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SS1 78P236/2361/2362/7200
Demo Board

ORDERING INFORMATION

AMI SPEED DEMO BOARD PART NUMBER
Mbit/s

SSI 78P236/2361/2362/7200 Demo Board

44736 DS-3 78P236-DB
44,736 DS-3 78P7200-DB
51.840 STS-1 78P2361-DB
34.368 E-3 78P2362-DB

No responsibility is assumed by Silicon Systems for use of this product nor for any infringements of patents and trademarks or other rights
of third parties resulting from its use. No license is granted under any patents, patentrights or trademarks of Silicon Systems. Silicon Systems

reserves the right to make changes in specifications at any time without notice. Accordingly, the reader is cautioned to verify that the data
sheet is current before placing orders.

Silicon Systems, Inc. 14351 Myford Road, Tustin, CA 92680, (714) 573-6000, FAX (714) 573-6914
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Application Guide
Monolithic Dual-Tone
" ‘Multi-Fréquency
(DTMF) Recelvers

INTRODUCTION

The Smcon Systems integrated DTMF Receivers- and
Transceivers are complete Touch-Tone™ detection and
generation systems. Each can operate in a stand-alone
mode for the majority of telecommunications applica-
tions, thereby providingt the most economical |mplemen-
tation of DTMF s;gnaling systems possible. Each com-
bines precision active filters and analog circuits with
digital control logic on a monolithic CMOS integrated
circuit. SSI DTMF chip use is straightforward and the
external component requirements are -minimal. This
application guide describes device operation, periorm-
ance, system requirements and typlcal application cir-
cuits for tHié SSI DTMF ehups

Kl

HOW.THE SILICON SYSTEMS DTMF
CIRCUITS WORK

GENERAL DESCRIPTION OF OPERATION

Thetask of a DTMF Receiver s to detect the presence of
avalid DTMF signal on atelephone line or othertransmis-
sion medium. The presence of a valid DTMF signal

January 1993
indicates a single dialed digit; to generate a valid digit
sequence, each DTMF slgnal must be separated by a
valid pause. .

Table 1 gives the established Bell system standards for
a valid DTMF signal and a valid pause. The SSI DTMF
Receivers meet or exceed these standards.

Similar device architecture is used in all SSI DTMF
Receivers. Figure 1 shows the SS! 75T202 Block Dia-
gram. This architecture is implemented in all Silicon
Systems  single chip receivers, as well as SSi Trans-
ceivers. In general terms, the detection schemg is as
follows: The input signal is pre-filtered and then split into
two bands, each of which contains only one DTMF tone
group. The output of each band-split filter is amplified
and limited by a zero-crossing detector. The. limited
signals, in the form of square waves, are passed through
tone frequency bandpassfilters. Digital logicisthenused
to provide detector sampling and determine detection
validity, to present the digital output data in the correct
format, and to provide device timing and control.

PARAMETER VALUE

One Low-Group Tone, and 697, 770, 852 or 941 Hz

One High-Group. Tone 1209, 1336, 1477 or 1633 Hz
Frequency Tolerance fo £ (1.5% + 2 Hz)

Amplitude Range

-24 dB < A < 6 dBm @ 600%2 (Dynamic Range 30 dB)

Relative Amplitude (Twist)

8stH h Group Tone < +40B

Low Group Tone
Duration : 40 ms or longer
Inter-tone Pauses 40 ms or longer

TABLE 1:

Bell System Standards

0193 - rev.
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PERFORMANCE CONSTRAINTS

SPEECH IMMUNITY. AND NOISE TOLERANCE

The two Iargest problems confronting a DTMF Receiver
are!

1) Distinguishing between valid DTMF tone pairs and
other speech or stray signals that contain DTMF
tonepairfrequencies. Thisis referredto as Speech
Immunity.

2) Detecting valid tone pairs in the presence of noise,
which is typically found in the telephone (or other
transmission medium) environment. This is re-
ferred to as Noise Tolerance.

The SSI DTMF Receivers use several techniques to
distinguish between valid tone pairs and other stray
signals. These techniques are explained in later sec-
tions. Briefly, the techniques are:

1) Pre-filtering of audio signal. Removes supply
noise and dial tone from input audio signal and
emphasizes the voice frequency domain.

2) Zero-cross detection. Limits the acceptable level
of noise during deteetion of atone pair Important
for speech re;eetm d R

3) Valid tone panr/pause samplmg Samples the
detection filters and checks for consistency Before
a valid tone is declared.

DETAILED DESCRIPTION OF OPERATION

AUDIO PREPROCESSOR

The Audio Preprocessor is an analog filter that band
limits the input analog signal between 500 Hz and 6 kHz.
Inaddition, it emphasizes the 2 kHz to 6 kHz voice region.

Band limiting suppresses power supply and dial tone
frequencies, and high frequency noise. The emphasized
voice region helps to equalize the audio response since
many phone lines tend to roll off at about 1 kHz. In
addition, preservation of the upper voice frequencies is
important in providing speech immunity.

TONE BAND SPLITTING

After the analog signal is preprocessed, it is split into two
bands, each of which contains only one DTMF tone

:
:
i

67 AMPLITUDE
TORS

BAND ZERO
SPLIT GROSSING
PRE-PROCESSOR FILTERS DETECTORS

ANALOG u—-ai"ge'g.,H_-ﬁ ‘ E
‘*-’! BS2

N
L

TMING.
CIRCUITRY|

J—
L.'ﬁ"c%,—_' cHPOLOCKS Iy

OUTPUT

l POWER REGULATOR

VOLTAGE|
o]

|

Vp  GND

FIGURE 1: SSI75T202 Block Diagram
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group. The band-split filters are actually band-stop filters

to maintain all frequencies except the other tone group;
this is done to maintain all analog information to enhance
speech immunity but not alfow the othertone group to act
as interfering noise for the band being detected. -These
band-stop filters have “floors” that limit the amount of
tone pair twist which further enhances speech immunity.
See device data sheets for acceptable twist limits.

ZERO-CROSSING DETECTORS

The output of each band-splitfilter is amplified éndlimited
by a zero-crossing detector (limiter). The function of the
zero-crossing detectoris to produce a square wave atthe
prime frequency emanating fromthe band-spiitfilter. If a

pure tone is not present, as in the case of voice or other

interfering noise, a rectangular wave with a variable
period will result. Proportional to the interference, the
limiter output power is spread over a broad frequency
range as the zero crossings “dither.” When a high level
of noise or speech occurs, no single bandpass filter pair
will contain significant power long erough o result in a
tone detection. On the other had, when a pure DTMF
tone exists with accéptable hoise levies, the output of the
limiter willnot have any- s1gnmcant dither'andtone detec-
tion will océur. The ‘zero-crossing detector also acts‘as
AGC (Automatic Gain Control) in that the output ampli-
tude-is independent of input amplitudé; this additionally
establishes an acceptable signal-to-noise ratio not de-
pendent on tone amplitude.

BANDPASS FILTERS & AMPLITUDE DETECTORS

The bandpass filters performtone frequency discrimina-
tion. Their responses are tailored so that if the frequency
of the limited square wavefrom the zero-crossing detec-
tor is within the tone frequency tolerance, the fitler output
willexceed the amplitude detector threshold. The-ampli-
tude detectors are interrogated periodically by the digital
control circuitry to acertain the presence of onlyone tone
in each band: for the required duration.  In a similar
fashion, valid pauses'are measured by the absence of
vand tone pairs for the speoifled time.

TIMING AND LOGIC

Dunng the qualmcatnon process, the output decoder
gererates the proper digital code for the received DTMF
tone pair. Afterthe fidelity and duration of this signalhave
been verified, the timing circultry latches this code into
the output register and raises the data valid (DV) flag

The only precisiori external element needed for the SSI
DTMF Recejvers is a 3,58 MHz parallel resonant crystal
(color-burst fréquency) with a .01% tolerance for the on-
board oscillator. A 1 MQ 10% resistor should be con-
nected in parallel with the crystal This generates the

precise clock for the filters and for the logic timing and
‘tontrol of the chip.

CIRCUIT IMPLEMENTATION

Standard CMOS technology is used for the entire circuit.
Logic functions use standard low-power circuitry while
the analog circuits use precision switched-capacitor-
filter technology. .

 HOW TO USE THE SSI DTMF RECEIVERS

PRECAUTIONS

Although static protection devices are provided on the
high-impedance inputs, normal handling precautions

.observed for CMOS devices should be used, =

AlLCMOS parts areprone to adestructive latch-up mode.
This behavior is inherent to these parts due to their
physical structure. The latch-up mode can best be
described asalow impedance, high current state existing
between the power supply connections on a CMOS chip.
This is also referred to as triggering of. parasmc SCR
behavior.

The most common causéofa latch-up mode i IS operatmg
aCMOS part outside its rated power supply vojtage Thas
over—voltage need not bé applied at power supply pins
only to cause latch-up. Latch-up can occur when over-
voltageisapplxedatanymputoroutput Forthe SSI'DTMF
Receivers & Transceivers, the, pin voltages should be
constrained to the range belween VN -05V and VP +
0.5V (except the analog mput pin whose conditions are
discussed below). Clamping diodes should be utilized
wherever necessary to ensure that voltage ratings are
not exceeded.

Another cause for latch-up is fast dv/dt transients affect-
ing the chip. These transients are encountered in appli-
cationsthat réquire the connectnonlwsconnectlonof “live”

boards. thle these applications are very rdre and their
implementation is best avoided, it must be mentioned
thatwheneverthey are necessary they present asevere
environment for CMOS parts. ' Care must be taken in
suchinstances to ensure that ground planes and rails are
connected first and disconected last. This will go allong
way in ellmmanng voltage transients.

Voltage transients that exist on'power lines must also be
eliminated. High voltage transients.caused by switching
of high:current devices can trigger latch-up. -High fre-
quency decouplingis a requirement for the properopera-
tion of the SSI DTMF devices. A 0.01uF to a 0.1uF
ceramic decoupling capacitor should be connectedtothe
power supply pin at the chip.

1235 DTMF Receiver Application Guide
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FIGURE 2: Interface Circuit for Conversion from TTL Output Leveils to 12V SSI DTMF Input Levels

POWER SUPPLY

Excessive power supply noise shouid be avoided, and to
aid the user in this regard, power supply hook-up options
are provided on some devices.

Since the digital circuitry of the devices possess the high
noise immunity characteristics of CMOS logic, it is the
analog section that is affected most by power supply
noise. Onthose SSI DTMF Recelvers thathave separate
Analog Negative and Digital Negative supply connec-
tions (grounds), namely VNA and VND, an unfiltered
supply may be used at VND. Itis necessary that VND and
VNA differ no more than 0.5V.

The analog circuitry of the devices require low power
supply noise levels as specified onthe device data sheet.
The effects of excessive power supply noise are de-
creased tone amplitude sensitivity and less tone detec-
tion frequency bandwidth. Power supply noise can be
significantly reduced by decoupling the chip witha 0.1uF
ceramic capacitor. Power supply noise effects will be
slightly less if the analog input is referenced to VP. This
is normally accomplished by connecting VP to ground
and utilizing a negative power supply.

DIGITAL INPUTS

The digital inputs are directly compatible with standard
CMOS logic devices powered by VP and VN (or VND).
The input logic levels should swing within 30% of VP or
VN to insure detection. Any unused input must be tied to
VN or VP. Figure 2 shows a method for «merfacmg TTL
outputs to 12V SSI DTMF Receivers.

