600Hz
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AMERICAN MICROSYSTEMS, INC.

LPC-10 SPEECH SYNTHESIZER
WITH ON-CHIP 20K SPEECH DATA ROM

Features General Description
. . . The S3610 LPC-10 Speech Synthesizer generates speech
0 Simple Digital Interface of high quality and intelligibility from LPC (Linear
O CMOS Switched-Capacitor Filter Technology Predictive Coding) data stored in an internal 20K bit
O Automatic Powerdown ROM. The simple digital interface consists of 5 word-
select lines, a strobe input to load the address data and
O 5-8 Volts Single Power Supply Operation initiate operation, and a busy output signal. At the end of
: . . enunciation the chip automatically goes into the power-
1) Direct Loudspeaker Drive down mode until a new word select address is strobed in.
0O 30mW Audio Output The data rate from the speech ROM into the synthesizer
. is 2.0K bits/sec max. Typically the average data rate will
[J 20K Bits Speech ROM be reduced to about 1.2K bits/sec. by means of the data
O Low Data Rate rate reduction techniques used internally, giving about
17 seconds of speech from the ROM data. The 5 word-
C Up to 32 Word Vocabulary select lines allow a maximum vocabulary of 32 words.
Block Diagram Pin Configuration
Ay 0—>
swnnn o waro SPEECH DATA
Epa R rands s -
Mo A [ 1 24 [ Voo
R[] 2 23 [T] NIC
s ST n [+ A 3 22 (] NC
VALLE now NeC [ 4 21 [ Ne
Vo el L ] e | e I
05Co o—»|  CONTROL | ST[] 6 19 [] BU
! §3610
Aowo : WTERPOLATION NC[] 7 18T,
! O 8 17T
PITCH 1 PITCH
COUNTER ! REGISTER 0SC, 9 16 [ ] NIC
1
[ g:'f;%, NG ] 10 15 [ L8,
Vor o> ) STATK osc; [ 1 14 ] Ls,
Vss o— o
TEST 1 0—p T Vss (] 12 13 ] AGND
TEST 20—
TEST 30— _
Mﬁﬁé’i,?m ) csg:ﬁEt " N/C=NO CONNECTION
LSy
INTERPOLATION
POWER AMPLIFIER
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The synthesizer is realized using analog switched-
capacitor filter technology and operates at 8K samples/
sec. An output interpolating filter and bridge power
amplifier give 30mW output power at 6 volts supply and
allow the device to be connected directly to a 100Q
loudspeaker.

Absolute Maximﬁm Ratings*

The S3610 also features an on-chip oscillator, requiring
only a 640kHz ceramic resonator and a 120pF capacitor
for normal operation.

AMI is able to provide a speech analysis service to
generate the LPC parameters from customers’ speech
supplied on audio magnetic tape.

SUPPLY VOlbage . . o ettt ettt e e e 11 Volts DC
Operating Temperature Range .. ......covviitttiiiiieetttennneeeeneeeneeseseeeeeoesneennns 0°C to +70°C
Storage Temperature Range ... ........c.uiiiitiinniiiniiiieeenniteeerennnnneennnns —55°C to +150°C
Voltageatany Pin ...t Vgs —0.3 to Vgg +0.3V
Lead Temperature (soldering, 10 SEC.) .. ... ouutttinirttet ittt eeeennneteeerennneeenneeesnnnns 200°C
Power Dissipation . ... ..c.vuoi i e e e e e 1w

*COMMENT: Stresses above those listed under ““Absolute Maximum Rating’’ may cause permanent damage to the device. This is a stress rating only and func-
tional operation of the device at these or at any other condition above those indicated in the operational sections of this specification is not implied. Exposure to

absolute maximum rating conditions for extended periods may affect device reliability.

Electrical Specifications: (Vpp=6.0V =10%, Vgg=0V, Cpg=0.047uF, Tp =0° to 70°C, unless otherwise

specified)
D.C. Characteristics
Symbol Parameter Min. Typ. Max. Units Conditions
Vig Input High Logic “1” Voltage 24 Vbp v
Vi Input Low Logic “0” Voltage -0.3 0.8 \%
Iin Input Leakage Current 10 HA Vin=0 to

Vop

VoL Output Low Voltage Busy Output 0.4 \Y% Io,=1.6mA
AVga Output DC Offset Voltage, Audio 200 mV
Voa DC Output Voltage, Audio ¥ Vpp Rioap=100Q
Ipp Supply Current, Operating 25 mA
IppL Supply Current, Powerdown 0.75 mA
AC Characteristics
Symbol Parameter Min. Typ. Max Units Condition
Po Audio Output Power 30 mW Ri,0Ap=100Q
tas Address Set-up Time 200 nsec See Figure 1
tan Address Hold Time 10 nsec See Figure 1
tso Strobe Off Width 1 upsec See Figure 1
tss Strobe to Busy Delay 100 500 nsec See Figure 1
tso Busy to Speech Output Delay 19 msec See Figure 1
Fosc Oscillator Resonator Frequency 1% 640 +1% KHz
Rioap  Audio Output Load Impedance 100 Q
Cinosc  Input Capacitance, Oscillator 100 pF
Cin Input Capacitance, Digital Interface 7 pF
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Figure t. Timing Requirements

LINES

Ag-As

VALID
ADDRESS

VALID
ADDRESS A T

ST /

tas | tan tso

isg

SPEECH OUTPUT

(LS1-LS2)

Pin Function/Description

Digital Interface
Ay through A,

ST

BU

Audio Interface
LS1 and 2

Misc.
0OSC;, 0SC,

Tl’ T2, T3

Word Select Inputs. The 5-bit address data on these lines selects the word to be enunciated
from the internal vocabulary.

Strobe Input. A rising edge on this line strobes in the word select data and causes enunciation
to commence. If this line is taken low prior to the end of enunciation (as indicated by the busy
signal), enunciation stops immediately and the chip goes into power down mode.

Busy Output. This open drain output signals that enunciation is in progress by going low.

Loudspeaker Outputs. These pins are used to connect the chip to the loudspeaker. They are
D.C. coupled and have an offset of half the supply voltage. The audio output is balanced on the
two outputs.

Oscillator Input and Output. A 640KHz ceramic resonator (MuRata CSB640A or equivalent)
should be connected between these pins for normal operation, or an external 640KHz signal
may be fed into OSC;. When a resonator is used, a 120pF capacitor should be connected
between OSC; input and ground.

Test Inputs. These inputs should be left unconnected for normal operation.
Most negative supply input. Normally connected to 0V.
Most positive supply input.

Analog Ground. An internally generated level approximately half way between Vgg and Vpp.
A 0.047uF decoupling capacitor should be connected from this pin to Vgg. Do not connect this
pin to a voltage supply.
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Circuit Description

The main components of the S3610 LPC-10 Speech
Synthesizer are shown in the block diagram.

Word Decode ROM —This ROM decodes the data pre-
sented on the word select lines into the start addresses
of the speech words as stored in the Speech Data ROM.
Up to 32 twelve bit start addresses may be program-
med into this ROM. When the strobe line is taken high
the start address selected is used to preset the Address
Counter.

Address Counter—This binary counter is used to
address the Speech Data ROM. After being preset to
the desired start address it is incremented each time a
new byte of data is required for the synthesizer.

Speech Data ROM—This ROM contains the 2.5K
(2560) bytes of LPC-10 parameters encoded into a non-
linearly quantized packed format. This format allows
each frame of LPC parameters to be stored in only 5
bytes or less and is shown in Figure 2.

End of Word Decoder— This circuit detects the special
code indicating that the last byte read from the Speech
. Data ROM denotes the end of the speech word data and
initiates the power down routine after the previous
frame has been enunciated.

Buffer Registers—The data from the Speech Data
ROM is assembled into frames and then decimated into
the 12 parameters required for LPC-10 synthesis: pitch,
gain and the 10 lattice filter coefficients. The para-
meters are stored in an encoded format and the decod-
ing is done in the Parameter Value ROM. The coeffi-
cient address registers are used to store the assembled
frame data and address this ROM.

Bit Allocation PLA—A programmable logic array is
used to control the allocation of bits in the Buffer
Register to the 12 parameters. The allocation and per-
missible variations are shown in Figure 2.

Parameter Value ROM —This ROM is used as a look-up
table to decode the stored parameters into the LPC
coefficients.

Interpolation Logic—The coefficients for each frame of
speech, normally 20msec. are interpolated four times
per frame to generate smoother and more natural
sounding speech. Hence, the interpolation period is one
quarter of a frame period, normally 5msec. After inter-
polation, the coefficients are used to drive the pitch-
pulse source, the lattice filter and the gain control.

Interpolation is inhibited when a change from voiced to
unvoiced speech, or vice versa, is made.

Pitch Register and Counter—This register stores the
pitch parameter used to control the pitch counter.

Pitch-pulse Source—This is the signal source for voiced
speech (vowel sounds). It is realized in switched-capa-
citor technology and generates symmetrical bipolar
pulses at the rate specified by the pitch parameter and
controlled by the pitch counter.

Pseudo-random Noise Source—This is the signal
source for unvoiced speech (fricatives and sibilants) and
consists of a 15-bit linear code generator giving a
periodicity of 32767 sampling periods (4.096sec.). The
output of this generator is scaled to a lower value and
used as a random sign, constant amplitude signal.

Voiced/Unvoiced Speech Selector Switch—This switch
determines whether the voiced or unvoiced signal
source is used to drive the filter during a given frame.

LPC-10 Parameter Stack—This stack of 10 filter coeffi-
cients is used to control the lattice filter. The coeffi-
cients have an accuracy of 8-bits plus sign.

10 Stage Lattice Filter—The filter which simulates the
effect of the vocal tract on the sound source (glottis) in
the human speaker is realized here as a switched-
capacitor (analog sampled data) 10 stage lattice filter.
The filter parameters are determined dynamically by
the time varying coefficients in the Parameter Stack
and the filter operates at a sampling frequency of 8KHz
(clock frequency/80). '

Gain Controller—This controls the input signal level to
the lattice filter to vary the sound level, and is an in-
tegral part of the lattice filter.

Interpolation Filter—The output signal from the lat-
tice filter is sampled at 8KHz, and consequently its
spectrum is rich in aliasing (foldover) distortion com-
ponents above 4KHz (See Figure 3). The signal is clean-
ed up by passing it through a 4KHz low pass filter

- sampled at 160KHz. The spectrum of the output signal

contains no aliasing distortion components below
156KHz, making the output suitable for feeding direct-
ly into a loudspeaker after amplification. This filter is
also realized using switched-capacitor filter
technology.

Power Amplifier—The amplifier brings up the level of
the signal to give an output level of 30mW RMS into
100Q load. The output is a balanced bridge configura-
tion with anti-phase signals on the 2 output pins.
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Figure 2. Packed Quantized Data Formats

BYTES BYTE 4 BYTE3 BYTE 2 BYTE1
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viE
VOICED (<~ PITCH >« K10,K9,K8,K7,K6,K5 K4,K3, K2, K1 > 6 P [«GAIN->
IRRARENENENR vjr
v R
E
UNVOICED NOT USED K4,K3, K2, K1 > ll.l p |«GAIN1>
L] v
:
REPEAT < NOT USED <«PITCH->{ GAIN |p
T
END OF 0|0
WORD NOT USED ofo|ofofo 0
*NOTE: 0 =SINGLE (OR LAST) REPEAT. 1=MULTIPLE REPEAT
Figure 3.
I/I\/]\// \\/'\/l\,
Ll > | N~
0 4 8 12 16 — 3 KHz 152 156 160 164 168
(a) SPECTRUM OF SIGNAL OUTPUT OF LATTICE FILTER
!/‘ ___________ _ l\/‘
0 4 8 —> KHz 156 160 164

(b) SPECTRUM OF SIGNAL AT OUTPUT OF INTERPOLATION FILTER.
NOTE: IN BOTH CASES A SIN x/x CHARACTERISTIC MODULATES THE SPECTRA.
THIS IS OMITTED FOR SIMPLICITY.

Clock Generators and Power-down Control—This block
contains the oscillator and timing circuits and also consisting of 12 parameters of 9 bits each repeated every

generates the analog ground reference voltage. 20msec. This is reduced to less than 2000 bits/sec for
storage by means of a non-linear quantization technique.
Speech Data Compression Each of the 12 coefficients is constrained to have a fixed

set of values in an optimized manner. The actual values
The data rate of the synthesizer input is 5400 bits/sec are dependent on the speech data and generated auto-
before interpolation (21600 bits/sec after interpolation) matically in the analysis process. The parameters used to
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specify the coefficients are stored in the speech data ROM
and used to address the coefficient look-up table ROM.
The packing formats for the speech data are shown in
Figure 2.

The speech data rate is further reduced by two other
techniques shown in Figure 2. A substantial reduction is
achieved by reducing the order of the lattice filter (the
LPC order) to 4 during periods of unvoiced speech. This
allows a 40% data reduction during these periods, which
themselves typically account for 30-40% of speech (in the
English language). A second reduction is obtained by
detecting periods during which the filter parameters may
be the same as those in the previous frame. Only the gain
and pitch parameters are updated in such a frame, allow-
ing an 80% data reduction. Note that in repeat frame only
3 bits are allocated to the gain parameter. The LSB is
forced internally to zero.

Programming the S3610

The word decode ROM, the speech data ROM and the
coefficient ROM are mask programmed with the custo-
mer’s speech data. Interfacing with AMI to produce the
ROM mask is possible at several levels, to suit the
customer’s requirements. AMI is able to provide a com-
plete speech analysis service for this purpose. This allows

Interfacing

The S3610 is designed to be easily interfaced to a host
controller. The interface timing requirements are shown
in Figure 1. A valid 5-bit address should be presented on
the word select lines and the strobe line taken to a logic 1
and held there until the end of enunciation, as indicated
by the Busy output. A typical system configuration is
shown in Figure 4. If it is not possible or inconvenient to
monitor the Busy output or to maintain the strobe for the
duration of the enunciation, these 2 lines may be combin-
ed as shown in Figure 5. The Busy output will automati-
cally maintain the Strobe input once it is initiated. Note
that an inverted strobe input is now required, and its
duration should ensure that the Busy output goes low
before it is removed. A minimum duration of lusec is
recommended. A method of operating the synthesizer
directly from a keyboard is shown in Figure 6. Using the
74C922 encoder limits the vocabulary to 16 words. This
can be expanded to the maximum of 32 words by using 2
encoders. The R-C delay provides the address set-up time
required before ST goes high.

Applications

Toys and Games

accurate programming of the ROMs from a speech sam- EDP
ple provided on audio magnetic tape with a fast turn- Instrumentation
around. Customers who have LPC speech analysis facili- Communications
ties and wish to interface with AMI at a different level Industrial Controls
should contact the factory for further details about the Automotive
quantization technique and formats acceptable. Appliances
Figure 4. Typical System Configuration
[ Vm 1009
A7 f Ao LSy ﬁ
> . LS
HOST \ > 2
SYSTEM 1 —{ As 05C4
53610 = s
E.G. S6802 Aq2 —»1 ST RESONATOR
0SCo |— T
! 120pF
0 BU AgNd —_:]___
Vss - 0.047,F :l:
= = =
NOTE: NOMENCLATURE ON HOST REFERS TO S6802 =
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Figure 5. Using Busy Output to Maintain Strobe

o

ST

Figure 6. Direct Keyboard Operation
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LPC-10 SPEECH SYNTHESIZER

Features General Description
U Simple Microprocessor Interface The S3620 LPC-10 Speech Synthesizer generates speech
[0 CMOS Switched-Capacitor Filter Technology of high quality and intelligibility from LPC (Linear
O Automatic Powerdown Predic!;i\.le nging) data. stqred i_n an exter.nal memory.
. . The digital interface circuitry is fully microprocessor
O} 58 Volts Single Supply Operation compatible and allows the processor to load the data with
. . or without a DMA controller. The loading takes place on
O Direct Loudspeaker Drive a handshake basis, and in the absence of a response from
O 30mW Audio Output the processor the synthesizer automatically shuts down
O Low Data Rate and goes into the powerdown mode. A busy signal allows

the processor to sense the status of the synthesizer. The
input data rate is 2.0K bits/sec. max., but typically the
average data rate will be reduced to about 1.4K bits/sec.
by means of the data rate reduction techniques used in-

ternally.
Block Diagram Pin Configuration
Do o—»-f
Oo—>
Oo—>
DATA
weuts O WPT BT
o] LATCH | BUFFER +—| AtLocaTion
fae REGISTER o
07 o—» \J
1RO O Dy E 1 22 D Voo
Y o— END OF WofD Rt ;[ 2 21 El D5
SALUE om 0, (7 3 20 [0
stRoBE o—|  grock D[] 4 191D
0SC 0| GENERATOR AND __ | voceouwvorcen _
o] " || i ] s 18 [ iR
i _
! .
roo ! i aron ST [1 6 $3620 17 (] BU
! T q 7 16T
t
o [« ol st O 8 v
|
[ AN & NC[] 9 14 7] LS,
REFLECTION
Vo co::;ﬂim 0sC; ] 10 13 D LS;
Vss o——> Vss E 1" 12 A GND
TEST 10—
TEST 20—
TEST 30— PSEUDO N/C=NO CONNECTION
e 10 STAGE
NOISE SOURCE LATTICE FILTER
L8y
INTERPOLATION
POWER AMPLIFIER
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The synthesizer is realized using analog switched- The S3620 also features an on-chip oscillator, requiring
capacitor filter technology and operates at 8K samples/ only a 640kHz ceramic resonator and a 120pF capacitor
sec. An output interpolating filter and bridge power for normal operation.

amplifier give 30mW output power at 6 volts supply and
allow the device to be connected directly to a 1009
loudspeaker.

AMI is able to provide a speech analysis service to
generate the LPC parameters from customers’ speech
supplied on audio magnetic tape.

Absolute Maximum Ratings*

SUPPLY VOIEaZE . . . .ttt ettt et ettt et 11 Volts DC
Operating Temperature Range . .. ...ttt int ittt eaaiaaneans 0°Cto +70°C
Storage Temperature Range .. ...ttt ieeeaiaannns —55°C to +150°C
Voltage at any Pin . .........oo ittt e Vss —0.3 to Vgg +0.3V
Lead Temperature (Soldering, 10 SEC.) . ... vvtttttt ettt ittt eeiteeeenteeeenaeeeranessseeennnns 200°C
Power DissiPation . .. ...ttt e e e e 1w

*COMMENT: Stresses above those listed under ** Absolute Maximum Rating” may cause permanent damage to the device. This is a stress rating only and func-
tional operation of the device at these or at any other condition above those indicated in the operational sections of this specification is not implied. Exposure to
absolute maximum rating conditions for extended periods may affect device reliability.

Electrical Specifications: (Vpp=6.0V £10%, Vgg=0V, Cp5=0.04TuF, Ty =0° to 70°C, unless otherwise

specified)

D.C. Characteristics

Symbol | Parameter Min. Typ. Max. | Units Conditions
Vig Input High Logic “1”” Voltage 2.4 Vbp v

ViL Input Low Logic “0” Voltage —0.3 0.8 A%

Iin Input Leakage Current 10 uA Vin=0 to Vpp
VoL Output Low Voltage Busy Output 04 A% Io,=1.6mA
AVoa Output DC Offset Voltage, Audio 200 mV

Voa DC Output Voltage, Audio Y2Vpp Ripoap=100Q
Ipp Supply Current, Operating 25 mA

IppL Supply Current, Powerdown 0.75 mA
AC Characteristics

Symbol | Parameter Min, Typ. Max. | Units Condition

Po Audio Output Power 30 mW Rpoap=100Q
tps Data Set-Up Time 100 nsec See Figure 1
tpu Data Hold Time 10 nsec See Figure 1
tws Strobe Pulse Width 0.5 100 usec See Figure 1
tss 1st Strobe to Busy Delay 100 500 nsec See Figure 1
tBQ 1st Strobe to 1st IRQ Delay 19 msec See Figure 1
trREP IRQ Repetition Rate 250 usec See Figure 1
twq IRQ Pulse Width 3 3.5 usec See Figure 1
tQs IRQ to Strobe Delay!See Note 1] 200 usec See Figure 1
Fosc Oscillator Resonator Frequency —1% 640 +1% KHz See Figure 1
Ri0ap | Audio Output Load Impedance 100 Q

Cinosc | Input Capacitance, Oscillator 100 pF

CiN Input Capacitance, Digital Interface 7 pF

NOTE 1: Failure to respond to an IRQ with a new strobe within the specified period results in the chip going into the power down mode.
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Figure 1. Timing Requirements

Timing of First and Second Bytes

,L‘— tws ! 150 ;
STROBE -—u— —————— | J -
|- tos "'b«“ ! |

Pin Function/Description

Digital Interface

Dy through Dy Data Inputs. The speech data (in quantized form) is loaded on these lines in 8 bit bytes. :

ST Strobe Input. A rising edge on this input strobes in the data bytes. Enunciation will com-
mence after the first frame of data has been loaded. If no strobe is received by the chip in
response to an IRQ output then enunciation stops immediately and the chip goes into the
power-down mode.

Busy Output. This open drain output signals that enunciation is in progress by going low.

[ w‘
=
@l <

Interrupt Request Qutput. This open drain output signals that the chip is ready to receive the
next byte of data. Failure to respond within the prescribed time results in the chip going into
the power-down mode.

Audio Interface

LS1 and 2 Loudspeaker Outputs. These pins are used to connect the chip to the loudspeaker. They are

D.C. coupled and have an offset of half the supply voltage. The audio output is balanced on the
two outputs.

Misc.

OSC;, OSC, Oscillator Input and Output. A 640KHz ceramic resonator (MuRata CSB640A or equivalent)
should be connected between these pins for normal operation, or an external 640KHz signal
may be fed into OSC;,. When a resonator is used, a 120pF capacitor should be connected
between OSC; input and ground.

Ty, Ty, Ty Test Inputs. These inputs should be left unconnected for normal operation.

Vss Most negative supply input. Normally connected to OV.

Vbp Most positive supply input.

AgND Analog Ground. An internally generated level approximately half way between Vss and Vpp.
A 0.047uF decoupling capacitor should be connected from this pin to Vgg. Do not connect this
pin to a voltage supply.
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Circuit Description

The main components of the S3620 LPC-10 Speech
Synthesizer are shown in the block diagram.

Input Latch—This 8-bit latch stores the input data
after the strobe pulse and loads it into the Coefficient
Address Registers.

End of Word Decoder—This circuit detects the special
code indicating that the last byte loaded in the Input
Latch denotes the end of the speech word data and ini-
tiates the power down routine after the previous frame
has been enunciated.

Buffer Registers—The data from the Speech Data
ROM is assembled into frames and then decimated into
the 12 parameters required for LPC-10 synthesis: pitch,
gain and the 10 lattice filter coefficients. The para-
meters are stored in an encoded format and the decod-
ing is done in the parameter value ROM. The coefficient
address registers are used to store the assembled frame
data and address this ROM.

Bit Allocation PLA—A programmable logic array is
used to control the allocation of bits in the Buffer
Register to the 12 parameters. The allocation and per-
missible variations are shown in Figure 2.

Parameter Value ROM —This ROM is used as a look-up

Figure 2. Packed Quantized Data Formats

table to decode the stored parameters into the LPC
coefficients.

Interpolation Logic—The coefficients for each frame of
speech, normally 20msec. are interpolated four times
per frame to generate smoother and more natural
sounding speech. Hence, the interpolation period is one
quarter of a frame period, normally 5msec. After
interpolation, the coefficients are used to drive the
pitch-pulse source, the voiced/unvoiced switch, the lat-
tice filter and the gain control. Interpolation is in-
hibited when a change from voiced to unvoiced speech,
or vice versa, is made.

Pitch Register and Counter—This register stores the
pitch parameter used to control the pitch counter.

Pitch-pulse Source—This is the signal source for voiced
speech (vowel sounds). It is realized in switched-
capacitor technology and generates symmetrical bi-
polar pulses at the rate specified by the pitch parameter
and controlled by the pitch counter.

Pseudorandom Noise Source—This is the signal
source for unvoiced speech (fricatives and sibilants) and
consists of a 15-bit linear code generator giving a
periodicity of 32767 sampling periods (4.096sec.). The
output of this generator is scaled to a lower value and
used as a random sign, constant amplitude signal.

BYTE 5 BYTE 4 BYTE 3 BYTE 2 BYTE1
716/5(413{211|0]7|6]5(4|3|2]1]0}7 5/4|3(2|1|0|7{6{5|4({3|2|1|0|7|6(5(4{3|2]|1]0
vIE
VOICED |« PITCH>{ K10,K9,K8,K7,K6,K5 K4,K3, K2, K1 > lll p r-GAIN—*
NERRRENERENN T
vIE
UNVOICED |«——————NOT USED - K4,K3, K2, K1 > |{| P [<GAIN 1>
L v[r
E
REPEAT - NOT USED PITCH-{ GAIN |p
T
END OF — 0 0 ololo
WORD NOT USED o/0fo|0

*NOTE: 0=SINGLE (OR LAST) REPEAT. 1=MULTIPLE REPEAT
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Voiced/Unvoiced Speech Selector Switch—This switch
determines whether the voiced or unvoiced signal
source is used to drive the filter during a given frame.

LPC-10 Parameter Stack—This stack of 10 filter coeffi-
cients is used to control the lattice filter. The coeff1c1ents
have an accuracy of 8-bits plus sign.

10 Stage Lattice Filter—The filter which simulates the
effect of the vocal tract on the sound source (glottis) in the
human speaker is realized here as a switched-capacitor
(analog sampled data) 10 stage lattice filter. The filter
parameters are determined dynamically by the time vary-
ing coefficients in the Parameter Stack and the filter
operates at a sampling frequency of 8KHz (clock fre-
quency/80).

Gain Controller—This controls the input signal level to
the lattice filter to vary the sound level, and is an integral
part of the lattice filter.

Interpolation Filter—The output signal from the lattice
filter is sampled at 8KHz, and consequently its spectrum
is rich in aliasing (foldover) distortion components above
4KHz (See Figure 3). The signal is cleaned up by passing
it through a 4KHz low pass filter sampled at 160KHz.
The spectrum of the output signal contains no aliasing
distortion components below 1566 KHz, making the output
suitable for feeding directly into a loudspeaker after
amplification. This filter is also realized using switched-
capacitor filter technology.

Power Amplifier— The amplifier brings up the level of the
signal to give an output level of 30mW RMS into a 100Q
load. The output is a balanced bridge configuration with
anti-phase signals on the 2 output pins.

Clock Generators and Power-down Control—This block
contains the oscillator and timing circuits and also gene-
rates the analog ground reference voltage.

Figure 3.

0 4 8 12 16

(a) SPECTRUM OF SIGNAL OUTPUT OF LATTICE FILTER

=

NOTE:
THIS IS OMITTED FOR SIMPLICITY.