ANALOG INPUT

The analog input is the signal input pin for the devices,
and is specially biased to facilitate its connection to
external circuitry, as shown in Figure 3. The signal level
at the analog input pin must not exceed the positive
supply as stated on the device data sheets. If this
condition cannot be guaranteed by the external circuitry,
the signal must be AC coupled into the chip with a .01uF
+ 20% capacitor.

ANALOG INPUT NOISE

The SSI DTMF Receivers will tolerate wide-band input
noise of up to 12 dB below the lowest amplitude tone
component during detection of a valid tone pair. Any
single interference frequency (including tone harmonics)
between 1 kHz and 6 kHz should be at least 20 dB below
the lowest amplitude tone component. Adherence to
these conditions will ensure reliable detection and full
tone detection frequency bandwidth. Because of the
internal band limiting, noise withfrequencies above 8 kHz
can remain unfiltered. However, noise near the 56 kHz
internal switched-capacitor-filter sampling frequency will
be aliased (folded back) into the audio spectrum; noise
above 28 kHz therefore should be low-pass filtered with
a circuit as shown in Figure 4 using a cut-off frequency
(fc) of 6.6 kHz.

A 1kHz cut-off frequency filter can be used on “normal”
phone lines for special applications. When a phone line
is particularly noisy, tone pair detection may be unreli-
able. A 1kHzlow passfilter wiliremove much of the noise
energy but maintain the tone groups; however, a de-
creased speech immunity will result. This usage should
onIy be considered for applncatlons where speech immu-
nity is not important, such as control paths that carry no
speech.

DTMF Recelver Application Guide 12-36
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FIGURE 3: Direct.and AC Coupled Configurations

Some DTMF tone pair generators output distorted to nes
which the SSI DTMF Receivers may fiot detect reliably
(inexpensive extension telephonas are an example).

Most of the interfering harmonics of these may be re-
moved by the use of a3 kHz low-pass filteras in Figure 4,

Some speech immumiy degradation will result. It should
be mentioned that when using low-pass filters, a higher
cut-off frequency will preserve more of the speech immu-
nity advaﬁtages

The SSI DTMF Receivers provide superior speech im-
munity and noise rejection. The analog signals are
subjectedto stringent criteria and rigorous qualificationin
order to assure that only true DTMF tone pairs are
detected and decoded properly. Stray signal and noise
with sufficient amplitude will cause a DTMF receiver to
disqualify a DTMF tone pair.

Such a condition can be occasionally encountered when
using DTMF “beepers.” Beepers are normally used to
transmit DTMF signals from dial-pulse phones. It has
been observed:that the non-linearity in the response of
carbon microphones in telephone handsets introduces
intermodulation products, which actually produce new
frequency components. These components happen to
fall direclty into the useful bandwidths of some of the
basic tones that the receiver must detect. Because of the
presence of these components (normally referred to-as
third-tone) with a valid DTMF tone, detection is disabled.
To inhibit the more common higher frequency third tones
fromarrivingto the receiver, the circuit showninFigure 5
is suggested.

TELEPHONE LINE INTERFACE

Inapplications thatusean SSI DTMﬁHecewertodeoode
DTMF signals from a:phone:ine, a-DAA {Direct Access
Arrangement) must be implemented.. - Equipment in:
tended for connection to the public telephone network
must comply :with and be: registered:in accordance to
FCC Part 68. For PBX appllcatlons referto. ElA:Standard
RS-464. A

Some of the basic gutd@llnes are:.

1) Maximum voltage’ ahd current ratings of the
SS! DTMF Receivers must not be exceeded; this
calls for protection from ringing voltage, if appli-
cable, which ranges from 80 to 120V RMS over a
20 to 80 Hz frequency range.

2) Theinterface equipment must not breakdown with
high-voltage transient tests (including a 2500V
peak surge) as defmed in the applicable docu-
ment.

3) Phone line termination mustbe lessthan 200Q DC
and approximately 600Q AC (200-3200 Hz).

4) Termination must be capable of sustaining phone
line Jop current (off-hook condition) which is typi-
cally 18 to 120 mA DC.

5) The phone line termination must be electrically
balanced with respect to ground.

6) Public phone line termination equipment must be
registered in accordance to FCC Part 68 or con-
nected through registered protection .circuitry.
Registration typically takes about six months.
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FIGURE 4: Filter for Use in Noisy Environments

Ready made DAA devices are also available. The SSI
73M3001 is a DAA Micromodule housed in a 30-pin DIP
footprint.

Figure 6 shows a simplified phone line interface using a
6002 1:1 line transformer. Transformers specially de-
signed for phone line coupling are available from many
transformer manufacturers.

Figure 7 shows a more enhanced version of Figure 6.
These added features include:

1) A 150V surge protector to elimfnate high voltage
spikes. -

2) ATexas Instruments TCM 1520A ring detector,
optically isolated from the supervisory circuitry.

3) Back-to-back Zener diodes to protect the DTMF
(and optional multiplexer Op-Amp) from ringer
voltage.

4) Audio multiplexer which allows voice or other

audio to be placed on the line (a recorded mes-
sage, for example) and not interfere with incom-
ing DTMF tone detection.

OUTPUTS

The digital outputs of the SSI DTMF Receivers (except
XOUT) swing between VP and VN (or VND) and are fully
compatible with standard CMOS logic devices powered
from VP and VN. The 5V DTMF devices will also
interface directly to LSTTL. The 12V DTMF devices can
interface to TTL or low voltage MOS with the circuit in
Figure 8.

Data Outputs D8, D4, D2 and D1 are three-state enabled
to facilitate interface to a three-state bus. Figure 9 shows
the equivalent circuit for the data outputs in the high
impedance state. Care must be taken to prevent either
substrate diode in Figure 9 from becoming forward bi-
ased or damage may result.

51K

0.01pF gy

INPUT O—-—'

vCC

20K - 20K

0. 01;1F
ANALOG IN Ssl

DTMF
12. 9K l

RCVR
0.0082 pF

FIGURE 5 Filter for Use in Environments where a Third Tone Exists
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TIMING

Within 40 ms of a valid tone pair appearing at the DTMF
Receiver Analog Input, the Data Outputs D8, D4, D2 and
D1 willbecome valid. Sevenmicroseconds afterthe data
outputs have become valid DV will be raised. DV will
remain high and the outputs valid while the validtone pair
remains present. Refer to individual data sheets for the
timing of signals.

SYSTEM INTERFACE

Provision has been made on the SSI DTMF Receivers
(with the exception of SSI 75T204) for-handshake inter-
face withan outside monitoring system. Inthismode, the
DV strobe.is. polled by the monitoring system at least
once every 40 ms to determine whether a new valid tone
pair has been detected. If DV is high, the coded data is
storedinthe monitoring system and the CLRDV is pulsed
high. With some systems operating in the handshake
mode, it may be desirable to know when a valid pause
has occurred. Ordinarily this would be indicated by the
falling edge of DV. However, inthe handshake mode, DV
is cleared by the monitoring system eachtime anew valid
tone pair is detected and, therefore, cannot be used:-to
determine when avalid pause is detected. The detection
of a valid pause in’ this case may be observed by
detecting the clearing of the Data Outputs. Since, in
hexadecimal format (the mode normally used with a
handshake interface), the all zero state represents a
commonly unused tone pair (D), the detection of a valid

TP O ANALOG
: INPUT
; SSIDTMF |
RING RECEIVER
11
6000

"FIGURE 6: Simplified Phone Line Interface

pause may be detected by connecting a four-input NOR
gate to the devnce outputs and sensing the all zero state.

TIME BASE

The SSI DTMF Receivers contain an on-chip oscillator
for a 3.5795 MHz parallel resonant quartz crystal or
ceramic. resor;ator The crystal (or resonator) is placed
between XIN and XOUT in paraliel with a 1 MQ res:slor,
while XEN 'is tied high. Since the swatched-caﬁacfor
filter time basé is derived from the osciliator, thie tone
detect band frequency tolerance is propomonal to the
time base tolerance. The SSIDTMF Recéiverfrequency
response and timing is guaranteed with a time base
accuracy of at least+ 0.01%. To obtain this accuracy the
CTS Part No. MP036 or Workman Part No. CY1-C or

2210
: 22kQ
TALK B !
AUDK) AA
VV
"]
ONGEF HOOK  “—
TIP O- . q_c
=L a7yF zao0n Y .
trild 3.9V
T 200V
3.9v
22kQ .
L o F AN
| ToM1520A —:L*tour-' :
RING - 50V —
. | DETECTOR |7 ] =
() 150v 4 g
ANALOG
INPUT
. SSI DTMF
RECEIVER
.- .
ISOLATED OUTPUT
RING O—

FIGURE 7: Full Featured Phone Line Interface __
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V+ 5V
. 1/6 OF 4049 I
Vp' ’ . . ®
12VOLT
8§81 DTMF —~TO TTL OR 5V MOS.
VND

Ve

§8) 757201
OUTPUT PIN

VND

FIGURE 8: SSI 12V DTMF to TTL Level interface

equivalentquartz crystalis recommended. Inless critical
applications a suitable ceramic resonator may be imple-
mented.

The use of a ceramic resonator requires the addition of
two 30 pF £ 10% capacitors; one between XIN and VN (or
VND) and the other between XOUT and VN (or VND).
Extra caution should be used to avoid stray capacitance
on the resonant circuit when using a ceramic resonator
jnstead of a quartz crystal.

When the oscillator is connected as above and XEN is
tied high, the ATB (Alternate Time Base) pin delivers a
square wave output at one-eighth the oscillator fre-
quency (447.443 kHz nominal). The ATB pin can be
convertedto atime base input by tying XEN low; ATB can
then be externally driven from another device suchas the
ATB output of another DTMF. No crystal is required for
the ATB input device; XIN must be tied high if unused.
Several SSI DTMF Receivers can be drivenwith a single
crystal (refer to device data sheet for fan-out limit).

XOUT is designed to drive a resonant circuit only and is
not intended to drive additional devices. If a 3.58 MHz
clock is needed for more than one device and it is
desirable to use only one resonant device, an outside
inverter should be used for the time base, buffered by a
second inverter or buffer. The buffer output would then
drive XIN of the SSI DTMF Receiver as well as the other
device(s); XOUT must be left floating and XEN tied high.

DIAL TONE REJECTION.

The SSI DTMF Receivers incorporate enough dial tone
rejection circuitry to provide dial tone tolerance of up to
0 dB. Dial tone tolerance is defined as the total power of
precise dial tone (350 Hz and 440 Hz as equal ampli-
tudes) relative to the Jowest amplitude tone in a validtone_
pair. The filter of Figure 10 may be used for further dial
tone rejection. This filter exhibits an eliipuc highpass

FIGURE 9:Equivalent Circuit of SSI DTMF Receiver
Data Output in High impedance State

response that provides a minimum of 18 dB rejection at
350 Hz, and 24 dB rejection at 440 Hz so long as the
component tolerances indicated are observed. The
DTMF on-chipfilter rejects 350 Hz atleast 6 dB more than
440 Hz. Therefore, employing the filter of Figure 10
yields a dial tone tolerance of +24 dB.

PRINTED CIRCUIT BOARD IMPLEMENTATION

The SSI DTMF Receivers are analog in nature and
should be treated as such; circuit noise should be kept to
aminimum. Tobe certain of this, allinput andoutput lines
should be kept away from noise sources (high frequency
data or clock lines); this is especially true for the Analog
Input. Noise in the ground or power supply lines can be
avoided by running separate traces to supportive logic
circuits or by running thicker (lower resistance) busses.
Capacitance power supply bypassing should be per-
formed at the device. Referto the Power Supply section
above.