8 —> KHz

(b) SPECTRUM OF SIGNAL AT OUTPUT OF INTERPOLATION FILTER.
IN BOTH CASES A SIN x/x CHARACTERISTIC MODULATES THE SPECTRA.

164 168

156 160 164

Speech Data Compression

The data rate of the synthesizer input is 5400 bits/sec
before interpolation (21600 bits/sec after interpolation)
consisting of 12 parameters of 9 bits each repeated every
20msec. This is reduced to less than 2000 bits/sec for
storage by means of a non-linear quantization technique.
Each of the 12 coefficients is constrained to have a fixed
set of values in an optimized manner. The actual values
are dependent on the speech data and generated auto-
matically in the analysis process. The parameters used to
specify the coefficients are stored in the speech data
ROM and used to address the coefficient look-up table

ROM. The packing formats for the speech data are
shown in Figure 2.

The speech data rate is further reduced by two other
techniques shown in Figure 2. A substantial reduction is
achieved by reducing the order of the lattice filter (the
LPC order) to 4 during periods of unvoiced speech. This
allows a 40% data reduction during these periods, which
themselves typically account for 30-40% of speech (in the
English language). A second reduction is obtained by
detecting periods during which the filter parameters may
be the same as those in the previous frame. Only the gain
and pitch parameters are updated in such a frame, allow-
ing an 80% data reduction.
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Generation of Speech Data for the S3620

The speech data input to the S3620 is in a compressed
format as explained in the previous section. AMI is able
to provide a complete speech analysis service for this pur-
pose and can supply the data on a diskette or programm-
ed into EPROMs or mask programmed ROMs up to
128k bits. The speech sample should be provided to AMI
on audio magnetic tape. Customers who have LPC
speech analysis facilities and wish to generate their own
data should contact AMI for further details of the quan-
tization technique used and the availability of software
to accomplish this.

Interfacing

The S3620 is designed to be easily interfaced to an 8-bit

shown in Figure 4. The S3620 occupies a single address
in the microprocessor’s memory space and data is loaded
by writing it into that address after reading it from
memory. The Address decode function may be realized
using a PIA. An alternative interface technique is to
write the data directly into the S3620 while reading it
from the memory. This can be accomplished by mapping
the S3620 into the entire address space of the speech
data portion of the memory, so that the strobe is
generated each time a byte of data is read from the
speech memory. This can save hardware, as well as
microprocessor instructions, since the loading of each
byte is now accomplished in a single Read cycle instead
of a Read cycle followed by a Write cycle. An example of
this interfacing is shown in Figure 5, where the speech
data occupies the memory addresses 0000 to 7FFF.

microprocessor system such as the S6800 as well as some  Applications
4-bit systems such as the S2000 family. The timing re- Toys and Games
quirements are shown in Figure 1. A valid data byte gpp
should be present at the data input lines when the strobe  cgmmunications
line is taken to a logic 1 before the start of enunciation 1,4 mentation
and in response to each IRQ. The busy output may be us-  1p,qustrial Controls
ed to identify the IRQ source during polling in a multiple A tomotive
interrupt system. A typical system configuration is . Appliances
Figure 4.
4.7kQ
W\ Voo
| - l l 1009
iRQ Ag ADDRESS iRa Voo (g1
DECODE
A1s = (HIGH) Ls2
E 0SC;
_L.
VMA | 640kHz
$6802 53620 2 gesonator
o 0seo }—
0o | Do 120pF
D7 {— D7 gy Vss Acnp
‘L J. _—L 04T,F
L I L

ADDRESS BUS

MEMORY
BANK
DATA BUS

T0 OTHER PERIPHERALS

7.203



AMI

S3620

Figure 5.

$6808

Ao
A1s

VMA

Do
D7

[T 1]

8000 TO FFFF
PROGRAM AND
NON-SPEECH
DATA MEMORY

4.7KQ
] VWA ] Vpo
L 1009
IRa Voo g4
A1 Ls2
ST
L] I saryrom
$3620 C=3 RESONATOR
0SCo l—T
Dp 120pF
D7 A
BU Vss GND
l J_ _E]E- D4TuF
ADDRESS BUS 0000 T0 7FFF
_I | SPEECH DATA
MEMORY
DATA BUS
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S3630A/B

Features

O Single +5V Power Supply

O Directly TTL Compatible Inputs

O Directly TTL Compatible Outputs, Three State
on S3630A

O Low Power: Supply Current-20mA Max.

O Power Down Capability (S3630A)

General Description
The S3630A/B is a high density 131072 bit NMOS mask

programmable Read Only Memory. The device is fully
TTL compatible and the organization as 16KX8 bits

128K (16K X 8) BIT NMOS ROM

makes it very suitable for use in microprocessor systems.
It is available in both 6usec and 10usec versions.

The S3630 is available in two pin configurations. The
S3630A has the industry standard pinout (28-pin pack-
age). The S3630B has a minimum pin configuration,
allowing it to be packaged in a 24-pin DIL pack, saving
valuable board space where this configuration is usable,
as well as reducing costs.

The S3630 is manufactured in a high density silicon gate,
depletion load, N-channel process. Its high data capacity
makes it extremely suitable for use in speech synthesis
systems.

Block Diagram

Ag

Ay——

:: ADDRESS

A DECODER > 512X 256
A; DRIVER ARRAY
Ag

A7

[ LI S

Ag Y

A —1  aponess
Am__|  oEcooen ~|  Gheuns
Ars DRIVER

A13 ——

3-STATE . OUTPUT

OE*— CONTROL* > BUFFERS
*$3630A ONLY 0o 0402 O3 04 05 Og 07

Logic Symbol Pin Configuration
——
MmOt 28 [ Vec
Ao — A 2 27 A
A ] 3 26 [ A
Az —] 0 Ml 4 25 [ As;
A ™ 0 [ m ] I mE™
Ay — 0 NC[] 6 23 [ An
As — — 03 A ] 7 22 [0
As — — 0 We (] 8 S3630A 21[J Ay
A7 — — 05 ML) 9 20 [ CE
Ay — — 06 A ] 10 1w
Ay — — 0 0 1 8]0
Ag — 0 [ 12 17705
A —] 0. ] 13 1670,
Ay — ves [] 14 B0
A —
& — N.C.= NO CONNECTION
% — A
a1 24 [ Vee
a2 23[ A
Al 3 2
Pin Names e S
Al s 20 [7] Aig
A, ] 6 S3630B 19 [ Ay
Ap-Aj3  Address Inputs s 7 18 7] An
09-07 Data Outputs A8 170
CE Chip Enable Wl e 610
OE Output Enable s 15000
o, 1 1“7
vss (] 12 10
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Absolute Maximum Ratings*

Ambient Temperature Under Bias ..........ouiiiiiiiiiiiiiii i —10°C to 80°C
Storage TemPerature . ... ..o.uuut ettt ittt ettt ettt eaiteeeeeninnaeessnannenonns —65°C to 150°C
Output or SUPPLY Volbages . . .« vt vttt ettt ettt it e e raneaaes —0.5V to 7V -
INPUE VOlbagES .« o ottt et e —0.5V to 6.5V
Power DissiPation ., ... v ettt e e e e e e 1w

*COMMENT: Stresses above those listed under *“Absolute Maximum Rating’’ may cause permanent damage to the device. This is a stress rating only and func-
tional operation of the device at these or at any other condition above those indicated in the operational sections of this specification is not implied. Exposure to
absolute maximum rating conditions for extended periods may effect device reliability.

D.C. Characteristics: (T =—10°C to 70°C, Voc=+5V £10%)

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

VoL Output LOW Voltage 0.4 v IpL=1.6mA

Vou Output HIGH Voltage 2.4 v Iop=100uA

Vi, Input LOW Voltage -0 ' 0.8 \4

Vig Input HIGH Voltage - 20 5.5 A%

Ipg Input Leakage Current 10 HA Vin=0 to 5.5V

Iro Output Leakage Current 10 A Vo=0.4V to 5.5V, @Vc
. 0.4V or OPEN

Icc Power Supply Current 10 20 mA

Icc Standby 3 mA 3630A

Capacitance: (T =25°C, f=1MHz.)

Symbol | Parameter Min. Typ. Max. | Units Condition
Cin Input Capacitance 7 pF ViN=0V
Coyur. | Output Capacitance 10 pF Vour=0V

A.C. Characteristics: (Ty =—10°C to +70°C, Voc=+5V *10%)

Symbol | Parameter Min. Typ. Max. | Units Conditions
tceo Chip Enable Access Time
S3630A , 6 usec
) S3630A-1 10 usec
tor Output Enable Access Time
‘ S3630A and S3630A-1 350 nsec
torr Output Deselect Time : ~ See A.C. Conditions of Test
S3630A . 350 nsec and A.C. Test Load
tas Address Setup Time (S3630A)( 0 nsec
tan Address Hold Time (S3630A) 1 usec
tcg CE Off Time (S3630A) 5 usec
tov Access Time from Ve On
S3630B 6 usec
S3630B-1 10 usec
torr Output Deselect Time
S3630B 250 nsec
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A.C. Characteristics: (Continued)

Symbol

Parameter Min. Typ. Max. | Units

Conditions

tas

Address Set-Up Time
S3630B —200 nsec

taH

Address Hold Time (S3630B) 2 usec

Veeorr

100 nsec

A.C. Test Conditions

Input Pulse Levels
Ve Levels
Input/Output Timing Levels
Output Load

................... 0 to 4.5V
....................... 1.5V

3630A Timing Diagram

AgTO A3 f VALID ADDRESS
ta:

tee

fan

VALID DATA VALID DAT

A
0o T0 07 4 INVALID DATA 0p TO 07 (IF OE IS ENABLED)

l+Toe: {orF—1
OUTPUT LINES
VALID DATA OUTPUT ;>_—
3630B Timing Diagram
1 |

Ao TOA43 VALID ADDRESS

[ tas* —]

L
Vee /

Vecorr ) |
l“FF Wy
VALID DATA OUTPUT VALID DATA OUTPUT

*tas MAY BE A NEGATIVE NUMBER SINCE THE ADDRESS DOES NOT HAVE TO BE VALID WHEN Ve
GOES ON BUT MAY OCCUR AFTERWARDS
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Custom Programming

The preferred method of pattern submission is the AMI
Hex format as described below, with its built-in address
space mapping and error checking. This is the format
produced by the AMI Assembler. The format is as
follows and may be on paper tape, punched cards or other
media readable by AMI (see notes on page 4).

Position Description
1 Start of record (Letter S)
2 Type of record

0—Header record (comments)
1—Data record
9—End of file record
3,4 Byte Count :
Since each data byte is represented as two hex characters, the byte count must be multiplied by two to
get the number of characters to the end of the record. (This includes checksum and address data.)
Records may be of any length defined in each record by the byte count.
5,6,7,8 Address Value
The memory location where the first data byte of this record is to be stored. Addresses should be in
ascending order.
9,...N Data
Each data byte is represented by two hex characters. Most significant character first.
N+1,N+2 Checksum
The one’s complement of the additive summation (without carry) of the data bytes, the address, and the

byte count.
EXAMPLE: $113000049E9F10320FO0493139F72000FSEOFO0O0126
$903000O0FTC
g2 7
o E S =
s 5 a =3
s8 2 2
gz = 2
=3 % a S
l ' /_AW /'—A—\ / N \ /_A'\
$113000049E9F10320FO0493139F72000FS5EO0FO00T125
NOTES: c. There should NOT be any extra line feed between
Paper tape format is the same as the card format above records at all. .
except: d. After the last record, four (4) $$$$ (dollar) signs
a. The record should be a maximum of 80 characters. should be punched with carriage return and line feed
b. Carriage return and line feed after each record indicating end of file.

followed by another record.
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Application Notes

AN-101  S2559 DTMF Tone Generator

AN-201  Single Channel A-Law and py-Law PCM
Codec/Filter Sets

AN-202 AMI Codec Performance Evaluator

AN-301  Using the S3525 A/B DTMF Bandsplit Filter

AN-401  An SPP-Microprocessor Interface
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Applications of the $2559 DTMF Tone Generator

The S2559 Series DTMF Tone Generators were designed
specifically for use in the implementation of the DTMF
tone dialing push-button telephones. Other applications
of the device include radio and mobile telephones, Remote
Control, Point of Sale and Credit Card Verification Termi-
nals, Alarm Reporting Devices, Automatic Dialers, etc.
This application note describes design considerations,
test methods and results obtained using the S2559 Tone
Generator in these applications. For detailed specifica-
tions of the device refer to the S2559 Data Sheet.

Push-Button Dual Tone Telephone

The primary application of the DTMF Tone Generator is
in the design of a push-button dual tone telephone. To
help explain how it can be used in a modified standard
telephone, a description of the standard telephone is pre-
sented first.

Figure 1 shows the circuit diagram of a 500 type
telephone set, an industry standard. Although there are
various manufacturers of the 500 type telephone set, the
internal circuitry is similar. Some manufacturers encap-

S$2559 DTMF
TONE GENERATOR

sulate all the active circuits with access provided at ter-
minals only. The nomenclature of these terminals and
their number may vary, depending upon the telephone
model and its manufacturer.

The telephone set is composed of a transmitter, a receiver,
an electrical network for equalization and associated cir-
cuitry to control sidetone and to connect power and sig-
naling. The transmission circuitry of the telephone set is
designed to separate the transmitter and receiver circuits
to limit the amount of the talker’s signal appearing in his
own receiver (sidetone) and to block the direct current in
the transmitter from the receiver. A controlled amount of
sidetone is necessary for maintaining a natural conversa-
tion.

In the diagram of Figure 1, L1, L2 and L3 form a 3 wind-
ing transformer and V2, C3, R3, C4 form the sidetone
balancing network. With the phone on-hook, hookswitch
contacts S1, S2 are open and S3 is closed to protect the
transmitter and receiver from ringing current from the
central office to pass through the transmitter. When the
phone is off the hook, contacts S1, S2 close, S3 opens and
direct current flows in the transmitter. Capacitors in the

Figure 1. 500 Type Telephone Set
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sidetone balance network prevent the direct current flow-
ing in the transmitter from appearing in the receiver. Dur-
ing dialing, contact S6 across the receiver is closed to eli-
minate undesirable clicks and contact S5 interrupts the
direct current at the dial pulse rate. Capacitor C2 forms a
dial pulse filter to suppress high frequency interference in-
to radio sets. Varistor V3 suppresses clicks in the receiver.
Varistors V; and Vj are part of the equalizing network to
reduce transmitting and receiving efficiency on short
loops.

The varistors have a property of decreasing in resistance
with increasing currents. On long loops the direct current
from the central office battery is low; the varistor impe-
dances are therefore high and the maximum telephone set
efficiency is obtained. On short loops the high direct cur-
rent results in low varistor impedances which shunt the
speech currents and reduce the set efficiency. The overall
effect is to make speech volumes at the central office and
at the subscriber receivers less dependent on loop length.

The voltage developed in the local transmitter is divided
in the windings L1 and L2 so that the voltages induced in

the winding L3 are opposing. The voltage across the side-
tone network resistance R3 arising from current flowing
in winding L2 is arranged to oppose the resultant of
voltages induced in L3. The overall effect of this balance is
that the current in the receiver as a result of voltages
developed in the transmitter is small and thus produces a
low sidetone level. On the other hand, speech currents
received from the loop pass through windings L1 and 1.2
and produce additive voltages in winding 1.3 which is con-
nected to the receiver. These additive voltages are oppos-
ed by an approximately equal voltage 180° out of phase
which results from the receiving current in winding L.2.
As aresult there is little voltage drop across R3 and maxi-
mum receiving levels are obtained without appreciable
power loss in resistor R3.

Implementation Using Mechanical Switching

Figure 2 shows how the circuit of Figure 1 can be modified
to incorporate the DTMF Tone Generator eliminating the
dial, adding a push-button keyboard to achieve a push-
button dual tone telephone. 1t is seen that the device in-

Figure 2. 500 Type Telephone Set Modified for Dual Tone Signaling
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terfaces directly with the encapsulated circuitry without
modification of it. Diodes D1 through D4 are inserted to
insure that the polarity of the direct voltage across the
device is the same even if connections to the phone termi-
nals are reversed.

When the phone goes off-hook and a digit key is pushed,
the device is powered up by the closure of common switch
contact K2B. Zener V; insures that the voltage across the
device will not exceed the maximum operating voltage.
The recommended value for Vz is 12 volts. Common
switch K2A opens, removing the drive to the transmitter.
The common switch K1 opens, which leaves the receiver
connected through resistor Rs. Resistor Rs determines
the amount of digit sidetone heard in the receiver. Typical
value of Rs is 5.1KQ.

The tone output of the device can be connected directly to

the phone line through resistor Rp. To obtain tone
amplitudes in the acceptable range, typically a resistor in
the range of 100 ohms to 200 ohms is required. Lower
resistor values produce higher amplitudes at the phone
terminals but at increased distortion. An alternate way to
produce higher amplitudes at the same time keeping dis-
tortion low is to use an emitter follower transistor, as
shown in Figure 2. Ry is now increased to 10K while Ry,
is chosen in the range of 100 to 200 ohms to produce the
desired amplitude. Lower values of Ry, tend to increase
amplitude seen at the phone terminals as before.

Implementation Using Electronic Switching

Electronic switching using transistors can be employed to
control the transmit and receive functions of the tele-
phone as shown in Figure 3, which depicts an interface cir-

Figure 3. Tone Generator Interface Circuit
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cuit for the 2500 type network. PNP transistors Qp and
Qg are used as series contacts with the microphone and
the receiver. In the tone dialing mode, transistors Q and
Qg are turned off, while in the voice mode they are turned
“on”. There is a slight loss in the transmission efficiency
due to the finite “on”’ impedances of the transistors and
due to base drive currents required by the two transistors

for “‘hard switching”’.
Printed Circuit Board
An example of a PC layout for the tone generator is shown

in the artwork section (Section II) of this Design Manual.
See AW101.

Figure 4A. Bench Method for Measurement of Amplitude and Distortion Performance
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Performance Evaluation

The two major criteria in the evaluation of the DTMF
Tone Generator in the telephone application are 1) the
Amplitude/Loop Current characteristic, and 2) Distortion.

Figures 4A and 4B show test circuits suitable for these
measurements. Note that the circuit of Figure 4A allows
simulation of DC Loop Conditions only. With this circuit,
loop current can be varied over the range of 20mA to
80mA.
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Figure 4B. Test Circuit for Distortion and Amplitude Measurement @ @
' 500 TYPE
NETWORK
. 0S; 1 _L
$2559 M2 X5
Dy D2 Rg . 08, |8 T
@4— Voo 1
D D A
4 3 Be o
0 16 rone - 3
1 Cil" o—o
b= g R
®
% G
R.z R3 lia “5
PARTS LIST WIRING CONNECTIONS
D1-Ds = 1NAOD4 Ry = 130Q FROM 10
21 = 1N4742  Rs = 120Q 1. L
1 = .001,F Ry = 5.1k 2 Ly
R = 10MQ 0 = 2N5550 3 RR
R, = 180Q X = 3.579545MHz CRYSTAL 4 R
Ry = 170Q 5 ¢

Figure 5.

AMPLITUDE (dBm)

Typical Amplitude/Loop Current Plot
for Circuit of Figure 2

Ry = 1500

LOOP CURRENT (mA) ———————

8.6

Amplitude/Loop Current

Figure 5 shows a typical plot of amplitude vs loop current
superimposed on the recommended AT&T specification
(ref. 1) obtained using the circuit of Figure 2 with
Rp=1509 (external emitter follower stage disconnected)
in the test configuration of Figure 4. The absolute ampli-
tude can be increased or decreased in a variety of ways.
One way is to vary Ry,. Ry, typically will be in the range of
100 to 200Q. Increasing Ry, tends to decrease amplitude
but improve distortion. Another alternative for increased
amplitude is to use a bypass capacitor across Ry,. This,
however, tends to increase distortion. An emitter-follower
transistor can be connected on the tone output. This
allows increased amplitude and reduced distortion at the
same time. These alternatives are shown in Figure 6. Use
of the extra emitter-follower stage, however, decreases
the amplitude slope characteristic. In general, a trade-off
between amplitude, amplitude slope and distortion is
necessary. ’ '

Distortion
The AT&T specification (ref. 1) reads ‘“The total power of



AMI

AN-101

Figure 6. Alternatives for Increasing Amplitude
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all extraneous frequencies in the voiceband above 500Hz
accompanying the signal should be at least 20dB below
the level of the frequency pair.” The key words here are
the total power, voiceband and level of frequency pair.
The voiceband is normally defined to be 300Hz to
3400Hz. Therefore, the total power of all extraneous com-
ponents in the 500Hz to 3400Hz is of interest. The
measurement of total power is not easy. To measure it
precisely, first the total power of the DTMF signal with
extraneous components in the 500Hz to 3400Hz band
should be measured. The DTMF signal then should be
removed by use of two notch filters centered around the
appropriate low group and high group frequencies and the
total power measured again. The ratio of the two readings
gives a measure of distortion. An alternative is to plot a
spectrum of the dual tone waveform and compute distor-
tion using the following formula.

n
)2
/2, (%)

V' (VL)2+(Vy)2

Dist. (dB) = 20 log

- 10ftog 2 w2]- g tv2+vizt) @

Table 1. dB to (rmsV) and (rmsV)2 Conversion Chart

WhereV}, and Vi correspond to the rms voltage levels of
the low group and high group signal components in the
dual tone signal and Vj is the ith extraneous (either inter-
modulation or harmonic) component in the voiceband
(500Hz to 3400 Hz). Individual component amplitudes in
dB can be readily read off from the spectrum plot, con-
verted to (rmsv)2 by the use of the conversion chart shown
in Table 1. Distortion is then calculated by use of equation
(1), above.

Figures 7 and 8 show typical spectrum plots obtained in
the test circuit of Figure 4 on'a S2559D device in the cir-
cuit of Figure 3. Detailed distortion calculations on these
spectrum plots are shown in Tables 2 and 3. The results
show the distortion at 20mA loop current to be —24.9dB
and at 30mA loop current —36.3dB. It is evident that
distortion decreases rapidly as the supply voltage in-
creases and as the modulation of the supply voltage
decreases.

A rule of thumb for quick estimate of distortion is: As a
first approximation, distortion in dB equals the difference
between the levels in dB of the extraneous component
with the highest amplitude and the low group signal com-
ponent: or

dB (rmsV) (rmsV)? dB (rmsV) (rmsV)2

-1.0 0.8913 0.79433 -20 0.1 0.0100000
-1.5 0.8414 0.70795 =21 0.089 0.0079433
=20 0.7943 0.63096 -22 0.07943 0.0063096
=25 0.7498 0.56234 -23 0.0707 0.0050119
-3.0 0.7079 0.50119 —24 0.063 0.0039811
-35 0.6683 0.44668 -25 0.0562 0.0031623
-4.0 0.6309 0.39811 -26 0.050118 0.0025119
-4.5 0.5957 0.35481 =27 0.0446 0.0019953
-5.0 0.5623 0.31623 —-28 0.0398 0.0015849
-55 0.53088 0.28184 -29 0.03548 0.0012589
-6.0 0.5012 0.25119

-6.5 0.4732 0.22387 -30 0.03162 0.0010000
-7.0 0.4467 0.19953 -3 0.02818 0.0007943
—-75 0.4217 0.17783 -32 0.0251 0.0006310

dB (rmsV) (rmsV)?2 dB (rmsV) (rmsV)2
-33 0.02238 0.0005012 —46 0.005011 0.0000251
-34 0.01995 0.0003981 —-47 0.00446 0.0000199
-35 0.01778 0.0003162 —48 0.00398 0.0000158
-36 0.01584 0.0002512 -49 0.00354 0.0000126
=37 0.014125 0.0001995 -50 0.00316 0.0000100
-38 0.01259 0.0001585 -51 0.002818 0.0000079
-39 0.01122 0.0001259 -52 0.00251 0.0000063

-53 0.00223 0.0000050
—40 0.01 0.0001000 -54 0.00199 0.0000040
-41 0.0089 0.0000794 -~55 0.00177 0.0000032
—-42 0.00794 0.0000631 —-56 0.00158 0.0000025
—43 0.00707 0.0000501 -57 0.0014125  0.0000020
—44 0.0063 0.0000398 -58 0.001259 0.0000016
—45 0.00562 0.0000316 —59 0.001122  0.0000013
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Dist. (dB)= Vindp)— Vi(dB) (2) Figure 9 shows a plot of distortion vs loop current for
various tone generators. It is seen that the S2559E and G
have lower distortion than A and C devices and are recom-
mended for new designs.

Using this rule of thumb gives estimates of —25dB and
—37dB respectively for the loop currents of 20 and 30mA
which are close to the computed values of —24.9dB and
—36.3dB.

Figure 7. Typical Spectrum Plot of a S2559D Device in Circuit of Figure 3 with Test CKT of Figure 4
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Figure 8. Typical Spectrum Plot of a S2559D in Circuit of Figure 3 with Test CKT of Figure 4
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Table 2. Distortion Calculations for Spectrum of Figure 7

Device: S2559D in Circuit of Figure 3, Test Circuit Figure 4,

20mA Loop Current

Table 3. Distortion Calculations for Spectrum of Figure 8
Device: S2559D in Circuit of Figure 3, Test Circuit Figure 4,
30mA Loop Current

rmsV

Component Me(a;‘;l)red INVHI:;V% (rmsV)2 Component Mefds;)red INV log g% (rmsV)2
Vi —-5.5 .12(8]1|8]4 Vi —-6.0 12(511{1(8
Vi —-2.5 .1516(2(3|4 ' -3.0 .15/0{1{1{8
Vy -3 .|0]0(o[7(9]4|3 vy —46 .10]0]0{0{2{5]1
Vo =57 .|10|0{0{0[0|2|0 Vo —-53 .10]0{0{0{0{5|0
V3 —47 .10]0]0{0{1{9]9 V3 —46 .|010]0{0}2{5{1
Vs —42 .10/0]0{0]6{3|1 Vy -51 .|0{010{0[0{7|9
Vs -57 .10]0]0|0[0}2]0 Vs —44 .10]0(0]0{3|9(8
Vg -38 .10|0]0f1{5(8|5 Ve —48 .|0{0]0{0[1]5|8
V7 -30 .|ojof1{ojo[o(0 V7 —47 .10]01(0]0{1{9]9
Vg -50 .| 0]0]0]0]1{0|0 Vg -53 .10]0{0]0{0|5(0
Vg -34 .|0]0]0|3|9(8|1 Vg —52 .10]0{0{0|0{6}3
Vio —a1 .{ololo|o|7|9]4 Vio —51 |ojolojo|o|7|o
Vi —46 .{0lolojol25|1 Vi —47 .|ojojojo| 1|99
\2P) -38 .10]0]0{1{5{8|5 Vio
Vi3 —56 .{0]olo|o|of2[s Vi3
Vi —a7 {ololojo[1{sl9 Vis
Vis Vis
n n
(V)2 {olof2|7|3(3|3 (V)2 olotf7l7l7
i= i=1
(V)2 + (V)2 .|8l4[4|1(8 (V)2 + (Vy)2 715/213/6