PERFORMANCE DATA

A portion of the final SSI DTMF Receiver device charac-
terization uses the Mitel CM7290 tone receiver test tape.
The evaluation circuit shown in Figure 11 was used to
characterize the SSI 75T201. The speed and output
level of the tape deck must be adjusted so that the
calibration tone at the beginning of the tape is at exactly
1000 Hz and 2V rms.

The Mitel tape tests yield similar results on all of the
SSI DTMF Receivers. Test results for the SSI 75T201
are summarized in Table 2. In shorn, the measured
performance data demonstrates that the SSI DTMF
Receivers are monolithic realizations of a full “central
office quality” DTMF Receiver.
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FIGURE 11: Circuit for Receiver Evaluation
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TEST # RESULTS

2a, b B.W. =5.0% of fo

2c,d B.W. = 5.0% of fo

2e, f B.W. = 5.3% of fo

2g,h B.W. = 4.9% of fo

2i,§ B.W. = 5.0% of fo

2, | B.W. = 5.3% of fo

2m,n B.W. = 5.3% of fo

20, p B.W. = 4.8% of fo

3 160 decodes

4 Acceptable Amplitude Ratio (Twist) = -19.1 dBto +15.2dB
5 Dynamic Range = 32.5 dB

6 Guard Time = 23.3 ms

7 100% Successful Decodes at N/S Ratio of ~-12 dBV
8 2-3 Hits Typical on Talk-Off Test "

TABLE 2: Mitel #CM7290 Tape Test Results for SSi 75Tzo1 (Averaged for 10 parts)

APPLICATIONS

CREATING HEXADECIMAL “0” OUTPUT UPON
DIGIT “0” DETECTION

Tobe consistent with pulse-dialing systems, the SSI| DTMF
Receivers provide a hexadecimal “10” output upon the
detection of a digit “0” tone pair when in the hexadecimal
code format. However, some applications may instead
require a hexadecimal “0” with a digit “0” detection. The
circuit of Figure 12 shows an easy method to recode the
hexadecimal outputs to do this using only 4 NOR gates.

Note that this circuit will not give proper code forthe “* ”,
“B”, or “C" digits and will cause both digits “D” and “0” to
output hexadecimal “0.” This circuit should therefore be
considered for numeric digits only. The output code
format is shown in Table 3.

This circuit is usefulfor applications that require a display
of dialed digits; the digit display usually requires a hexa-
decimal “0” input for a “0” to be displayed.

16-CHANNEL REMOTE CONTROL

DTMF signaling provides a simple, reliable means of
transmitting information over a 2-wire twisted pair. The

complete schematic of a 16-channel remote control is

shown in Figure 13. When one of the key pad buttons is

depressed, a tone pair is sent over the-transmission

medium to the SSI DTMF Receiver.

ssi
DTMF
RECEIVER 1 02
b2
\ 7 roaico
o 0 D1

EACH NOR GATE 1/4 OF 4001

FIGURE 12: Hex “0” Out with Digit “0” Detect
Conversion Circuit

The 4514 raises one of its 16 outputs in response to the
4-bit output code from the DTMF. The output atthe 4514
will remain high until the next button is depressed.
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S

. Hoxadecimal " Hexadecimal & Figure 12 Circuit
Digit - D8 D4 D2 D1 Digit - ‘D8 - D3 D2 D1
; 1 ° 0 0 1 1 0 o 0 R
T 2 .0 0 1 0 2 0 .0 1 0
3 [¢] 1] 1 1 3 0 0 1 1
4 (] 1 [¢] 0 4 0 1 0 0
5 (4] | "0 1 5 0 1 [+] 1
“ . & 0 1 1 0 6 (1] 1 1 0o
7 0 1 1 1 7 0 1 1 1
8 1 0 Q. < 0 8’ 1 0 0 0
9 1 0 0 1 9 1 0 0 1
0 1 0 1 0 0 0 0 0. 0
. 1 4] 1 1 * 0 0 4] 1
# 1 1 0 0 # 1 1 o 0
A 1 1 0 1 A 1 1 0 1
B 1 1 1 0 B [+ 1 0. 0
c 1 1 1 1 c 0 1 0 1.
D 0 0 0 0 D 0 0 0 0
TABLE 3: Output Code of Figure 13 '
Ve
. ' : L . . 4
af VP our b4 w’:‘LW!
3
=]
B vz O
xw 2 T
. 81 2
' SSIOTME omjxm
RECENER
s}
0.014F £20%
———".— N1633 D8 20 ey
—einov o 2
e— I
: MEDUM ! 13 Via D1 _‘_
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| | "
| 3 ;’ Tu
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FIGURE 13: 16-Channel Remote Control
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2-0F-8' OUTPUT DECODE

The circuit shownin Figure 14 canbe used to converl the
binary coded 2-0f-8 to the actual 2-of-8 code (or 2:0f-7 if
detection of 1633 Hz tone is inhibited). The output data
will be valid while DV is high. Hf it is desired to force the
eight outputs to zero when a valid tone is not present, DV
should be inverted and connected to both E-NOT inputs
of the 4555,

DTMF TO ROTARY DIAL PULSE CONVERTER

The 2-0f-8 output of Figure 14 can be'modified to inter-
face with a pulse dialer as shown in Figure 15. If a 12V
DTMF is used the 4049 will translate the 12V outputs to
the 5V swings required for the MK5099 pulse dialer.

Figure 16 shows the interface for adding pulse detection
and counting to a SSI DTMF Receiver.

The loop detector provides a digital output representing
the telephone loop circuit “make” and “break” condition
associated with rotary pulse dialing. For the circuit of
Figure 16, ground represents a “make” and VP a “break.”
The loop detector feeds dial pulses to IC-1, a binary
counter, andto IC-2A, a re-triggerable “one-shot.” When
a dial pulse appears the Q1-NOT output of IC-2A imme-
diately goes low, resetting IC-1. The clock input to IC-1

7 'is delayed by R1-C1 so'that reset and-count input do not

overlap. The binary outputs of IC-1 will refiect the pulse

- count and 0.2 seconds after the last pulse the Q1-NOT
output will go high. C3-R3 differentiate this pulse and
clock the output latch, IC-3, holding the output pulse until
the next digit.

The 0.2 second timeout of IC-2A indicates the end of dial
pulsing since even aslow (8 pps) dial woyld input another
pulse every 0.125 seconds. The binary outputs of IC-1
are paralleled with those of the 'SSI DTMF Receiver
circuit through diodes to the inputs of IC-3. A pulidown
resistor is necessary on each IC-3 input pin. IC-1 must

~ bea binary, not BCD, counter.

With a 4175 for IC-3 the output data is latched until the
next valid input, whether from a rotary dial or dual tone
instrument. A unique situation exists, however, when
going on-hook. The loop detector will output a continu-
ous level of VP which would trigger IC-2A and put a single
count into IC-1. A high level from the loop detector also
turns on Q1, pulling the clock input of IC-3 to ground.
Since the loop detector output will be low at the comple-
tion of dialing, all outputs are valid even when the
telephone is placed on-hook, an important consideration
if output data is recorded.

2o P your [ ST
= [l L L
. ws ]
i 2 I
51 H
SS1DTMF 0.0 uF+20%
RECEVER 4585
szH . £ I et 1 PO
0.0t uF £20% . ) N 5 770
5! wiess s |22 = T £ _ese
19 21 i = u o}t o
cLROV D4
weur :: :NAI.OGIN :2 ‘2 1wl g -
1
. A o >£—|E o e
VND 1477
o " 9 e
18 | ——
= A ves Vg
-l_i L—-O‘s ve
pov
FIGURE 14: Touch-Tone™ to 2-0f-8 Output Converter
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FIGURE 15: Touch-Tone™ to Rotary Dial Pulse Converter Adding Rotary Dial Pulse Detection Capabilities
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DATA OUTPUT

FROM SSI DTMF
ABCOD .
" : Ic1 * * * * Ic-3
Ry 1/2-4520 4175
A
oor 100K cLock Qo . Pt Do Qo e
DETECTOR '\N\: at N D1 at b———o
c
Q2 Pt D2 a2 pb——ro
D .
047 Cq Q3 ’: D3 Q3
y RESET [ meser 0
+12
Rz C2
vp O—JVV\,——GV—I I-—-|>
= 047
100K 4
100K ‘DV' FROM
—W—> Y  ssiomwrF
100K Rs 10K
>
1/2-4538
ors 047
Q1
2SEC
047
100K R3 100K
ALL DIODES - SMALL SIGNAL
SILICON - 1N914, 1N4154, ETC.
Q
Ry 1
47K NPN

FIGURE 16: Adding Pulse Detection and Counting to the SSI DTMF Receiver

No responsibility is assumed by Silicon Systems for use of this product nor for any infringements of patents and trademarks or other rights of third
parties resulting from its use. No license is granted under any patents, patent rights or trademarks of Silicon Systems. Silicon Systems reserves
the right to make changes in specifications at any time without notice. Accordingly, the reader is cautioned to verify that the data sheet is current
before placing orders.

Silicon Systems, Inc., 14351 Myford Road, Tustin, CA 92680, (714) §73-6000, FAX: (714) 5673-6914

DTMF Receiver Application Guide 12-46

0193 - rev.

i




silicon ystems-

A TDK Group J Company

Using an SSI'73M650
Serial Packet Controllet

APPi.inlTi@N NOTE

Using a serial packet controlIer as a virtual UART, a
personial compuiters COM port can accept most syn-
chronous or asynchronouécotmuniéations protocols,
while still looking to the PC host'like’ a convertional
asynchronous UART. This nate will explain the tech-
nology and show how it can be used in a typical
application. The application chosen is that of a fiber
opticlink to anmhercompuwrazdata rates of upto 1,2
Mbit/s.

Applicationsfor a virtual UART stretch the imagination.
It can be an Input/Output controller for any PC or
workstation, regardless of the operating system. When
built into a modem, it gives incredible design flexibility.
For prototyping of. communications links, it is awonder-
ful emulator. For. LAN.and WAN applications, it is a
poweriul packet controller.. It is also.ideal,for multi-
tasking:applications such as allowing the PC to com-
municate with -another device, while samultaneously
running a non-communications program.

This unique functionality is embodied. in the Silicon
Systems’ SSI 73M650 Serial Packet Controller (SPC).

To the PC host, the 650 almys looks like a common
550-type asynchranous UART, but, to a device com-
municating with the PC, the 650 can emulate virtually
anything, including an 8530-type USART. With
Manchester encode/decode capability, the 650 can
even be used with fiber-optic communications links.

ln addutlon w Manchesier encodmg, the 650 also
supports. NRZ, NRZI. and FM. encoding. Since me

device is ideal for laptop, or portable PC apphcatuons.
itincludes apower-d gto'extendthetomputers
battery life. lﬂhaapplicatmncat@forv 42 err6r control,
the 650 includes 32-bit CRC errorcheckmgforfuﬂWté
compatibility.

OPERATING MODES .

The first step in designing with the 650 is selecting the
mode of operation. Two basic modes are available:
single-processor anddual-processor(Figure 1). Single-
processor (see Figure 2) can be broken down further
into two basic architectures, which will bé discussed in
the section on design decisions.

Primary among the reasons for usmg a smgle—proces-
sordes‘ngn iscostsdvings. ’Howeverthe capatﬁliﬁes are
farmore limited thanwith a dUal-processordesign (sae
Figure 2). The single-processor configuration must be
degicated to a single task. It must share the host CPU.
in most applications it is limited'to a data rate of 9600
bits/s dse to the interrupt handlmg flimits of the host cpu.
And, while it is compatible with the V.22bis d@ta corn-
munications standard, including compression, it can
not be used in désigns requiting compliance with more

advanced specifications, such as V.32 and 'V.42bis.

CPU 2
Bus

16550A

—of e || KDY

1 2
/e N /TN

© Sinsggg-ocgt%nei

1) Dual Port Only
i 2) Single Port Only

|

Interface Modem |
Logic Control [~

— TX Clock/Data
¢—— RX Clock/Data

FIGURE 1: - SSI'73M650 Block Diagram
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Serial Packet Controller

i

" OPERATING MODES (continued)
V.32 is a 9600 bit’'s modem data pump modulation

standard. V.42bis is a CCITT compression standard
that is capable of up to 4:1 compression ratios.

Dual-processordesigns offer the increasedlexibility of
multi-tasking. However, it also requires a dedicated
microprocessor, albeit aninexpensive one. Much higher
data rates can be handled, and compatibility can be
achieved with standards such as:

« V.32 with compression

* V.32 at 9600 bit/s

« V.32 bis at 14,400 bit/'s

V.42 bis with 4:1 compression
» V.22 bis at 2400 bit/s

Single-processor decisions

Ifthe single-processor mode is selected, several ques-
tions must be asked by the designer. The first has to do
withthe method of addressing the part. There are three
addressing modes for the 650: 550; 8530; and 8530 in
the 550 address space. The method of addressing that
is selected depends upon the host software being
used. If it expectsto see a 550 UART, the 550 address-
ing mode must be used. Likewise, the expectations of
the host software will also determine if either of the
other two modes is correct.

Separate addressing and chip-select pins are avail-
able for the 550 and 8530 blocks. When the 8530 must
be addressed in the 550 address space, the chip
selects for both blocks have to be wired together. In
addition, an external device, for example, anintelligent
data pump, may be mapped into the same address
“space as the 550 register set.

Next, the designer needs to know whether the 650
will address external devices within the 550 address
space. If the designer wishes fo utilize the 650’s internal
decoder to address external devices, the external
devices must be compatible with the bus timing
produced by the 650.. ,

Finally, the designer must decide whether to configure
the 650 in a mailbox mode, utilizing the 550 block’s 16-
byte FIFO as a mailbox. In a mailbox mode, applica-
tions are possible where the 550's register set is
required to interface to standard software, but the
additional functionality of the 8530 is required for either
synchronous communications or data compression.

Ddal-processor decisions

The main advantage of the dual-processor mode is the
addition of a dedicated microprocessor to control the
650. A simple inexpensive 8-bit microprocessorcanbe
selected, such as an Intel 8051 or comparable part.
With a dedicated microprocessor, itis né longer neces-
saryto steal cycles fromthe host PC CPU to control the
synchronous section of the 650.

As can be seen in Figure 4, along with the dedicated
microprocessor, comes buffer storage (RAM). If a lot of
buffer storage is required for the application, inexpen-
sive dynamic RAM is suggested.

For the particular application.under design, a decision
has to be made about how much buffer storage is
required, and what type of buffer storage will be used.
The minimum buffer size is one packet of data. How-
ever, several packets should be stored to improve link
efficiency. From a flow-control standpoint, the buffer
needs to store enough data so that, when a control
word is detected, the control action can be taken atthe
proper point in the data 5 stream.

Host 550

—
PC ’ Host/
' PC
8530 )
o

550

8530

FIGURE 2: Operation Mode Architectures
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Here the amount of buffer storage is relatedto the data
rate and the time required to prowde a signal io the
other end of the link. )

The designer needs to determine whether the control
code will be resident inthe dedicatéd microprocessor,
or somewhere else"in-thersystem RAM. There are
maintenance advantages. to stéring control code in
RAM and downloading it to the microprocessor.

The next destgn decision is how to pass control infor-
mation fromthe Host cputo the dedicated microproces-
sor. It is advantageous to use the scratch register for
loading data path flow control information. If the flow
control information is not put into the scratch register,

it would have tobe loaded in the data path itself. In this

. circumstance, additional intelligence is required to strip

the flow control codes out of the data stream, andto act
upon them. - o »

Finally, tfie designer needsto decide whether to use the
DMA lines to the- host processor to speed up memory
access In thost cases this will not be neoessary

DESIGNING A HIGH-SPEED FIBER-OPTIG DATA
NETWORK -

An excéllent example of the use of the 650 is in the
! .

design of a high-speed fiber-optic data network. This
network ties together several IBM-compatible: per-
sonal computers, as well as an assortment of.periph-
eral devices, which can be shared on the network.
Particularly hagt),-r@tss ‘of datd fransfer are rec d,
since Iage graphic files will be sent argurid the i
orderth t'helaserprinterandptoueronthel‘nkcanbe
used to print those files.

Rather than using an expensive hub ﬁl,e server the
network will have a ring -configuration: with no:central
file server (see Figure 5). Fiber-optic cable is the choice
for the transmission medium due to its inherent resis-
tance to RFI.

To use conventional commumcatuon soﬂware on the
network, each station on thé network must look like a
550-type UART. A serigl form of commiuifiication proto-
col will be used’ for the dewces to commuriicate to-
gether. This’ profocol will provide-error detéction and
retransmission, o ifisure that data' is transferred with-
out' being corrbpted and the ‘protocot will provide a
means for equal sharing of the resources between the
demands of the users, to prevent the network from
being dominated by the.demands of a single.user.

. NRZ Data

NRZI

Bi-Phase Mark

Manchester

Data Clock

FIGURE 3: Methods of Encoding
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DESIGNING A HIGH-SPEED FlBER-OPTIC DATA
NETWORK
{continued)

A synchronous communications, protoool such as
SDLC, will be used, since these protocols contain the
desired error-checking facilities. SDLC has the draw-
back of requiring a clock to recover data from the
network. However, SDLC can be transmitted, with
Manchester clock encoding to encode the data clock
with the serial data, to allow the clock to be recovered
at the receiver. Encoding the clock along with the data
has the advantage that any changes in the timing, due
to effects of bias distortion occurring on data transmit-
ted, will be performed on the clock information stored
in the data stream as well. This insures that the data
clock will always have the same timing in relation to the
data being transmitted on the network. When the clock
is recovered from the data path, the data clock will
always occur with the correct timing for the serial
communication controller to sample the serial receive
data.
inorderforthe standard PCs onthe network to commu-
nicate with conventional software, they need to see a
conventional 550-type UART. However, a 550-type
UART is an asynchronous device that cannot under-
stand a synchronous protocol such as SDLC. Hence,
some sort of protocol converter is required. The SSI
73M650 is selected for this application, since it can
‘accept most any protocol and convert it to a signal that
:looks to the PC host like a standard 550-type UART.

SELECTING THE MODE OF OPERATION

Single-processor mode is not acceptable in this appli-
cation, since, in single-processor mode, the 650 looks
to the PC host like either a 550-type asynchronous
UART or an 8530-type synchronous controlier. How-

ever, it will not allow the PC-host to see a 550-type
UART while the network sees an 8530-type synchro-
nous controller to accept SDLC.

Therefore, dual-processor mode of operation will be
used (see Figure 6), with a dedicated microprocessor
and a RAM buffer. The built-inManchester encoder will
be used to transmit. SDLC on a high-speed fiber-optic
network. Although only 1K of buffer RAM is needed for
data and about 3K are needed for control code, 32K of
RAM will be used. 32K of RAM is one of the smallest,
least expensive modules that canbe readily used. Both
data and control code will be stored in the buffer, with
the control code being down-loaded to the micropro-
cessor when needed. The scratch register in the 550
block will be used 10 load the control code.

To see how the 650 is used, look first at the data flow.
Data that is loaded in octets in the 550 registers can
then be read as octets by a control communications
microprocessor from the “back-end” of the 550 register
set. This data is normally moved into a temporary RAM
storage location until there is enough data to form an
SDLC data packet. The data is then moved from the
temporary RAM buffer to the synchronous emulation
block inthe 650. The data is transmitted out in a packet,
according to the protocol rules of SDLC loop transmis-
sion, with the synchronous controller forming the start
fiags and the data packet, with zero insertion per the
requirements of SDLC loop protocol. The zero-in-
serted data is then encoded with the data-clock infor-
mation through the Manchester encoder circuitry inthe
650. The serial data stream is then transmitted to a
fiber-optic driver for transmission over the link. When
the last 8 bits of data is transmitted to the 650 by the
control microprocessor from the.temporary storage,
the 650 transmits the correct frame check sequence
and a required closing flag.

Host — | 550
PC

8530 —»

UP le»{RAM|.

FIGURE 4: Buifer Storage
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Using an:SSI73M650
Serial Packet.Controller

SELECTING THE MODE OF OPERATION . (continuad)

In SDLC, all data ‘is transmitted from one controller,
which is designated the master, o' slave controllers on
theloop. Alfdata on a'slave controller passes fromthe
técelve port to the transmit'port. -if the controller is
attively “oriloop;" the datathatis receivedis reclocked
and- retransmitted with-a' one-bit delay. This one-bit
délay dilows:data to-be retiméd to reduce bias distor-
tion caused by the fiber-optic network. Every slave
controller-passes data from-its-own receiver.tos its
internal transmitter, to pass to the' next slave controller
down the line. The final slave controller transmits the
packet‘of data back to the host comroller‘s receiver.

SDLC AND EOP FLAGS -

In an SDLC loop, the network starts wnh the. host
controller sending out an End Of Poll (EOP) flag. This

iaflagthatiooks iké'a normaiflagof 01111110,07Eh,
but which is modified slightly to 11111110; 07th {note:
in serial communications tie-LSB is transmitted first,
and hencé'the bit ‘pattern-is Shown rathér than #a
actual binary humber}: This EOP flag ié used by edch
slave controllerto deteriiiihe when it should transmitto
the host controller.

When a slave controller encounters an EOP flag, it
changes the EOP flag to a normal SDLC flag and
transmits a data packetto the host controller. Whenthe
controller is finished transmitting, the controller at-

taches the correct frame check sequence (FCS)tothe - -

data packet and closes the frame with an EOP flag.

.

Since the first detected EOP isichanged by the actively
transmitting slave controller on the network to an SDLC
flag, any downst am oomrollers are pfevemed»from
transmitting, ‘since e EOP will be encmfﬁtered The
downsirean] slave Contrdllbr ‘st wait until aff EOP
is, éricountered betoré the controller 8’ aflowed’ 1o
transmit a’ packet 'of data to the host-oritroller, °A
siéve contrallér is normally estricted from trarfsmitmg
for a set périod of hn;!e aﬁer atrame hq beeh'shi 2d,
19 prevent dbminatlon of ihe netwo by ubs ream
controllers. *

Inour neiwork a destmatmnaddress byta;s transmtt-
tedfirst, followed by a source addressbyte, followed by
acontrolbyte that contains a-frame sequence number,
The host software requires-the host to- acknowledge
thereception fromthe staves atleastonceevery seven
dataframes. A slave-data.controller-cannot transmit a
data packetto the hostuntjl the-lastseven datapackets
have heen acknowledged fromthe host controller. The
host coniroller will riot acknbiledge & slave until Ebp
frames are'dotected back &t thig hosf's receivér.

The host recewenwm only. c{etgemr\ EOP saquenq.eoi
two adjacent -EOR flags-if: a."no-transmission” was
attempted by a slave controller. Receiving two adja-
cent EOP flags indicates all slaves have had a fair
chance to utilize the network. This method of arbitration
prevents domination of the network by an upstream

- glave controller..

SLAVE?