Z (V)2 2 ()2
DIST = 20 log = DIST = 20 log

V (V) 2+(Vy)2

_ 10{|og l:izr:'1 (V.')2:|- log [(VL)2+(VH)Z]}

=10 { ~256 (- 0.074)]
=-24.9dB (5.7%)

Other Considerations

The supply voltage available to the Tone Generator is a
function of the DC loop current flowing through the tele-
phone network and the DC impedance presented by the
network. The insertion of the diode bridge and voltage
drop in the transformer winding further reduce the avail-
able voltage. Typically, the DC voltage available to the
device is 1.7 volts less than that measured at the TIP and

8.9

Vit
vV (V)2+{(vy)2

- lﬂllog [ig (vi)l] - log[(vL)2+(vH)2]}

=10 [—3.75 - (—0.124)]

=-36.3dB (1.5%)

RING terminals. The instantaneous minimum voltage as
seen by the device is even smaller because of the DTMF
signal riding on the DC component. The instantaneous
minimum voltage can be expressed as Vpjn=Vqe— Vac
(peak). Because the signal amplitude is larger at lower
loop currents, ie., at lower DC voltages, the instan-
taneous minimum voltage is significantly less than the
average voltage measured across the device. This causes
higher distortion at lower loop currents.
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Figure 9. Distortion Vs. Loop Current
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The DC voltage across the device is under the designer’s
control during DTMF dialing. The AT&T specification
(ref. 1) recommends a minimum DC voltage of 6 volts (4
volts preferred) across the TIP and RING during voice
and initial off-hook condition at a loop current of 20mA.
However, during DTMF dialing, the DC voltage is per-
mitted to increase to 8 volts (6 volts preferred). The
designer can take advantage of this specification to insure
adequate voltage across the device at low loop currents.
Even with a preferred 6 volt specification, allowing for 1.7
volts drop in the bridge and transformer winding, the
average voltage across the device will be at least 4.3 volts.
The instantaneous minimum voltage will not drop signi-
ficantly below 3.6 volts, assuring good distortion per-
formance down to lower loop currents. The voltage across
the device can be increased by allowing the telephone DC
impedance to increase during DTMF signaling. Since the
microphone is switched out during signaling, this is direc
tly a function of the DC current drawn by the device.
Since the DC current required by the device is low, it is
primarily a function of the load Ry,. Increasing Ry, will in-
crease the DC impedance and thereby increase the
average supply voltage, thus reducing distortion. Increas-
ing Ry, however, reduces signal amplitude so a trade off
has to be made between amplitude and distortion.

Consideration should also be given to insure adequate
base drive to the external transmit and mute transistors
when operating at low loop currents if electronic switch-
ing is used.

Figure 10. Transformer Coupled Phone Interface
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Transient Voltage Protection

An important consideration in the design of electronic
equipment to be connected to the telephone network is
that adequate transient voltage protection circuitry must
be incorporated such that the equipment can withstand
lightning surges without causing harm to the telephone
network. In particular, all equipment must meet the
metallic and longitudinal surge voltage specifications
outlined in the FCC part 68 (ref. 2).

When applied to tone generator interface circuits, such as
those in Figures 2 and 3, transient voltage protection re-
quires proper selection of components for the diode bridge
and the zener diode. It is necessary that the diode bridge
utilize high voltage breakdown and high current capacity
diodes. 1N4004 type diodes may be adequate but higher
rated diodes might be required.

Selection of the zener diode depends upon its transient
response characteristic. A slow zener diode will not clamp
voltage to its rated value. However, it should be noted
that the S2559 Tone Generator can withstand pulse
voltages that exceed the absolute maximum continuous
DC voltage ratings (10.0V for S2559C, D; 13.5V for
S2559A, B). Typically, the S2559 devices can withstand
up to 20 volts of pulse voltages for durations of less than
1ms. It should also be noted that the zener diode and the
device are behind the network transformer winding and

Table 4. Call Progress Tone Generation Using $2559

not directly across the telephone terminals. These con-
siderations allow selection of a wide range of zener diodes
as protection elements. A zener diode of the type 1N4742
may be adequate in most cases.

Ancillary Interface to Phone Lines

The DTMF Tone Generator can be used in ancillary sta-
tion apparatus (such as alarm reporting devices,
automatic dialers, data terminals, etc.) for tone dialing or
low speed data transmission applications. A transformer
interface, such as that shown in Figure 10, can be used.
Consideration must be given to the device latch up
possibility due to induced voltage spikes in the
transformer winding connected to the tone output. Latch
up can be prevented by diode clamping the tone output to
VDD and Vss.

Call Progress Tone Generation

The DTMF Tone Generator can be used in other single or
multitone applications by selecting a crystal of appro-
priate frequency. The precise dial tone is defined to be a
multifrequency tone consisting of 350Hz and 440Hz. By
selecting a crystal of 1.307112MHz, a dial tone of 346Hz
and 444Hz can be obtained by activating the R4, C1 in-
puts of the device. Other call progress tones such as busy
and ringback tones can be similarly generated as shown in
Table 4.

TYPE OF TONE DESIRED FREQUENCY CRYSTAL NEEDED ROW-COLUMN ACTUAL FREQUENCY
(Hz) (MHz) CONNECTION (Hz)
DIAL 350 + 440 1.307112 R4, Cq 346 + 444
BUSY/REORDER 480 + 620 1.820891 R4, C4 482 + 618
RINGBACK* 440 1.307112 Ry, Ry, Gy 444
+ +
480 Ry, Ry, Cy 486
*TWO S2559s EACH OPERATING IN SINGLE TONE MODE ARE NEEDED
References

Ref.1: Bell System Communications Technical Refer-
ence (PUB 47001). Electrical Characteristics
of Bell System Network Facilities at the In-
terface with Voiceband Ancillary and Data
Equipment. August 1976.

Ref. 2: Rules and Regulations, FCC part 68. Connec-
tion of Terminal Equipment to the Telephone
Network. July 1977.
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S$3501/S3502, S3503/S3504
SINGLE CHANNEL A-LAW &

pu-LAW PCM CODECIFILTER SETS

System Design Guidelines

The Codec Chip sets are required to handle signals with a
very large dynamic range. The smallest signals that the
devices have to resolve are thousands of times smaller
than TTL and other digital signal amplitudes. Therefore,
to achieve optimal analog performance requires careful
attention to positioning and layout of components.

The following general guidelines should be followed:

1) The analog ground, digital ground, Vpp and Vgg
busses should be independent to the power supply (or at
least up to the edge connector).

2) These busses should be separate for each chip (and
should be kept as wide as possible on a printed circuit).

3) The connections should be as independent as possible.
For example (see Figure 1): the 7502 pull-up resistor to
pin 6 should join the Vpp) supply at the edge connector
(and not at the device pin). To reduce current drain at
slower clock rates the pull-up resistor value can be in-
creased.

4) Decoupling capacitors (specially for Vpp) should be as
close to the power supply pin and analog ground pin as
possible. (0.1uF capacitor to be closest). Suitable decoupl-
ing is also required at the edge connector of power supply.

5) Digital signal lines should be kept away from analog
signals and separated by an analog ground line for shield-
ing where possible.

Figure 1. Hookup Schematic for S3501 Using 1.544mHz Shift Clock Rate
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S$3501/S3503 Design Guidelines

A recommended encoder schematic is shown in Figure 1.
Parts of the circuit are discussed in more detail below.

Loop Filter Network—For shift clock rates above
512kHz the network in Figure 2 is recommended. For
512kHz or below a .1uF capacitor between pins 13 and 17
is sufficient.

Supply Decoupling—Figure 3 shows the recommended
power supply decoupling circuits. The diodes are essen-
tial for =5V power supplies if maximum performance is
desired.

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 5M®Q resistor
(250k on 53503).

Anti-Aliasing

In applications where anti-aliasing pre-filtering is re-
quired, an on-chip op-amp may be configured into an ac-
tive filter (Figure 4). 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 configura-
tion).

$3502/S3504 Design Guidelines
Figure 5 depicts a recommended decoder circuit. All of

the following comments apply to Figure 5: Agyrt and

Bouyr are connected to Vpp through pull-up resistors. 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 5),
R >47KQ.

Pin 1 should be connected to pin 10 to avoid forward
biasing the pin.

The 512K output amplifier resistors should be carefully
positioned away from the digital signals.

Test Mode Operation

When in TEST mode, the internal autozero is disabled
since the feedback between the encoder and filter is inter-
rupted. When testing the encoder, an external autozero
loop is required to cancel its offset. When testing the
filter alone, the AZ FILTER pin should be tied to
AGND. This nulls out the open loop voltage on the auto-
zero capacitor.

The filter output should be sampled by a narrow strobe
occurring 15us after the rising edge of the strobe input on
pin 14.

Loading on pin 15 Vgoyty (53502/S3504)

Resistive load on pin 15 should be 39kQ or greater.

Figure 2. Selection of Loop Filter Network

LOOP FILTER
(PIN 17)

10kQ

1
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470pF
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Figure 3-B. Supply Decoupling for the Vgg Supply Pin
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Figure 4. Anti-Aliasing Filter

[ 1

Rz C2

<
R
o —AAA—4 PINS (Vin—)

R3

PIN 3 (Vine)

A

.

Cy
Rz = 3.9kQ
5.1kQ
680pF
3300pF

&
wn

PIN 15 (AGND) g

8.13



AMIL

AN-201

Figure 5. Hookup Schematic for $3502 Using 1.544mHz Shift Clock Rate
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Performance Evaluation

The key parameters in the evaluation of the Codec set
are: gain tracking, idle channel noise, quantization distor-
tion ratio and frequency response. All these parameters
can be measured in an end to end test by comparing the
input audio signal to the Encoder with the output audio
signal from the Decoder. In this test PCM output of the
Encoder is connected to the PCM input of the Decoder. A
typical test set up using the HP3779B Primary Multi-
plex Analyzer is shown in Figure 6. Note that a unity
gain buffer amplifier using a low noise Op Amp should be
inserted in series with the Decoder output to eliminate
capacitive loading effects of the measuring instrument
and long coaxial cable.

With Vggp= —3.0V, the S3502 decoder output at
Voury pin for a *“digital milliwatt"” signal applied at the
PCM IN pin is about +4.9dBm. Thus OTLPg for the

Codec set is +4.9dBm. For component values shown in
Figures 1 and 5, the thru gain in the end to end test. is a
little less than unity. Therefore, OdBmO at the input will
be about +5.4dBm. Exact level should be determined for
the unit under test using the digital milliwatt method.
Care should be taken to set up the measuring instrument.
to take into account the OTLP for the Codec set.

HP3779B System Parameters are:

Single Channel

dBr IN dBr OUT  Interface
$3501/83502 5.4 4.9 1.544MHz Clock
rate
$3503/S3504 5.4 4.9 2.048MHz Clock
rale

Typical results using the test set up of Figure 6 are
shown in Table 1.

8.14 )
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Figure 6. Test Setup for Codec Evaluation (End-to-End)
HP 37798
PRIMARY MULTIPLEX
ANALYZER
Tx Rx
T Ry
Ve BUFFER
: ! AMP
DU 1
POWER - 1o i
SUPPLY W !
! i
E 3501 53502 {
1.544MHz SH.CLK. ! \
0SC. E—— !
H I
! PCM PcM i
STROBE stRsE | T ‘—__T " E
GEN. (8KHz) 1 I
L CTmmRASSomNrams T )
NOTES:
1. OUTER SHIELDS OF Ty AND Ry COAXIAL 2. BUFFER AMPLIFIER COULD BE ELIMIN-
CABLES MUST BE CONNECTED TO ATED IF THE LENGTH OF Ry CABLE IS
ANALOG GROUND. LESS THAN 24 INCHES.
Table 1. Typical Results with Test Set up of Figure 6.
GAIN v LEVEL -tone AA 171
FREQUENCY (kHz): 1.02
REF LEVEL (@Bmo):  —10.0
LIMITS (dB)
CHAN LEVEL (dBm0) LOWER UPPER MEASUREMENT RESULTS *|F FAIL
1 —55.0 -3.00 3.00 RESULT (dB): 0.13
—-50.0 —1.00 1.00 RESULT (dB): 0.08
—45.0 —1.00 1.00 RESULT (dB): -0.07
—40.0 —0.50 0.50 RESULT (dB): —0.09
-35.0 —0.50 0.50 RESULT (dB): —0.12
—-30.0 —0.50 0.50 RESULT (dB): -0.08
-25.0 —0.50 0.50 RESULT (dB) —0.04
-20.0 —0.50 0.50 RESULT (dB): —-0.02
-15.0 —-0.50 0.50 RESULT (dB): 0.01
-10.0 —0.50 0.50 RESULT (dB): —-0.01
-5.0 —0.50 0.50 RESULT (dB) 0.03
0.0 -0.50 0.50 RESULT (dB) 0.1
3.0 —0.50 0.50 RESULT (dB) -0.10
GAIN AA 12
FREQUENCY (kHz): 102
LEVEL (dBmO): 0.0
LOWER LIMIT (dB): —0.50
UPPER LIMIT (dB): 0.50
CHAN MEASUREMENT RESULTS *IF FAIL
1 RESULT (dB): -0.03
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Table 1. Typical Results with Test Set up of Figure 6. (Continued)
IDLE CHAN NOISE C-MES AA 174
UPPER LIMIT (DBrnCO): 23.0
CHAN MEASUREMENT RESULTS *IF FAIL
1 RESULT: 14.7
2 RESULT: 14.6
QUANT DIST -tone AA 1/5
FREQUENCY (kHz): 1.02
CHAN LEVEL (dBm0) LOWER LIMIT (dB) MEASUREMENT RESULTS *IF FAIL
1 —45.0 22.0 RESULT (dB): 27.4
—40.0 27.0 RESULT (dB): 304
-35.0 30.0 RESULT (dB): 34.1
—30.0 33.0 RESULT (dB): 35.4
-25.0 33.0 RESULT (dB): 35.7
—20.0 33.0 RESULT (dB): 39.1
—15.0 33.0 RESULT (dB): 38.3
—10.0 33.0 RESULT (dB): 37.8
-50 33.0 RESULT (dB): 38.5
0.0 33.0 RESULT (dB): 38.3
GAIN v FREQUENCY AA 1/6
REF FREQ (kH2): 1.02
LEVEL (dBmO): 0.0
LIMITS (dB)
CHAN FREQ (kHz) LOWER UPPER MEASUREMENT RESULTS *|F FAIL
1 0.21 ool 0.50 RESULT (dB) —0.89
0.31 —0.50 0.50 RESULT (dB) 0.11
0.61 —0.50 0.50 RESULT (dB): 0.10
0.91 —0.50 0.50 RESULT (dB): 0.03
1.21 —0.50 0.50 RESULT (dB) —0.04
1.51 —0.50 0.50 RESULT (dB) —0.05
1.81 —0.50 0.50 RESULT (dB) -0.01
2.1 —0.50 0.50 RESULT (dB) 0.05
2.4 —0.50 0.50 RESULT (dB): 0.04
2.7 —0.50 0.50 RESULT (dB): —0.04
2.99 —-0.50 0.50 RESULT (dB) —0.03
3.39 —1.80 0.50 RESULT (dB) -1.37
3.59 Fkwx 0.50 RESULT (dB) —7.84
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CODEC Performance Evaluator Operation