FIGURE 5: SDLC'Loop Transmission
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SDLC AND EOP FLAGS (continued)

Using this method of flow control, the host controller
can modulate the use of the network by any slave
controller. if data is being received from an upstream
controller, the host may receive only a maximum of
seven packets of data from a slave. This allows new
EOP flags to make their way to the receivers of the
dowpstream slave controllers. These controllers may
place data on the network with the destination to the
host controller, thereby using the EOP flag and chang-
ing the EOP flag to an SDLC flag. When the host
controller senses more than one contiguous EOP flag
inits receiver, the'host controller can determine that all
slaves have had an opportunity to utilize the communi-
cation ¢éhannel. The host controller may then acknowil-
edge the oldest frame, or all frames, from a slave
controller, allowing the slave controller to transmit
more data to the Host controller.

The slave controller software is very simple. The control-
ler software consists of RAM buffer routines to store data
in RAM, which will be later transmitted, and a very simple
controller device driver to control the 850. The 650 does
most of the protocol work for the microprocessor.

DATA FLOW THROUGH THE 650

Data to be transmitted is read by the microprocessor
from the 650 through the 16-byte FIFO in the 550 from
the B channel of the synchronous controller. This data
is transferred to RAM for storage. When the RAM
storage s full, the microprocessor no longer reads data
fromthe 550 FIFO, causing the host processor to wait.
When a 256-byte packet of data is formed in the
storage RAM, the controlier waits for a valid EOP flag.
The controller will also send a packet of less than 256
bytes when a receive FIFO time-out occurs, indicating
that the host has no more data totransmit. When a valid
EOP is indicated by the 650 to the microprocessor, the
microprocessor adds a destination address byte, a
source byte, a control byte and then data is transferred
to the three-byte transmit FIFO within the 650 synchro-
nous controller.

The microprocessor control software keeps a copy of
the data received from the host until a message is
received fromthe host controllerthatthe data has been
received correctly. When an acknowledgement packet
is received from the host controller, the data is cleared
from the directory in the slave controller.

- FIGURE 6: “SS1 73M650 SDLC. Loop
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Using an SSI 73M650
Serial Packet Controller

DATA FLOW THROUGH THE 650 (continued)

If an acknowledgement packet from the host controlier
indicates that the data frame was received corrupted,
the packet and all newer packets waiting for
acknowledgement from the host, are transmitted back
to the host controller.

Using a fiber-optic network, with SDLC synchronous
transmission protocol, and an SSI173M650 Serial Packet
Controller in 8ach PC around the ring network, data can
betransmitted at data rates of upto 1.2 Mbit/s. If external
clock recovery circuitry is used, this data rate can even

1TTS
Pm
h s
0 TXD
0 RXD
b TAXC
N ATXC

be higher.
PACKAGE PIN DESIGNATIONS
(Top View)
o
EBER Sk B
/ 4 3 2 1 28 27 2
A2(5 O 25
A1(]86 24
A0l 7 23
ssl
o708 73M165 2
pells 21
D5 [ 10 20
paf 1 19
L 12 13 14 15 16 17 18
8 8 5 8 2 g g€
28-pin PLCC

Al
A0 [
MRD
MWR [
MCS g

07 (
D6
DS (
D4 {

For a complete SSI 73M650 data sheet contact your

local Silicon Systems sales office.

) MDS/DSFH)
) MD4TTS)
1 MD3{DTH)
i MD2(RTS)
I MD1(MALE)
il MDO

1 TXREQ

h TXD

l RXD

h TAXC

h RTXC

Silicon Systems, Inc. 14351 Myford Road, Tustin, CA 92680, (714) 573-6000, FAX (714) 573-6914

cveobEsasi
=

-]

EBER E g g &

/e s 4 3 2 1 m @ e a ©
7 o ®
8 =
9 7
10 »
1 35

SSi
12 2
73M650

13 £
14 2
15 2
16 2
W P
EREEEEEEELEEEYN

B8E8pESBESGE

[0} 8 %.
44-pin PLCC

1292 - rev.

12-58

©1992 Silicon Systems, Inc.




o ot S

AN B

2

Notes




A TDK Group J Company

dongons

SSI1'78Q8330
hernhet Wahéceiver Dem@ Boavd
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DESCRIPTION

The SSI 78Q8330 Demo Board is the evalyation
vehicle for Silicon Systems' low power 7808330
Ethernet Transceiver IC. This board is designedito be
connected to 10Base;2 thin coax cable that confplies
withthe IEEE 802.3 standard for Local Area Networks.
Theboard canbe used as atransceiver unit and tied to
a network interface board in through an AUl-cable of
up to 50 meters in length.

The SSI 78Q8330 works with thick coax ¢able
(10Base-5) but different connection hardware must be
used in such an application. Contact Silicon Syslems
application engineering for more information.

Figure 2 shows a typical application withthree systems
already conriected to the Ethemet 10Base-2 network.
The Ethernet cable is'then connected to the Demo

January 1 993

15-pin AUI cable. The AU catgle can be connected to
a network interface board in the DTE. Please be sure
that the network interface board is properly configured
(either jumpers or software) to accépt AUI (external)
interface rather than an on-board (internal 10Base-2 or
10Base-T) interface.

. FEATURES

* Evaluation board for low power 1bBase-2l
10Base-5 transceiver .

*  Provides AUI port to connect to a network card

* Jumpers for easy changé of heartbeat feature

+ Testpolnts to measure data to/from DTE using

Board at the' BNC connector (BNC1). A:50Q scopes '
termination resistor must be placed at last station..The: == om0 - . e
three pairs of differential signals {D1+/DI- data into the-
DTE, DO+/DO-data out ofthe DTE and Cl+/Cl-contral . -
into the DTE) are available at test points and at the
BLOCK DIAGRAM:

S8| 78Q8330
ETHERNET

COAX .
TRANSCEIVER -

DC/DC CONVERTER

FIGURE 1: SSI1 78Q8330 Demo Board Block Diagram
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| 50Q TERMINATOR

50Q TERMINATOR

e NSRS e

SYSTEM 1 }

. ’ SSI 7808330 DEMO BOARD
: JP1 23
: BNC JP2 23
" d CONNECTOR

S BNG T JP3 21
YSTEM 2 -—
| CONNECTORS AUl
CONNECTOR
SYSTEM 3 L
RQ58 COAXIAL SYSTEM 4
CABLE (500) AUI PORT

FIGURE 2: Silicon Systems’ Typical LAN Connection Using Demo Board
TABLE 1: Jumper Description

JUMPER| CONNECTION DESCRIPTION
JP1 SQE-Disable Disable SQE (Heartbeat) Note 1
SQE-Enable Enable SQE (Heartbeat) :
JP2 10Base-2 Thin-coax connection
10Base-5 Thick coax connection Note 2
JP3 Test “Test mode Note 3
Normal Normal mode
JP4 Open Normal Note 4
| Short Insert 78Q termination resistor on Cl+/Cl- pair
JP5 Open Normal : : Note 4
| Short Insert 78Q termination resistor on DI+/DI- pair
JPé Open An Ammeter can be used to measure IC -9V supply current
Short Normal
JP7 Open An Ammeter can be used to measure DTE +12 volt current
¢ | Short - Normal
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S$S1 78Q8330
Ethernet Transceiver:Demo Board

Application Note

TABLE 1: Jumper Description (continued)

JUMPER | CONNECTION DESCRIPTION

JP8 Open This jumper is used to monitor IC -9V supply voltage. Top

pin is -9V (VEE) and Bottom: pin is GND (VCC)
Short ILLEGAL CONNECTION

NOTE: (1) SQE (heartbeat)inserts a 10 MHz signal onthe Cl+/Cl- lines at the end of eachtransmission. The
signalis used by the DTEfor checking the transceiver. This signal is used by the DTE for checking
the transceiver. This option must be disabled if the transceiver is connected to a repeater device.

(2) Contact Silicon Systems CIPD Application Enginéeering for more information-on interface to thick
coax (10Base-5).

(3) Place jumper in NORMAL mode.
(4) lfon-board termination resistance is used‘, disconnect the AUI cable to avoid double termination.
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A TDK Group Company

SSI 32F8001
j bﬂ‘f ® Progtammable Electronic Filter

Application Note

o o Décemﬁe"} 1992
INTRODUGTION s i The objectjves of thls ajgphc‘ation note are: i
Analo,g;gltenngls aunjversa requnrement inany signal To present a descripﬁqn of the SSI 32F8001

processing system. Filter ¢ design is now made easy * Todiscussits applications | i .
with thie progranitable tilters from Silicon Systems

Inc. Whetherthe requirement is atixedfiltering charac- * To present a typical fixed response design
tenstlc ora progqammable iesponse, this fqmlly of . Tapresemaprogrammable respnnse appucanon
programmable filters offers’ distinct advantages of de- :

sign simplicity, accuracy, versatility and board space , L En el

saving. Additional features, such as high frequency R T

boost, differentiated outputs, are also available. This . : »

application note focuses on the $SI 32F8001, cutoff

frequency programmable from 9-27 MHz.

B

VIN+ { Low'F o 1 VO_NORM+
VIN- Fiter - | e/ > [1VO_NORM-

| TVO_DIFF+
-TVO DIFF-

VBP |
IFP
VFP ! ,
FBST ' ] PWRON

L1 VPTAT

FIGURE 1: Block Diagram
. . 131703 N - 295198 T 5.37034 " [Toseid | o | NoRM
INPUT §% 8168495+ 101708 ~\ % ) |3% 5154208 + 295139 |57 S 1.14558 + 5.37034] S+ 0.8613:
+ - Lo i
ks’ |eid Transfer Function normalized for 0=2n fo 1, ‘08361 1 a LOFF
$% §1.68495 + 1.31708 fe = cutofffrequency +o

AN and AD are adjusted for unity gain (0 dB) atf= 067 fc

Frequency scaling s =s /2 fc

Eq. for fc = 27 MHz, s = s/[2n) (27 x 10°)]

‘ FIGURE 2: The SSI 32F8001 Transfer Function

CAUTION: Use handling procedures necessary- ]

1292 - rev. 12-59 . for a static sensitive component.
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1.0.- DESCRIPTION

The SSI 32F8001 is a programmable 7-pole 0.05°
equiripple linearphase low passhlter inasiliconbipolar
integrated circuit. Figures 1-and' 2 show the block
diagram and the filter transfer function.

The SSI'32F8001 cutofffrequency and high frequency
boost can be independently controlled by two control
signals. Two sets of filter outputs are available: normal
low pass output and differentiated low pass output. As
an equiripple linear phase type filter, the filter outputs
exhibit constant group delay in the pass band and out
t01.75 fc. Furthermore, the delays through the normal
output and the differentiated output are well matched.

The input and outputs of the SSI 32F8001 are differen-
tial signals, requiring external AC coupling capacitors.
The given transfer function shows the relationship
between the input and the two sets of outputs. Typical
differential input resistance is 4 kQ.

1.1 CUTOFF FREQUENCY PROGRAMMING -

The cutoff frequency, defined to be the -3dB. corner
frequency with no boost, can be programmed between
9 - 27 MHz. It can be set by one of three methods: |

« A resistor can be inserted between tiie VPTAT
and the VFP pins. This setting is only used for a
fixed response design. The IFP pin should be left
open. The design equation for this resistor value
is:

Rx (kQ) = 27 / fc (MHz)

A design example is given in Section 4.

» Acurrent source input can be fed into the IFP pin.
The VFP pin should be leftopen. A current source

digital-to-analog converter (DAC), such as the

DACF inthe SSI32D4661 Time Base Generator,
allows a microcontroller to change the filter re-
sponse dynamically. To achieve the highest ac-
curacy the current source DAC should be refer-
enced to the reference voitage at the VPTAT pin.
The design equation for this current source value
is:

IFP (mA) = 0.0222 x fc (MHz)
A design example is given in Section 4.

» A current sink input can be fed into the IFP pin. A

1 k2 resistor should be placed across the VPTAT,

and the VFP pins. With a current sink DAC, this
design also allows a ricrocontroller to change the
filter response dynamically. To achieve the highest
accuracy and temperature stability, the current
sink DAC should be referénced to the reference
voltage atthe VPTAT pin. The desugn equatlon for
this current sink value is:

IFP (mA) = 0.0222 x (27 - fc) (MHz)
A design example is given in Section 4.

1.2 HIGH FREQUENCY BOOST CONTROL

The high frequency boost function is especially desir-
able for pulse slimming and magnitude equalization
applications. This function can be enabled or disabled
by a TTL logic input at the FBST pin. With FBST = ‘1’
or open, the amount of high frequency boost, mea-
sured atthe cutofffrequency, canbe programmed from
0 to 13 dB at fc by a voltage input at the VBP pin.
External resistors can be designed in for a fixed filter
response. For a programmable high frequency boost,
avoltage DAC, such as the DACS in the SSI 32D4661
Time Base Generator, can be used to control the VBP
pin. This input voltage should be made proportional to
the reference voltage at the VPTAT pin for accuracy.

The design equation for this control voltage is:

VBP = VPTAT x (10"(FB/20) 1)/3.46 where FB is in
dB.

Design example is given in Section 3.
Witﬁ afinite boost, the magnitude response peaks ata

frequency slightly higher than the original cutoff fre-
quency. The effective pass band bandwidth is wider.

"1.3 OTHER FEATURES OF THE SSI 32F8001

The 881 32F8001 features excellent constant group
delay. At fc =27 MHz, the groupdelay variationfrom 0.2
fc to fc is less than 0.5 ns. Furthermore, the high
frequency boost functiondoes notaffect the group delay
variation. -Group delay variation is within +3% out to
1.75 fc.

In addition to the normal low pass output, the SSI

- 32F8001 also provides adifferentiated low pass output

of the input signal. The signal delay is well matched to
the normal output.
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SSI32F8001
Programmable Electronic Filter

The SSI32F8001 provides areference voltage VPTAT
for the DAC references. Because the mtemal filter
control circuitry is referenced to VPTAT, fhe control
currentfor filter cutoffirequericy and control voltage for
high frequeney boost shouid be referenoed o VPTAT :

The S8I32F8001 can be switched iﬂm a sleep mdde,
dissipaf'ng Iess than3mW,bya TTL input at PWRON

Twopackageoptions are available forthé SS132F8001:
16-ead SOL and 16-lead SON.*The small feature size
of the 16-lead SON package offers sngniﬁcant board
space saving.

2.0 APPLICATIONS

A programmible filter is a versatile component in any
signal processing system. Some areas of applications
include fixed response filtering, variable data rate pro-
cessing and adaptive equalization.

For fixed response filtering applications, the SSI
32F8001 offers a simple-to-use solution. The once
complexdesignof cutofffrequency or magnitude equal-
ization is now rendered to simple resistance calcula-
tion. The narrow 16-pin small outline package offers
significant board space economy.

In variable data rate processing, a programmable filter
canbe used to optimize bandwidth and signal-to-noise

tradeoff. One application is constant density recording
for high capacity storage prodycts. As the data rate
increases from the inner tracks o the outer tracks, the
filter cutoff: frequency can be scaled-accordingly to
maximize the signal-to-noise performance. The high.
frequency boost function provides pulse shmmmg for
accurate puise detection. : Pens

A programmabile filter aﬁersa revolutwnary approach
to adaptive equalization..In-signal transmission-appli-
cations, anequalizationfilterisusedto combatchannel
distortion. The magnitude of channel:distortion.is often
not known a priori. Adaptive equalization can dynami-
cally shape the equalizationfunction. With an appropri-
ate external adaptive sensing function, the cutoff fre-
quency andthe highfrequencyboost ofthe S$132F8001
can be dynamically programmed through mlcropro-
cessor control. :

30 FIXED RESPONSE . DESIGN
PROCEDURE

) w,; o

* This secfion suggests some design'guidelines to apply

the SSI 32F8001 as a fixed response filter. Figure 3
shows the design schematic. Rx determines the filter’s
cutoff frequency, defined as the -3 dB frequency with;
no boost. The ratio of RB1 and RB2 determines the.
amount of high frequency boost. .

ko i e
oonF | T o

—Mne

VO_NORM- o>—|]-————-—- VO_NORM-
VO_NORM:+ ¢ >—-_||-—-—— VO_NORM

+8v > veer
v S Sl
e . L
7

FRST .}-Jh_amsr

vo_oirre L8 T &6 vo_orFFs
vo_orer- |2 BB & vo o
PWRON “—-—-——<o PWRON
VPAT .
NG |2
P
veP
GND

32F8001

FIGURE 3: The 32F8001 Setup as a Fixed Response Filter
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SS133F800F

Prbgrammable Electronic Filtet

3.0 'FIXED RESPONSE DESIGN
PROCEDURE (continued)

Given fe, cutoff frequency 'in ‘MHz, and FB, high
frequency boost in dB: ‘

« Rx can be calculated, as given in Section 1.
Rx (kQ) = 27/ fc (MHz)
Voltage across Rx is 0.33 VPTAT. The current
through Rx is 0.33 (VPTAT / Rx).
Rx should be between 1 kQ to 3 kQ, i.e., fc
between 9 MHz to 27 MHz.

» RB1/RB2 sets FB, and can be determined as
follows: .
RB1/RB2 =3.46/ (10~ FB/20 y-1)-1

« Total current drawn out of the VPTAT pin should be
limited to 2 mA max. Thus, RB1 and RB2 should be
designed accordingly.

« The IFP pin-should be left open.

4.0 PROGRAMMABLE RESPONSE
DESIGN PROCEDURE

This section suggests some design guidelines to apply
the SSI 32F8001 as.a programmabile filter. The high
frequency boost can be controlled by a voltage DAC
driving the VBP pin. The VBP voltage should be be-
tween 0. and VPTAT. The cutoff frequency can be
controlled by a current DAC. The application setup for
using a current source DAC is different from the one
using a current sink DAC. Both are presented below.

4.1 PROGRAMMABLE FILTER USING A CUR-
RENT SOURCE DAC

Figure 4 shows the setup schematic ofthe SSI32F8001
using an external current source DAC to control the
filter's cutoff frequency.

—ne VO_DIFF+
cs

VO_NORM- o>—-|}———3 VO_NORM: 'VO_DIFF-
ca

VO_NORM: €>——{}———21 V0 NORM+  PWRON

45V >—_4 vee VPTAT

l‘5——01“—(- VO_DIFF+

15___ G |—-——<o VO_DIFF-
L—+—<’ PWRON

13

VIN- o>—°—5||——-——5 VIN- N2 DIGITAL
VIN+ .>—°—s"—-——°- VING iFp (1 < @) woro

7 10 oA

8 9 R
FBST &\ FasT GND DAC

L DIGITAL
32F8001 WORD
VOLTAGE
DAC

FIGURE 4: The SSI’32F8001 Setup Schematic Using a Current Source DAC for Cutoff

Frequency Control
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SS1 32F8001
Programmable Electronic Filter

Design guidelines for the SSI 32F8001:
» The VFP pin should be left open.

42 PROGRAMMABLE FILTER USING CURRENT
SINK DAC

« Boththe current source DAC and the voltage DAC  Figure 5showsthe setupschematicofthe SSI32F8001

should reference to VPTAT for accuracy.

* The reference bias current drawn from VR should

be less than 2 mA.

« The current source output voltage compliance

should be between 1.1V to 1.8V.

using an external current sink DAC to control the filter's
cutoff frequency. The high frequency boost control is
the same as in Section 4.1.

Some design guidelines:
+ Rxshouldbe setto 1 kQbetween VPTAT and VFP.

« The IFP current and the filter cutoff frequency are ~ * Boththe current source DAC and the voltage DAC

related as follows:

should reference to VPTAT for accuracy and tem-

18 perature stability.
c (MHz) =45 x IFP (MA) X ————
fel ) (mA) VPTAT » The total current drawn from VPTAT should be
IFP should be between 0.2 mA to 0.6 mA with less than 2mA. This includes the 0.6mA through

VPTAT = 1.8V (at room temperature).

« The VBP voltage and the highfrequency boost are

related as follows:
FB = 20 x log (3.46 x VBP / VPTAT + 1) dB

Rx. Thus, the current sink DAC and the voltage
DAC reference should notdraw more than 1.4 mA.

 The current sink DAC output voltage compliance
should be between 0.8V {o 1.4V.

« The IFP current and the cutoff frequency are
related as follows: VPTAT

fc (MHz) = 27 - 45 x IFP (mA) x 18
IFP should be between 0 mA to 0.4 mA.

o s ng
ontiE[_ _-[_oc.gur

Y NC VO_DiFF+

ca

VO_NORM- &)>——[————21v0_ NoRM-  VO_DIFF-
c4

VO_NORM+ @>——|———>1vo NORM:  PWRON

Y >.—_‘- veot VPTAT

E___EZ“____<. VO_DIFF+
u{[——-(o VO_DIFF-
'—‘-——<o PWRON

VIN- 0>—°5-|}-——-——-“‘— VIN- w2 Rx
cs 6 “ DIGITAL
ViNe > viN IFP ()| worp
2 vep vep |2 CURRENT :
8 9 SINK DAC
FBST o>—-——f\—— FBST GND [——
= DIGITAL
32F8001 WORD
VOLTAGE| <
DAC

FIGURE 5: The SSI 32F8001 Setup Schematic Using a Current Sink DAC for Cutoff Frequency Control
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Ssi 32F8011
Programmablé Eléctronic Filter

" December 1892
INTRODUCTION. - . .. The obiechves of thls'appncatiownmware‘

b Analogfiltering isauniversal requ'remem in any slgnal

processing . system. Filter desight is now made:easy v Td present a description of the S$I 32F8011 .
with: the' programmable filters from: Silicon Systems . '
ing; Whethértheréquirementisatixedfilteringcharac- . To dnscuss Fts appycatap ns .
feristic:or a programmable-resporise; this family of , © To-present a typical fixed Fésponse design
programimiable fitters-offers distinct advantaiges of de- e+ TJo p:esent a programmable response appl npation
sign simplicity, ateuracy, versatility and board space ik

saving. ‘Additional features, 'suchi-as high frequency .

boost, differentiated outputs, are also.available. This

application note focuses on the SSI 32F8011, cutoff

frequency programmable from 5 - 13 MHz. -

1VO_NORM+ © ' -
VO_NORM-

GND1 |GND2 |VCC1 |vecC2

| -V = ,
" FIGURE t: Block Diagram
;
c o b 4294938 1 '8.32507" 1o .. 420684 ;168536 | NORM
INPUT - 8% 3.205075+ 294909 | §7+ 2.750398 + 3.32507 "‘ §7+ 1.62081S + 420534 [T 15 + 168588 A [
Lt ‘* . N % -
TIKSE Transfer Funétion:narmalized forw=2nfc=1" o 8 < A |DFF
- - o) — AN and AD are adjusted tor,nmlygaln (0dB)at{=0671c s+ 688381 L [T
§%+9.225075+294933 Frequency scalings =s /2 fc ) ) - -

[EE

FIGURE 2: Thé SSI-32F8011 Tranéfer Function
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32F8011. "
Programmable Electronic Filter
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1.0 DESCRIPTION

The SSI32F8011 is aprogrammable 7-pole Besseilow
pass filter in a silicon bipolar integrated circuit. Figures
1 and 2 show the block diagram and the filter transfer
function.