The CODEC Performance Evaluator box provides an
opportunity to check CODEC performance. It
eliminates the difficulties and noise inherent in a wire-
wrap breadboard.

The basic PCM timing signals are all provided by a
self-contained logic card. The. shift rate is either
1.544MHz or 2.048MHz, depending on the box. The
CODEC chip plugs into a clean, well designed PC
board, minimizing noise. This card is keyed so it can-
not be inserted the wrong way into the socket of the
Evaluator.

The box has a self-contained power supply. Banana
jacks are provided for measuring current consumption
or using external power supplies. BNC jacks are
available to monitor Strobe, Shift Clock, and A/B
Select with a scope.

For end-to-end testing, an audio signal is applied to the
Analog In Jack and measured at the Analog Out Jack
provided the PCM In and Out jacks are looped
together. If A to D or D to A is desired, the PCM is
available and external test equipment may be syn-
chronized to the signals available at the BNC Jacks
(Strobe, Clock).

The standard A/B signaling format is available in sim-
ple format. When the A/B Select switch is in the “ON”’
position, the 8th bit of the signaling frames carry
whatever is set in the A IN and B IN switches. In this
fashion Idle Channel Noise and Quantizing Distortion
can be compared under both signaling and no signaling
conditions.

The Reset Button is to reset the Evaluator’s internal
logic card in the event of a power-up problem. It is not
related to the CODEC chips but only the logic card
providing the PCM shift clock and strobe timing.

The Strobe Switch allows the 8KHz strobe to the
device to be switched off, putting the CODEC into the
power down mode. The operating vs. standby current
can be measured at the power supply banana jacks by
turning the strobe on and off.

In making measurements of the various CODEC'’s
performance it must be remembered that OTLP is
different for different versions. The exact 0TLP should
be determined from the proper data sheet and then
used to correct the readings (Example: A 21dBrncO

AMI CODEC
PERFORMANCE EVALUATOR

idle channel noise measurement may actually be
21-4.9=16.1dBrncO).

The CODEC demonstration boards are illustrated in
the Artwork section (Sec. 11) of this manual showing
the parts layouts and valves. See AW 201, 202, 203.

CODEC DEMO BOX EDGE CONNECTOR

!

Wi SHIFT
cLock

PCM OUT @- I_TJ
seLeeT— ® B
A O X STROBE
PCMIN— @— ——— Agut
SeLFeT—] —>tour
e cLock [ e TrCLOCK

8YS
CLOCK

DGND ——

AGND

PP EREEEE

Slelelelealalelelelelelololo ofo)

3Vrer

20KQ
AAA—
nAAS

THIS PRINT IS FOR ALL VERSIONS OF CODEC PERFOR-
MANCE CARDS. NO ONE CARD USES ALL THESE CONNEC-
TIONS. SEE THE SPECIFIC CARD SCHEMATIC FOR EXACT
REQUIREMENTS (AW201, 202, 203).
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Introduction

DTMF (Dual-Tone, Multi-Frequency) or Touch-Tone?, is
widely used for controlling and signaling. Bell System
originally designed this signaling method to provide cus-
tomers with a more rapid, convenient means of transmit-
ting digits of the called party phone to the central office.
Now, it is used in many other applications.

Pushing a button produces 2 tones simultaneously. It is
this particular set of tones that the DTMF Receiver at
the telephone central office (or exchange) uses to deter-
mine which button was pushed (see Figure 1). By analyz-
ing the series of tones sent, the receiver determines what
number was dialed and the switching equipment then
acts accordingly.

USING THE S3525A/B
DTMF BANDSPLIT FILTER

The requirements for accuracy and reliability in the tele-
phone network have been well defined. As a result a
DTMF Receiver for a central office must have high quali-
ty and reliability.

The performance of DTMF in the telephone network is
well appreciated by designers of other systems evidenced
by the familiar Touch-Tonet® pad present on radios,
remote credit card terminals, electronic bank tellers, etc.
These applications take advantage of the end-to-end
capability inherent in the DTMF method. The tones, like
voice, go from the originating end to the receiving end
without significant degradation.

Figure 1. DTMF Keyboard

sotiz— | 1 |-]| 2

mmiz—| 4 |—] 5

ss2iz— | 7 |—| 8

uiiz— | * || 0 |— # H o l—
]
T
1209 1336 1477 | 1633Hz
NORMAL TELEPHONE SPECIAL
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Using the S3525
Crystal Oscillator

The S3525 crystal oscillator circuit requires a 10 Meg
ohm resistor in parallel with a standard 3.58MHz tele-
vision colorburst crystal. For this application, however,
crystals with relaxed tolerances can be used. Specifica-
tions can be as follows:

Frequency 3.579545 +.02%
RS<180Q Ly ~96MH
CL= 18pF Ch= 7pF

Alternate Clock Configurations

If 3.58MHz is already available in the system it can be ap-
plied directly as a logic level to the OSCyy (pin 16). [Max.

zero~30% Vpp, min. one~70% Vppl. Waveforms not
satisfying these logic levels can be capacitively coupled to
OSCy as long as the 10 Meg ohm feedback resistor is in-
stalled as shown in Figure 2.

The S3525A provides a buffered 3.58 M Hz signal from the
on-chip oscillator to external decoders or other devices
requiring 3.58MHz. The S3525B provides a buffered 4
output at 895kHz to drive certain tone decoders and
microprocessors. If both frequencies are required in a
system, the 3.58MHz can be capacitively coupled as
shown in Figure 2A or 2B.

Figure 2A. S3525B Driving MK5103 Figure 2B. MK5103 Driving S3525B
Supply Pin
+10v B9SKHZ  +5V +10v 805kHz  +5V
1 [+ B L+
|—— Voo CKOUT % L T oo cxour |18 1+
0SCo —| 4 oscw 0s¢o |2 2 losci
4 L 15pF 1M L
sas258 | 3 ‘% MK5103 $35258 3 | wmkst03
osc, |18 e oscour osc; 8 3 { oscour
15pF
Input Configurations However, since these analog outputs typically drive com-

The S3525 operates either from a single or dual power
supply. It has a differential input Op Amp. Therefore, the
input configuration depends on the power supply and the
signal source characteristics. Figures 3 and 4 give some
configurations for both balanced and unbalanced signal
sources. An on-chip voltage divider provides a reference
voltage at 1/2 (Vpp-Vgg) to the internal circuitry. It is also
provided at pin 3.

Since the filter has about 6dB of gain, to keep the filter
outputs (pins 14, 15) out of clipping for maximum linearity,
the level at pin 13 should be kept to 3/8 (Vpp-Vgg)< Vpp
<5/8 (Vpp-Vgs). This will keep distortion at a minimum.

8.19

parators to do the squaring function, exceeding these
limits will still give good performance.

Figure 3 shows an input configuration for either balanced
or unbalanced, high impedance or terminated connection.
When used with a 600Q balanced line, the input is at point
(A) and the terminating 600 is installed. When used with
an unbalanced line, the input is at point (B( and the trans-
former is deleted. The terminating resistor may or may
not be used depending on the desired load to be presented
to the line. The feedback resistor Ry is selected to main-
tain the proper value at pin 13 for the maximum signal
level received from the line.
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Figure 4 illustrates an input configuration for a 600Q
balanced line terminated at the DTMF receiver. This
eliminates the capacitor of Figure 3.

Figure 5 provides a method of bridging a balanced line
without a transformer to provide a high impedance input

with common mode rejection of 60Hz or other noise on the
line. The values given are commonly available EIA
values. Better precision or balance can be obtained with
1% resistor values if required.

Figure 3.
TRANSFORMER ]
$3525
INPUT ' Re 13| FEEDBACK
5002 | 8 cIIN R ke
: ] —
A YW > TO FILTERS
BALANCED 3 E 0.1, 39K Rkl
LINE ” ! K 12| N+ |+
| 6009 Ry
OPTIONAL
i TERMINATION 3 |BVRer
i = Y N
Figure 4.
6002 R R $3525
Ao PPN 13| FEEDBACK
BALANCED “ 10k2 | 10KQ
LINE Ry 11| IN—
6002 = T0 FILTERS
12| N+ |+
3 BVREFV
Y
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Figure 5.
+v‘_ﬂ
C4 11y
Ry R o0 $3525
- P2 43| FeEDBACK
e T
820pF 1! w=
Cg -
| R1a 2] N+ |+ >
TIP —w
saopF  S10KQ 3 %Hw
153 S51KQ
Vss
4
v L[l

Output Configurations

The S3525 has analog outputs for low group and high
group tones available for circuits requiring analog or sinu-
soidal waveforms for detection.

However, the majority of the current receivers on the
market require square wave inputs and these should be as
close to the 50% duty cycle as possible.

The two uncommitted op amps on the S3525 can buffer
analog signals or, more typically, be configured as com-
parators to provide the squaring function. This squaring
function is important because much of the performance of
the completed DTMF Receiver is determined here.

In the squaring circuit of Figure 6 the capacitor C, acts as

a high pass filter to prevent any DC offset from the analog
output being coupled into the comparator. This is impor-
tant in assuring the 50% duty cycle of the output
waveform driving most decoder chips. R4 provides bias of
the input pin.

The trip point of the comparator, or the basic sensitivity
of the receiver, is determined by adjusting the ratio of Rg
to Rg. For central office systems one might need sensitivi-
ty to —26dBm but for an intercom or tone-control
system, one may not want or need that much sensitivity.
The fact that the sensitivity can be adjusted off-chip in-
creases the flexibility of the S3525 for various applica-
tions.

Figure 6. S3525 Bandsplit Filter

R o0 Cs LgWAGROUP
ouT |14 1 5|LOIN— SQUARED
e L ™ rLsa| 7 OUTPUT
- 6 LOINF |+ i
< /
Ry $ 20K
\ BVHEF 3 ARAGA AHABL
_~ 2KQ 680K
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Receiver Applications Circuits

This application note describes three different DTMF
receiver circuits with the S3525 DTMF Bandsplit Filter
IC and available digital DTMF Decoder IC’s. These cir-
cuits use only two IC packages and a few external com-
ponents.

Receiver A uses the TELTONE TT6174 Digital Tone
Receiver, Receiver B the MOSTEK MK5102 or 5103, and
Receiver C the ROCKWELL CRC 8030. These are 3 very
compact DTMF Receiver systems. Receiver B, for

example, was built on a single-sided board in a 2% by 3'2
inch area.

The benefits of the S3525 are significant compared to a
conventional Op Amp filter or Hybrid Filter network. A
simple 2-IC DTMF Receiver reduces parts costs,
assembly labor, and PC board size.

All of these receiver circuits have been constructed and
evaluated in the lab. However, they do not necessarily
represent optimized circuit values and are offered only as
starting points for development of DTMF Receivers to
meet each user’s particular application.

Figure 7. Evaluation Decoder and Display Block Diagram
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Figure 8A. AMIITELTONE DTMF Receiver
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DTMF Receiver A

Figure 8A illustrates a two-chip DTMF Receiver circuit
with the AMI S$3525B Bandsplit Filter and a Teltone
TT6174 Digital Tone Receiver chip. This receiver
operates from 11 to 13.5 Volts DC and, with an additional
loop current detector, can even detect Dial Pulses as well
as the 16 DTMF digits. Depending on the format control,
the receiver can deliver binary, 1 of 12 or 2 of 8 and binary
simultaneously. This flexibility makes the receiver valu-
able for many different applications without needing ex-
ternal logic for data format conversion. A standard

3.58MHz TV crystal provides the clocking for both chips,
with the buffered divide-by-four output of the S3525B
driving TT6174 at 895kHz.