The SSI32F8011 cutoff frequency and high frequency
boost can be independently controlled by two control
signals. Two sets of filter outputs are available: normal
low pass output and differentiated low pass output. As
a Bessel type filter, the filter outputs exhibit constant
group delay inthe pass band. Furthermore, the delays
throughthe normal output and the differentiated output
are well matched.

The input and dutputs of the SSI 32F8011 are differen-
tial signals, requiring external AC coupling capacitors.
The given transfer function shows the relationship
between the input and the two sets of outputs. The
maximum input signal is 1.5 Vpp differential, with
differential input resistance 4 kQtypical. The minimum
recommended output load is 1 kQ differential, AC
coupled.

1.1 CUTOFF FREQUENCY PROGRAMMING

The cutoff frequency, defined to be the -3dB corner
frequency with no boost, can be programmed between
5 - 13 MHz. It can be set by one of three methods:

« Aresistorcanbeinsentedbetweenthe VR and the
VFP pins. This setting is only used for a fixed
response design. The IFP pin should be left open.
The design equation for this resistor value is:

Rx (kQ) = 11.92/fc (MHz)

A design example is given in Section 4.

= Acurrent source input can be fed into the IFP pin.

The VFP pin should be left open. With a current
source digital-to-analog converter (DAC), such
as the DACF in the SSI 32D4661, this design
allows a microcontroller to change the filter re-
sponse dynamically. To achieve the highest ac-
curacy and temperature stability, the current
source DAC should be referencedto thetempera-
ture compensated reference voltage at the VR

value is: - . : P

.. IFP (mA) =0.0615 x fc (MHz)

~pin. The design equation ‘fbr thls currenr source

A design example is given in Section 4.

« A current sink input can be fed into the IFP pin. A
917Q resistor should be placed across the VR and
the VFP pins. With a current sink DAG, this design
also allows a microcontroller to change the filter
response dynamically. To achieve the highest
accuracy and temperature stability, the.current
sink DAC should be referenced to the temperature
compensated reference voltage atthe VR pin. The
design equation for this current sink value is:

IFP (mA) = 0.0615 x (13 - fc) (MHz)

A design example is given in Section 4.

1.2 HIGH FREQUENCY BOOST CONTROL
The high frequency boost function is especially desir-

~ able for pulse slimming and magnitude equalization

applications. This function can be enabled or disabled
by a TTL logic input at the FBST pin. With FBST = ‘1’
or open, the amount of high frequency boost, mea-
sured atthe cutoff frequency, canbe programmed from
0 to 9 dB at fc by a voltage input at the VBP pin.
External resistors can be designed in for a fixed filter
response. For a programmable high frequency boost,
avoltage DAC, such as the DACS inthe SSI 32D4661
Time Base Generator, can be used to control the VBP
pin. This input voltage should be made proportional to
the reference voltage at the VR pin for accuracy and
temperature stability. The design equatlon for this
control voltage is:

VBP=VR x (10~(FB/20) - 1}/1.884 where FBisindB.
Design example is given in Section 3.

With a finite boost, the magnitude response peaks at a
frequency slightly higher than the original cutoff fre-
quency. The effective pass band bandwidth is wider.

1.3 OTHERFEATURES OF THE SSI 32F8011

The SSI 32F8011 is a 7-pole Bessel type filter. It
features excellent constant group delay. At fc = 13
MHz, the group delay variation from 0.2 fc to fc is less.
than 1ns. Furthermore, the high frequency boost func-
tion does not affect the group delay variation.

n-addition to the normal fow pass output, the SSi

32F8011 also provides a differentiated low pass output
of the input signal. The signal delay is well matched to
the normal output.
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SS1.32F8011
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1.3 OTHER FEA‘WRES OF 5[HE SSI 32F8011.
(continued)

The SSI 32F8011 prowdes a temperature compen—
sated reference umta%:, VR, for the DAC referenges.

Becausethe internialfiligr control circuitry is referenced
to VR, the colgrol éurrent for filter cutoff frequency and

control voltage for high frequency hqost should be
referenced fo VR

The S8 32F801'| can be switched into &'sleep mode,
dissipating only 60 mW, by a TTL input at PWRON. |

Two package options are availabléforthe SS132F8011:
16-lead SOL and 16-lead SON. The small feature size
of the 16-pin SON package offers significant board
space saving.

2.0 APPLICATIONS

A programmable filter is a versatile component in any
signal processing system. Some areas of applications
include fixed response filtering, variable data rate pro-
cessing and adaptive equalization.

For fixed response filtering applications, the SSI
32F8011 offers a simple-to-use solution. The once
complex design of cutofffrequency or magnitude equal-
ization is now rendered to simple resistance calcula-
tion. The narrow 16-pin small outline package offers
significant board space economy.

Invariable data rate | proaggslng, prggrammnle filter
canbe used to optimize 6andmdmgnds|gpalzo-noase
tradeoff. One applicatioris constant deniity recording
for high capacity storage products.-As.the data rate
increases from the inner tracks to the.quter fracks, the
filter cutoff frequency can be scaled accordmgly to
maximize signal-tosnoise performance. The high fre-
quency boost function: provides pulse slimming for
accurate puise detection. .

Programmable filter offers a revolutionary approach to
adaptive equalization. In signal transmission applica-
tions, an equalization filter is used to combat channel
distortion. The magnitude of channel distortion is often
not known a priori. Adaptive equalization can dynami-
cally shape the equalization function. With an appropri-.
ate external adaptive sensing function, the cutoff fre-
quency andthe high frequency boostofthe SS1 32F8011

can be dynamically programrmed mraugh micmpro-
cessor control.

3.0 FIXED RESPONSE DESIGN
PROCEDURE

This section suggests some design gutdelmes to apply.
the SSI 32F8011 as a fixed responie filter. Figure 3;
shows the design schematic. Rx determines thefilter's
cutoff frequency, defined as the -3 dB frequency with:
no boost. The ratio of RB1 and RB2 determines the
amount of high frequency boost.
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FBST &y 8 resT

VO_DIFF
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FIGURE 3: The 32F8011 Setup as a Fixed Response Filter
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3.0 FIXED RESPONSE DESIGN
PROCEDURE (continued)

Given fe, cutoﬂ frequency in MHz, and FB, high fre-
quency boost in dB:

« .Rx can be calculated, as given in Secuon 1.
Rx (k) = 11.92 / fc (MHz)
Voltage across Rx is 0.33 VR. The current through
Rx is 0.33 (VR / Rx).
Rx should be between 917 Q to 2.38 kQ, i.e., fc
between 5 MHz to 13 MHz.

= RB1/RB2 sets FB, and can be determined as
follows:
RB1/RB2=1.884 /(10N FB/20)-1) -1

* Total current drawn out of the VR pin should be

limited to 2 mA max. Thus, RB1 and RB2 should be
designed accordingly.

« The IFP pin should be left open.

4.0 PROGRAMMABLE RESPONSE
DESIGN PROCEDURE

This section suggests some design guidelines to apply
the SSi 32F8011 as a programmabile filter. The high
frequency boost can be controlled by a voltage DAC
driving the VBP pin. The VBP voltage should be be-
tween 0 and VR. The cutoff frequency can be con-
trolled by a current DAC. The application setup for
using a current source DAC is different from the one
using a current sink DAC. Both are presented below.

41 PROGRAMMABLE FILTER USING A CUR-
RENT SOURCE DAC

Figure 4 showsthe setup schematic of the SSI32F8011
using an external current source DAC to control the
filter's cutoff frequency.

o i g
o.o1$:.|1=_T_ _—Lg.?;u:
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cs 5 12
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VINs & VN IFP WORD
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s o SINK DAC
FBST &>\ FBST eND2 ——)
T > = DIGITAL
3F8011 WORD
VOLTAGE
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FIGURE 4: The SSI 32F8011 Setup Schematic Using a Current Source DAC for Cutoff

Frequency Control
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4.1 PROGRAMMABLE FILTER USING A
CURRENT SOURCE DAC (continued)

Some design guidelines:
* The VFP pin should be left open.

» Both the current source DAC and the voltage DAC
should reference to VR for accuracy and tempera-
ture stability.

» The reference bias current drawn from VR should
be less than 2 mA.

« The current source output voltage compliance
should be > 2.0 V.

= The IFP current and the filter cutoff frequency are
related as follows:

fc (MHz) = 16.25 x IFP (mA) x%’%
IFP should be between 0.31 mA to 0.8 mA with
VR=22V.

« The VBP voltage and the high frequency boost are
related as follows:

FB = 20 x log (1.884 x VBP / VR + 1) dB

Application Note

42 PROGRAMMABLE FILTERUSING CURRENT.
SINK DAC

Figure 5 shows the setup schematic of the SSI32F801 1
using an external current sink DAC to control thefilter's
cutoff frequency. The high frequency boost control is
the same as in Section 4.1.
Some design guidelines:

 Rx should be set to 917Q between VR and VFP.

* Boththe current source DAC and the voltage DAC
should reference to VR for accuracy and tempera-
ture stability.

* The total current drawn from VR should be less
than 2mA. This includes the 0.8mA through Rx.
Thus, the current sink DAC and the voltage DAC
reference should not draw more than 1.2 mA.

+ The current sink DAC output voltage compliance
should be between 0.75V to 1.2V.

» The IFP current and the cutoff frequency are
related as follows:

fc (MHz) = 13 - 16.25 x IFP (mA) xg
IFP shouid be between 0 mA to 0.49 mA.
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FIGURE 5: The SSI 32F8011 Setup Schematic Using a Current Sink DAC for Cutoff Frequency Control
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INTRODUCTION

Analog ﬂltering isauniversal requirement inany signal ’

processing system. Filter design is now made easy
with the progranunable filtes from Silicon Systems
Inc. Whetherthe requirermientis a fixed filtering charac-
teristic or a programmable response, this family of
programmable filters offers distinct advantages of de-
sign s‘.implit’.:ityA accuracy, versatility and board space
savings. Additional features, such as high frequency
boost, differentiated outputs, are also available. This
application note focuses on the SS! 32F8020A, cutoff
frequency programmable from 1.5 - 8 MHz.

e

" Octobior 1992
The objectives.of this application note are: -.

* To present a description of the SSI 32F8020A

* To discuss its applications

* To present a typical fixed response design

* To present a programmable response application

FIGURE 1: Block Diagram
1.31708 + 295139 . 537084 0.86133 N NORM
INPUT §241.68495 8 + 1.31703 32+1.54g035+2.95139— §241.14558 S + 5.37034 $+0.86133[ |
1
Ks2 Transfer Funclion normalized for Ww=27nfCc=1 8 A, LDIFF
" . AN and AD are adjusted for unity gam (o dB)atf=0, 67 fc S+0.86133 [ | —
2 , :
§241.68495 S + 1.31703 F,ewcysca,mgs /27 fc .

FIGURE 2: The SSI 32F8020A Transfer Function
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1.0 DESCRIPTION

The SSI 32F8020A is a programmable 7-pole 0.05°
equiripple low pass filter in a silicon bipolar integrated
circuit. Figures 1 and 2 show the block diagram and the
filter transfer function. ‘ )

The SSI 32F8020A cutoff frequency and high fre-
quency boost can be independently controlied by two
control signals. Two sets of fiiter outputs are available:
normal low pass output and differentiated low pass
output. As 2 0.05° equiripple type filter, the filter outputs
exhibit constant group delay beyond its cutoff fre-
quency. Furthermore, the delays through the normal
output and the differentiated output are well matched.