The input circuitry is a single-ended input for general
applications but could be a differential design for high-
impedance bridging across a telephone line.

This decoder chip has many other features that are not
shown in this schematic and for a complete description
Teltone should be contacted..

For PC layout and parts list see AW-301 in Section 11of
this Design Manual.
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Figure 8B. AMIIMOSTEK DTMF Receiver
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DTMF Receiver B

Figure 8B illustrates a two-chip DTMF Receiver circuit
with the AMI S3525A Bandsplit Filter and a MOSTEK
MK5103N Tone Decoder. This receiver operates from a
single power supply in the 10 to 13.5V range or from a
+5V supply. The S3525A crystal oscillator circuit buf-
fered output drives the MK5103 clock input through a
coupling capacitor and resistor.

The input potentiometer adjusts the input level for max-
imum dynamic range depending on the signal source. The
sensitivity of the receiver is then determined by the ratio

of the 680k resistor to the 2k resistor as described in
the paragraph on output configurations.

The 470kQ resistors provide signal attenuation since the
S3525 outputs are close to 12V and the MK5103 is at 5V.
These would be required, of course, even if the =5V sup-
plies were used and the 5.1V zener was deleted.

The 1uF capacitors bypassing pin 3 are important to
minimize noise on the BVyg line both inside the chip and
where it is used for the comparators to set the sensitivity.

For PC layout and parts list see AW-302 in Section 11 of
this Design Manual.
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Figure 8C. AMI/Rockwell DTMF Receiver
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DTMF Receiver C

Figure 8C illustrates a two-chip DTMF Receiver circuit
with the AMI S3525A Bandsplit Filter and a Rockwell
CRC 8030 DTMF Detector. This receiver operates from a
single power supply in the 10 to 13.5V range and delivers
binary outputs from incoming DTMF tones. The common
3.58MHz TV crystal is connected across the oscillator ter-
minals of the S3525A. The buffered output of the oscil-
lator is applied to the CRC 8030 oscillator input directly.

The input circuitry to the S3525 is the same as previous
circuits or can be varied to suit the application. The input
is a differential op amp and can be used accordingly. Be

sure BVggr (pin 3) is adequately bypassed as it provides
the reference voltage for the squaring circuits and the in-
ternal op amps.

The CRC 8030 requires the high and low inputs (FL, FH)
to be low (negative) when no signal is present. Therefore,
the squaring circuits of Figure 8B cannot be used as they
can be either high or low when no signal is present. The
positive input of the squaring op amp is biased slightly
negative by the 1.6kQ and 100k< resistors insuring that
the output is negative when no signal is present.
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Figure 9. Display and Counting Circuitry
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Display and Counting Circuitry

Evaluation of the DTMF circuits requires the ability to
detect valid digit decodes and which digit is decoded. For
the purpose of verifying the described receivers a simple
approach was taken.

The wvalid-digit or event counter consists of four
7-segment LED displays driven by a 1-chip, 4-digit
counter with multiplexed 7-segment output drivers. This
and 1/6 of a hex inverter are all that is required to count
the decodes.

It takes a bit more to display the decoded digit, particu-
larly to convert that old confusion factor of the ‘0" but-
ton actually being a 10. With the circuit in Figure 9, it
takes 1 LED display and 4 chips to do the job, although

the special characters appear a little unusual on the
7-segment display.

For displaying the decoded digit only (on Receiver A), the
Event Counter and the 7805 could be eliminated. Then
the resistors Ry through Ryg, Rog should be raised from
300Q to 15009 to control the LED current from 12V
rather than 5V.

The Decoded Digit Display shows the decoded digit until
the next strobe pulse so the last digit remains displayed.
The transistor Q; drives the decimal point of the LED
showing when a valid digit (strobe) is actually present.
For PC layout of this circuit see AW301, 302 in Section 11
of this Design Manual. '
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Evaluation of Circuits

A simple evaluation of the circuits can be conducted using
the Mitel CM7291 Tone Receiver Test Cassette. A cas-
sette player, a frequency counter, and a voltmeter will
allow a user to check receiver parameters: receiver detec-
tion bandwidth, maximum acceptable amplitude ratio
(twist), receiver guard time, dynamic range, acceptable
signal-to-noise ratio, and receiver falsing or “talk-off”.

The results of the tests can be used for a basic evaluation
of a DTMF receiver. However, showing good results on
the test tape does not prove Central Office quality. Addi-
tional testing must be done to prove compliance to
various standards. Depending on the particular telephone
administration different tests may be required. Figure 10
illustrates the CEPT (European) requirement for single
frequency tone protection. In Table I the performance of
the 3 receivers on the tests from the tape are summarized.

Figure 10. Signal Condition Requirements
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Table I: Performance of Receiver Circuits (Tested Using Mitel CM7291 Tape)

Test Receiver AMI/Teltone AMI/Mostek AMI/Rockwell Comments
Valid Decodes 160/160 159/160 160/160 Note 1
Bandwidth 3.8t05.2% 4.8105.2% 4.7105.5%
Center Frequency 0.0t0 0.5% 0.0t00.25% —0.05t0 —0.45%
Twist +20dB +16.0dB +11.9dB
—19.7dB —16.5dB
Dynamic Range 35dB 31dB 27d8B Note 2
Decode Time 31.1msec 33.3msec 16.8msec Note 2
Signal to Noise
" Performance
24dB 1000 993 1000 Notes 2, 3
18dB 1000 997 1000
12dB 1000 991 1000
Talk-off 4 hits 1 hit 2 hits
Notes:

1. This test is 10 pulses of each digit.
2. Performed only with digit 1.

3. This test performed with 20dB attenuator in front of receiver to realistically simulate telephone conditions such as Bell Systems
PBX spec. in Publication 48002. Mitel tape level is too high. Results are number of valid decodes from 1000 pulses provided.

Summary of Receiver Circuits

Three different DTMF receivers have been outlined using
the S3525 DTMF Bandsplit Filter. These circuits have
been constructed and evaluated in the lab using the
described test tape. These circuits have not been
subjected to analysis for temperature variation, compo-
nent tolerance variations, or many of the other considera-
tions that a production design should include. They are in-
tended only to illustrate the various ways the S3525 can
be used to reduce cost and improve performance of
DTMF Receivers. Should any additional applications in-
formation be required, please contact AMI or the decoder
manufacturer.

Applications

Most DTMF decoder chips have additional output for-
mats other than the 4-bit binary used in these application

circuits. The MOSTEK MK5102N-5 (MK5013N-5) will
produce either the 4-bit binary or a dual 2-bit Row/
Column code that, with the addition of 1 more chip, will
produce the familiar 2-of-8 or 1-0f-16 formats.

The TELTONE TT6174 can produce 3 different output
formats directly; a binary, 2-0of-8 or 1-0f-12."

Specific applications require different output formats.
The basic application is the DTMF Receiver for a PABX
or Central Office to decode dialing. Other applications in-
clude radio systems, remote -control systems, remote
alarm and security systems, mobile telephones, remote
computer entry, point-of-sale systems, DTMF-to-rotary
dial-pulse converters, dial intercom systems, toll restric-
tors, etc.
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WIRE, CABLE, COAX,

Figure 11. DTMF End-to-End Signaling Using the Telephone Network
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Remote Control

In some systems, the telephone set is used to do the
remote controlling. A remote device to be signalled is in-
terconnected to the telephone network with its own
number (see Figure 11). When that number is dialed, the
connection is established. The calling party continues to
push the buttons on his telephone, sending command
codes.* The DTMF Receiver at the central office is dis-
connected once the line connection is established, so no
problem arises in the telephone network. Now the DTMF
Receiver in the answering device is detecting and res-
ponding to the dialed digits, performing the control func-
tions.

Dial Tone Detector

Since the frequency response of switched capacitor filters
can be varied directly by varying the clock frequency, the
S3525 can be used for other Telecommunications applica-
tions.

One application is a dial tone detector for telephone acces-
sory equipment to determine the presence or absence of
dial tone. Precision dial tone is a combination of 350 and
440Hz. By using a crystal of 1.758MHz the 3dB points of
the low group filter output will be 334 to 496Hz. Thus, all
the energy from precision dial tone will be available at the
low group output. Any energy present at the high group

*Need ““Polarity Guard” or non-reversing central office so encoder stays enabled.
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Figure 12. Dial Tone Detect
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Dial Tone Detector (continued)

output (now 555 to 2160Hz) will indicate the presence of
something other than dial tone.

The choice of 1.758MHz as the oscillator crystal allows
both precision dial tone and ringing to be passed through
the low group filter as well as the low half of the busy
signal, while the upper half of the busy signal will be pre-
sent in the high group output.

This technique can be demonstrated with an off-the-shelf
microprocessor crystal at 1.8432MHz (most crystal ven-
dors stock it) while ordering the 1.758 MHz to fit the pass-
band more exactly. The pass-band will be 350 to 520Hz in-
stead of 334 to 496Hz but will allow circuit design and
evaluation to proceed.

This application shows that modern switched-capacitor
filter devices are not limited to a specific design band-
width, but can sometimes be used for other applications
by varying clock rates, a benefit not provided by the now

PRECISION DIAL TONE  350/440H - i 1
) Jsoiadon: out-moded hybrid filters.
BUSY 480/620Hz
Figure 13. Radio-Telephone Interconnect
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Mobile Radio

The S3525 can be used to improve the reliability of radio-
to-telephone interconnections. The noisy, twisted DTMF
signals from the radio network can be regenerated into
accurate, constant level, low noise tones to the telephone
line. The 2-0f-8 output of the decoder drives a DTMF en-
coder chip (S2859) to repeat the received tones, or where
Touch-Tone® service is not available, drives a Pulse
Dialer chip (S2560) to translate the radio tones to dial
pulses (see Figure 13).

In a telephone network the central office connects and
rings an individual telephone after decoding the number

dialed by the calling party. In a radio network or intercom
over a single pair of lines, however, all stations hear the
dialed address digits. Therefore, an address decoder must
belocated at each station and programmed to ring or open
a loudspeaker circuit only when its specific address is dial-
ed.

Figure 14 shows a 6 IC circuit that will decode a 4-digit
address code and ring like a telephone and light an LED
when the correct address is detected. This circuit could be
modified to simply turn on a loudspeaker, eliminating two
ICs, or to initiate remote control function

Figure 14. DTMF Address Decoder Circuit
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The following illustration shows a complex radio and tele-
phone network using DTMF signaling for a variety of
functions: selective calling, telephone interconnect,

alarms, and remote control. This system is based on the
DTMTF circuits described earlier in this application note,
each station having encode and decode capability.

Figure 15. Complex Radio Network Using DTMF Signaling
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Examples of how such a system can be used:

—Local network radio calls. Unit 154 calls the van by
dialing #473. The decoder in the van can be set to honk the
horn if the driver is a short distance from his vehicle.
Similarly, dialing #101 alerts the dispatcher. The range of
this local network is extended by locating the radio
repeater on a high point.

—Calls to distant networks. A command signal, such as
*43, turns on the radio link to the distant network allow-
ing a user to signal stations in the other network as if they
were local. A second command, *¥49, disconnects the two
networks.

—Radio to telephone interconnect. Dialing *61 connects
the repeater to a telephone line. The radio user can then
dial the telephone number of any point he needs to call.
Dialing *67 hangs up the phone. A telephone caller might
be able to dial into the system, reversing the procedure,
and dial #154 to talk to that unit.

8.

—Security alarms. When no phone lines are available
alarms can be sent by radio. In this example the dynamite
shack on the road construction project has a burglar
alarm that sends A753 if tripped. The dispatcher’s alarm
receiver sounds an alert and appropriate action is taken.
At night the alarm could be received by the supervisor’s
radio pager, in his pocket, wherever he was.

—Remote Control. Although not illustrated, access gates
to construction sites, security lights, pumps, etc. can all
be controlled by radio with DTMF.

This list could go on, but the conclusion is that DTMF
signaling is the method of choice for many systems and
the AMI S3525 Bandsplit Filter, with the decoder chips
currently on the market, plus AMI's set of DTMF and
Pulse Dialer chips, provide the tools to use this effectively
and at low cost.
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Designed as a memory mapped peripheral, the SPP
(S2811 and other S2811 based devices) occupies a block
of 16 addresses in the microprocessor memory space.
Communicating with the SPP, therefore, is as simple as
reading from or writing to a 16 byte random access
memory. 13 of the 16 addresses are assigned a specific
function. To make the SPP perform that function the
microprocessor must read from or write to the corres-
ponding memory location.

Table 1 shows the various control functions and their cor-
responding addresses. Note that the most significant hex
digits (XYZ) of the addresses are left to the
programmer’s choice. In this application note a block of
addresses from 8000 to 800F is assigned to the SPP for

AN SPP-MICROPROCESSOR
INTERFACE

the sake of convenience. Thus, to initiate a block write
operation a dummy data byte is written to memory
address 8009. This is accomplished by an assembly lan-
guage instruction “STA A BLK" in the 6800 family of
microprocessors. Mnemonic BLK is equated to address
8009 by an assembler directive “BLK EQU 8009"" in the
beginning of the program.

Hardware Interface

Figure 1 shows a typical logic diagram for interfacing the
SPP with a 6802 microprocessor. An address decoder
generates the interface enable (TE) pulse for block of
addresses 8XXX. E signal output from the 6802 enables

Figure 1. Interfacing the SPP with a Microprocessor
7 LOW AT(EXXX)
Y7l TOPROGRAM MEMORY I ]
9
Y6 b L 10pF == 10pF
Ys = 12MHz MIN
P LOW AT (8XXX)
1 EXT
v O~ B
7as138 Yapl2 (NOTE 1)
3710 13
e iy 14 19 os?:‘ osiz
DECODER v, | ® i ) 3
Yol
3 18 2 4
CE— A3 o By Ay [}
sl2 (N 17 B 5
Y Au [~ B d 0y
apt 164, fy Ll LA Y 52811
61 G2A  G2B Y Avs \ 5] TaLsas s =% e
B4 Ay D3
6 [4 |5 4 14 74LS645 6 8
L~ Bs XCVR As 0
13 ki 9
e Bg 6 Ds
i M E wl,
v |, ME 1 n‘
/V '8 7
1/6 74L504) cl
om | 21 g
Fo Fy F, Fy RST WO
20 [19[18]17 |16 |13
Ag | A1) Az A,
s
116 L8
37 5 34 40 P
T )
BUS BUS 5.1k
ml
MICROPROCESSOR TYPE S6802 )
XTAL EXTAL
IEQ)
NOTE 1: THE MINIMUM OPERATING FREQUENCY FOR SPP IS A FUNCTION OF THE OPERATING FREQUENCY
OF THE uP. SEE TEXT FOR FURTHER EXPLANATION.
21 3. semnz 70F
4 I TV CRYSTAL Iz 4

8.

34



AMIL

AN-401

the decoder during its positive cycle. Since the E signal is
derived by dividing the oscillator frequency by 4, the
width of TE pulse equals 2 times the oscillator clock
cycle. For example, operating the 6802 at 4MHz will pro-
duce the TE pulse width of about 500nsec. When operat-
ing with a 20MHz crystal the SPP requires a minimum
pulse width of 350nsec on the TE input. Thus the mini-
mum clock frequency for the SPP is 14MHz when the
6802 operates at 4MHz. To operate the SPP at lower
speeds the microprocessor clock must also be slowed
down accordingly. It is recommended that a data trans-
ceiver be used with the SPP to isolate it from the data
bus. To obtain maximum speed the SPP data outputs
should drive only one LS TTL load and capacitive load
should be minimized.

Software Interface

Once suitable addresses have been assigned to control
functions and assembler directives given to equate these
addresses to suitable mnemonics, software generation is
straightforward. In general, the types of operations per-
formed under microprocessor control include block read
and write, execute a specific routine, read from OR (out-
put register) and write to IR (input register), read from or
write to a specific data memory location, etc. These com-
monly used operations and corresponding software

source listings are summarized in Tables 2, 3 and 4.

Careful attention should be paid to conditions that can
cause interrupts to occur from the SPP. SPP instructions
such as LACO and JMIF cause interrupts. These are
essential for proper sequencing of microprocessor pro-
grams. However, interrupts can also occur during block
read operation. During a block read operation, the inter-
rupt request line goes low to signal the availability of a
data word. When the upper half (DUH) of the data word is
read by the microprocessor, the interrupt request line
returns high. It goes back low again one instruction cycle
later to signal the availability of the next data word. To
avoid these unnecessary interrupts from causing erron-
eous execution of an interrupt program, interrupt mask
should be set prior to block read operation. In general, it is
the best practice to leave the interrupt mask set until the
microprocessor initiates an operation that will cause a
valid interrupt request from SPP.

Applications that are heavily data transfer oriented such
as FFT processing, performing data transfer using soft-
ware, may be too slow. For example, to complete the
transfer of one data word using software may take about
20usec. The SPP itself is capable of handling data transfer
rates to 2MW/sec. To obtain maximum utilization of the
SPP or to process a task in the shortest possible time,
data transfer should be carried out using DMA techni-
ques rather than software alone.

Table 1: SPP Control Functions and Corresponding Addresses

Control Function Address
CLR Clear Modes XYZ0
RST Master Reset XYZ1
DUH MS Byte of Data Word; Terminates Word Transfer XYZz2
DLH LS Byte of Data Word XYZ3
XEQ Execute from Location Specified by Data XYZ4
SRI Enable Serial Input Port XYZ5
SRO Enable Serial Output Port XYZ6
SMI Convert Serial S/M Input to 2's Complement XYZ7
SMO Convert 2's Complement Data to Serial S/M QOutput XYZ8
BLK Initiate Block Data Transfer XYZ9
XRM Enable External ROM Operation XYZA
SOoP Set Overflow Protect XYZB
copP Clear Overflow Protect XYZC
—_— Not Used XYZD--XYZF
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Table 2. Commonly Used Operations

Operation 6800 LP Instructions
Block Read
Read Sequentially from SPP Memory Starting STA A RST ; Reset SPP
With Loc. (00.0) LDA A  BLK ; Initiate Block Read
LDA A DLH . Read LS Byte from (00.0)
LDA A DUH ; Read MS Byte from (00.0)
LDA A DLH . Read LS Byte from (01.0)
L]
L ]
L]
STA A RST ; Terminate Block Read
Block Write
Write Sequentially Into SPP Memory Starting Similar to Sequence Above, Except Replace LDA A
With Loc. (00.0) Instruction With STA A
Execute a Specific Routine
STA A RST ;. Reset SPP
LDA A #5XX ; Load Starting Addr (XX) of Routine
STA A XEQ ;. Execute Routine
WAI ;. Wait for SPP to Finish

Table 3. Reading or Writing to a Specific Memory Location

To read or write to a specific memory location an initialization (IN) routine should be placed in the SPP instruction ROM
as follows:

Loc. Instruction Comments

20 00 NOP JMUD DT 20 . Idle State

IN 01 NOP  TIRV us 7,0 . Load (IR) Into (SO)
02 AVZ LAXV US 7,0 ; Preset Index Reg. (IR);5.11—>(Base)s.q:(IR)g g—>(DISP); o
03 NOP JMUD DT 20 . Return to Idle State

With this routine Block Read or Write operation can be started from any RAM location

Example 6800 P Instructions
Write to RAM (1D.1) STA A RST . Reset SPP
LDA A #$E9 ; Load RAM Addr (1D.1)=E9
STA A DUH ; Load IR
LDA A #8301 . Load Address of IN Routine
STA A XEQ . Execute IN Routine
STA' A BLK ; Initiate Block Write
LDA A LS . Load LS Byte Into Accum
STA A DLH . Write LS Byte Into (1D.1)
LDA A MS ; Load MS Byte Into Accum
STA' A DUH ;. Write MS Byte Into (1D.1)
L]
U Etc.
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Table 4. Table for Translating RAM Address for Use With Initialization Routine

SPP RAM Addr Load IR With SPP RAM Addr Load IR With
00.0--00.3 00XX--03XX 10.0--10.3 80XX--83XX
01.0--01.3 08XX--0BXX 11.0--11.3 88XX--8BXX
02.0--02.3 10XX--13XX 12.0--12.3 90XX--93XX
03.0--03.3 18XX--1BXX 13.0--13.3 98XX--9BXX
04.0--04.3 20XX--23XX 14.0--14.3 AOXX--A3XX
05.0--05.3 28XX--2BXX 15.0--15.3 ABXX--ABXX
06.0--06.3 30XX--33XX 16.0--16.3 BOXX--B3XX
07.0--07.3 38XX--3BXX 17.0--17.3 B8XX--BBXX
08.0--08.3 40XX--43XX 18.0--18.3 COXX--C3XX
09.0--09.3 48XX--4BXX 19.0--19.3 C8XX--CBXX
0A.0--0A.3 50XX--53XX 1A.0--1A.3 DOXX--D3XX
0B.0--0B.3 58XX--5BXX 1B.0--1B.3 D8XX--DBXX
0C.0--0C.3 60XX--63XX 1C.0--1C.3 EOXX--E3XX
0D.0--0D.3 68XX--6BXX 1D0.0--1D.3 E8XX--EBXX
0E.0--0E.3 70XX--73XX 1E.0--1E.3 FOXX--F3XX
0F.0--0F.3 78XX--7BXX 1F.0--1F.3 F8XX--FBXX
Examples: 1D.1 = E9XX

17.2 = BAXX

09.3 = 4BXX
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Section 9.0

AMERICAN MICROSYSTEMS, INC.

Demonstration PC Boards

AW-101 DTMF Encoder-S2559

AW-102 Pulse Dialer-S2560A

AW-103 Repertory Dialer-S2562

AW-104 Tone Ringer-S2561

AW-201 Codec Demo Card-S3501/02/03/04

AW-202 Codec Demo Card-S3506/3507

AW-203 Codec Demo Card-S3507A

AW-301 DTMF Receiver-S3525B/TT6174

AW-302 DTMF Receiver-S3525A/MK5102

The circuits and boards shown in this section are offered only as starting points for further development and not as
finished products. Each circuit has been constructed and tested as described in the Application Notes. However, they
have not been subjected to analysis for temperature variation, component tolerance variations, or many of the other

considerations required for a production design. It is expected that the circuits will be modified or changed to fit each
particular application.
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DTMF Encoder-S2559 AW-101

Schematic Diagram
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Parts List
Ref. # Part #/Value Description
Rg 10MQ Resistors
Ry 10KQ Resistors
Ry 30KQR Resistors
Rs 2.TKQ Resistors
R, 2.4KQ Resistors
Ry 30KQ Resistors
Ry, 1509 Resistors
Rg 5.1KQ Resistors
Rr 10K< Resistors
C, .001uF Capacitor
D;-Dy4 IN4004 Diode
Zy IN4742 Zener 12V Zener Diode
Q 2N4401 Transistor
Qo 2N4401 Transistor
Qg Qr 2N4143 Transistor
XTAL 3.579545MHz Crystal
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Pulse Dialer-S2560A AW-102

AMI

Assembly Information

48 0%

G

Back Side Metal Pattern
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AML

Pulse Dialer-S2560A

AW-102

Schematic Diagram
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NOTE: PARTS REQUIRE COMMON OF THE KEYBOARD CONNECTED TO VDD
Parts List
Ref. # Part #/Value Description
Ry 10MQ to 50MQ Resistor
R, 150KQ Resistor
Ry 2KQ Resistor
Rg 470KQ Resistor
Ry 10KQ Resistor
Re, Rg 2KQ Resistor
R, Rg 30KQ Resistor
Ry 47TKQ Resistor
Ry, 20Q, 2W Resistor
Rg, Rp 750KQ Resistor
C, 15uF Capacitor
Cy 0.01uF Capacitor
Cp 270pF Capacitor
Dl 'D4 IN4004 Diode
Dg, Dg IN914 Diode
Q. Q 2N5550 Transistor
Qq, Q3 2N5401 Transistor
Z, IN4730 3.9V Zener
Z, IN5479 110V Zener
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A\M‘l Repertory Dialer-S2562 AW-103

Assembly Information

Back Side Metal Pattern




E_- Repertory Dialer-S2562 AW-103

Schematic Diagram
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AMIL

Repertory Dialer-S2562 AW-103

Parts List
Ref. # Part #/Value Description Comments
Rg T50KQ Resistor
Ry 18KQ Resistor
Ry 18KQ Resistor
Rg 2KQ Resistor
R; 30K®Q Resistor
Rg 2KQ Resistor
Rg 30KQ Resistor
Ry; 20Q 1W Resistor
Ryo 10MQ Resistor
Ry3 470K Resistor
Ry 110KQ Resistor
Rys 1IMQ Resistor
Ry; 100Q Resistor
Rig 10KQ Resistor
Ryg 47KQ Resistor
Qs ECG 288 Transistor
Z, IN4733A 5.1V Zener
ZylZg IN5379 110V Zener Diode (2 IN4758 diodes replaced with 1)
D,-D, IN4004 Diode
D5-D8 IN914 Diode
Q 2N5550 or ECG 194 Transistor
Q4 2N5550 or ECG 194 Transistor
Q 2N5401 or ECG 288 Transistor
Q3 2N5401 or ECG 288 Transistor
C; 100 MFD 25V Capacitor
C, .01 MFD Capacitor
Cs 330 PFD Capacitor
C, 1000 PFD Capacitor
S; Hook Switch 1
Sy Hook Switch 2
Battery (3) AA 1.5 Vol
IC3 CD4011 Integrated Circuit
IC2 S5101 Integrated Circuit
IC1 S2562 Integrated Circuit
Key Board Chromerics Type
LT 23296
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A\Mlo Tone Ringer-S2561 AW-104

Assembly Information
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AMIL

Tone Ringer-S2561 AW-104

Schematic Diagram
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Parts List

Ref. # Part #/Value Description

C; 1uF Capacitor

Cy 47uF Capacitor

Dl“D4 IN4004 Diode

Zy IN4742 12V Zener
Diode

Cp 300pF Capacitor

VA 9 to 27V Zener Diode

SpP 8Q Speaker

T, 20009 to 8% Transformer

R, 2KQ Resistor

Ry 51KQ Resistor

Rs 10MQ Resistor

Rj 1IMQ Resistor

Rm 200KQ Resistor

Ry, 18KQ Resistor

Rm 3.3KQ Resistor

Ry 100K Resistor
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AMlo Codec Demo Card-S3501/02/03/04 AW-201

Assembly Information
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AM‘] | Codec Demo Card-S3501/02/03/04 AW-201

Parts List
Ref. # Part #/Value Description Comments
CR;, CRy IN914 Diode
Ry 6002 Resistor AW Termination if desired
Ry, Ry 3.9KQ 1% Resistor 4W Metal-film
Rs 5.1KQ 1% Resistor 4W Metal-film
Ry 750Q 5% Resistor 4W Metal-film
Ry 10K 5% Resistor W Me