The input and outputs of the SSI 32F8020A are differ-
ential signals, requiring external ac coupling capaci-
tors. The giventransferfunction shows the relationship
between the input and the two sets of outputs. The
maximum input signal is 2.0 Vpp differential. The
differential input resistance is 4 kQ (typ.).

1.1 CUTOFF FREQUENCY CONTROL

The cutoff frequency, defined to be the -3dB corner
frequency with no boost, is programmable from 1.5 - 8
MHz. It can be set by one of three methods:

1) A resistor is connected between Rx and Ground.
The IFO and IFI pins are shorted. This setting is
only used for a fixed response design. The design
equation for this resistor value is:

Rx (kQ) = 10.00 / fc (MHz)
A design example is given in Section 3.

2) A current source input can be fed into the IFI pin.
With a current source digital-to-analog converter
(DAC), such as the DACF in the SSI 32D4661
Time Base Generator, this design allows a
microcontroller to change the filter response dy-
namically. A resistor from Rx to Ground is needed
to establish a bias current on the IFO pin. To
achieve the highest accuracy and temperature
stability, this bias current on the IFO pin is used to
reference the current source DAC. This bias cur-
rent should be set such that the maximum DAC
output current is 0.6 mA at room temperature. The
design equations for Rx and the current source
value are:

R (kQ) = 0.75/ IFO (mA) at T = 27°C .
IFI (MA) = 0.075 x fc (MHz)
A design example is given in Section 4.

3) Acurrentsink input can be fed into the IFI pin. With

a current sink DAC, this design also allows a

microcontroller to change the filter response dy-

namically. To achieve the highest accuracy and

temperature stability, the current sink DAC should
be referenced to the proportional to absolute tem-
perature voltage at the Rx pin, nominally at 750
mV. The DAC maximum sinking current should be
at least 0.49 mA. A resistor from Rx to Ground is
needed. The total current drawn from the Rx pin
needs to be 0.6 mA at roomtemperature. The IFO
and IFl pins are shorted. The design equations for
Rx and this current sink value are:

- Rx (kQ) =0.75/( 0.6 - IDAC Bias ) (mA)
IFI (mA) = 0.60 - 0.075 x fc (MHz)
A design example is given in Section 4.

1.2 HIGH FREQUENCY BOOST CONTROL

The high frequency boost function is especially desir-
able for pulse slimming and magnitude equalization
applications. This function can be enabled or disabled
by a TTL logic input at the FBST pin. With FBST = ‘1’
or open, the amount of high frequency boost, mea-
sured at the cutoff frequency, canbe programmed from
0 to 9 dB by a voltage input at the VBP pin. External
resistors can be used in for a fixed filter response. For
aprogrammable highfrequency boost, a voltage DAC,
such as the DACS inthe SS132D4661, can be used to
controlthe VBP pin. This input voltage should be made
proportional to the reference voltage at the VR pin for
accuracy and temperature stability. The design equa-
tion for this control voltage is:

VBP = VR x (107(FB/20) - 1) / 1.884
where FB is in dB.
Design example is given in Section 3.

With a finite boost, the magnitude response peaks at a
frequency slightly higher than the original cutoff fre-
quency. The effective pass band bandwidth is also
wider.

1.3 OTHER FEATURES OF THE S$SI 32F8020A
The SSI 32F8020A is a 7-pole 0.05° equiripple type

- filter. It features excellent constant group delay. The

group delay variationfrom 0.2 fcto 1.75 fcis lessthan
+2% of the total filter delay. Furthermore, the high
frequency boost function does not affect the group
delay variation.
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In addition to-the:normal low pass output, the SSt
32F8020A also provides a differentiated low pass
output of the input signal. The signal delay is well
maiched to the normat output :

The SSI 32FéogoA provndes a temperature compen-
sated _reference voltage, - VR, and a pgqporuongl 10
absolute temperature voltage, Rx, for thie DAC refer-
ences. Thefilter cutoff frequen(;y should be referenced
to the current at the Rx pin. The high frequency boost
control should be. referenced to the. voltage at the VR
pin.

The SSI 32F8020A can be switched into a sleep mode,
dissipating less than 2.5 mW, by a TTL low level input
at the PWRON pm

Three package options are available for the SSI

32F8020A: 16-pin DIP, 16-pin SOL-and 16-pin SON.
The small feature size of the 16-pin. SON package
offers significant board space saving.

20 APPLICATIONS

A p:orammable filter is a versatile component in any
signal processing system. Some areas of applications
include fixed response filtering, variable data rate pro-
cessing and adaptive equallzaiion L

For fixed response filtering appllcations the SSI
32F8020A offers a simple-to-use solution. The once

complex design of cutofi frequency ormagnitudeequal-
ization is now rendered to simple resistance-calcula-
tions. The narrow 16-pin small outline package offers
significant:board space economy. - .« o .

In varidble data rate processing, & programmable filter
canbe used o bptimize bandwidth ahd signal-to-noise
tradeoff. Orie ‘application is constant dénsily recordifi
for high ‘capacity storage products As the data rate
increases from the inner tracks to the outer tracks, the
filter cutoff: frequency -can be: scaled -accordingly to
maximize signal-to-noise performance: The highfre:
quency boost function prov:des pulse slnmmmg for
accurate pulse detectlon

A programmable filter offers a revolutionary approach
to adaptive equalization. In signal transmission appli-
cations, an equalizationfilteris used to combat channe!
distortion: The maghitude of channel distortioris often
not known a priori. Adaptive equalization can-dynami-
cally shape the equalization function, With an appropri-
ate external adaptive sensing function, the cutofi fre-
quency and the high frequency boost of the SSI
32F8020A can bé dynamically programmed tﬁfough
mfcroprocessor control
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FIGURE 3: The 32F8020A Setup as a Fixed Response Filter -
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3.0 FIXED RESPONSE DESIGN
" PROCEDURE

-This section suggestssome desugn guidelines to apply

the SSI 32F8020A as a fixed response filter. Figure 3
shows the design schematic. Rx determines the filter’s
cutoff frequency, defined as the -3 dB frequency with
no boost. The ratio of RB1 and RB2 determines the
amount of high frequency boost.

Given fc, cutoff frequency in MHz, and FB, high
frequency boostindB: -
* Rx can be calculated, as given in Section 1.
Rx (kQ) = 10.00 / fc (MHz)

Voltage across Rx is 0.75V, and is proportional to
the absolute temperature.

Rx should be between 1.25 kQ 10 6.67 kQ, i.e., fc
between 1.5 MHz to 8 MHz.

* RB1/RB2 sets FB, and can be determined as
follows:

RB1/RB2=1.884/(10"(FB/20)-1) -1

« Total current drawn out of the VR pin should be
limited to 2 mA max. Thus, RB1 and RB2 should be
designed accordingly.

« The IFO and IFI pins are shorted together.k

40 PROGRAMMABLE RESPONSE
DESIGN PROCEDURE

This section suggests some design guidelines to apply
the SSI 32F8020A as a programmable filter. The high
frequency boost can be controlled by a voltage DAC
driving the VBP pin. The VBP voltage should be be-
tween 0 and VR. The cutoff frequency can be con-
trolled by a current DAC. The application setup for
using a current source DAC is different from the one
using a current sink DAC. Both are presented below.

4.1 PROGRAMMABLE FILTER USING A
CURRENT SOURCE DAC

Figure 4 shows the setup schematic of the SSI 32F8020
using an external current source DAC to control the
filter's cutoff frequency.

Some design guidelines:

» The current source DAC should be referenced to
the IFO current. The voltage DAC should refer-
ence to VR.

« The reference bias current drawn from VR should
be less than 2 mA.

» The IFO current biases the current source DAC for
0.6 mA maximum output at room temperature.
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4.1 PROGRAMMABLE FILTER USING A
CURRENT SOURCE DAC (continued)

« The Rx resistor determines the IFO current.

Rx (kQ) = 0.75 / IDAC Bias (MA)

« The current source output voltage compliance
should be between 0 to 2.5V.

« The IFI current and the filter cutoff frequency are
related as follows:

fc (MHz) = 13.33 x IFl (mA)

IF1 should be between 0.11 mA to 0.6 mA at room
temperature.

» The VBP voltage and the high frequency boost are
related as follows:

FB = 20 x log (1.884 x VBP / VR + 1) dB
4.2 PROGRAMMABLE FILTER USING
CURRENT SINK DAC

Figure 5 shows the setup schematic of the SSI32F8020
using an external current sink DAC to control the filter’s

cutoff frequency. The high frequency boost controkis
the same as in Section 4.1.

Some design guidelines:

¢ The current sink DAC should reference to the
voltage at the Rx pin.

The voltage DAC should reference to VR.
 The IFO and IFI pins are shorted.

¢ The total current drawn from VR should be less
than 2 mA.

The total current drawn from the Rx pin should be
0.6 mA.

Rx (kQ) = 0.75/( 0.6 - IDAC Bias ) (MmA)

* The current sink DAC output voltage compliance
should be between 0 to 2.5V.

« The [Flcurrent and the cutoff frequency are related
as follows:

fc (MHz) =8 - 13.33 x IFI (mA)
IFI should be between 0 mA to 0.49 mA.
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FIGURE 5: The SSI 32F8020A Setup Schematic Using a Current Sink DAC for Cutoff
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Programmablé Electronic Filter

SSI 32F803

Application Note

INTRODUCTION

Analog ﬁﬂenng isa universaT réqujremeﬁt ngfnan s:gnal
processing system. ger desugn is, now o"easy
with the progr from’ mﬁb‘n‘ Systems
Inc. Whether the rit is- fixed fittering char-
atteristic or a ,pragi’ able response, this tamily of
programmablemers oﬁérs“dnsﬁnct advantages of de-
sign simplicity, accuracy, versatility and board $pace
savings. Additional features, such as high frequency
boost, differentiated outputs, are aiso available. This
application note focuses on the 8S1:32F8030, cutoff
frequency programmable from 250 kHz - 2.5 MHz.

" Decembet 1662

jus

The opjeqctuves of this application n.Qte are ‘
* .Topresent a desaription of the SSI 32F8030
¢ To discuss its applications -+~ i
*. To present a typical fixed.response design

. * Topresentaprogrammable response application

Y R T i
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FIGURE 1:'Block Diagram
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R Y TITTIeTT AN:and AD are adjysted for unity gain (9,dB) at f.+ 0.67 fc_ S+086133 | "
+1.68495 + 1.31708 Freqitency scafings = s /2 x fc

SRR < FIGURE 2: The'SSI 32F8030 Transfer Function
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1’o DESCRIPTION

The SS!| 32F8030 is a programmable 7-pole 0.05°
Equiripple low pass filter in a silicon bipolar mtegrated
circuit. Figures 1 and 2 show the block diagramandthe
filter transfer function.

The S$SI32F8030 cutoff frequency and high frequency
boost can'be independently controlled by two control
signals. Two sets of filter outputs are available: normal
low pass output and differentiated low pass output. As
a 0.05° Equiripple type filter, the filter outputs exhibit
constant group delay beyond the pass band. Further-
more, the delays through the normal output and the
differentiated output are well matched.

The input and outputs of the SSI 32F8030 are differential
signals, requiring external AC coupling capacitors. The
given transfer function shows the relationship between
the input and the two sets of outputs. - The maximum
input signal is at least 1.0 Vpp differential, with differen-
tial input resistance 4 kQ typical.

1.1 CUTOFF FREQUENCY PROGRAMMING

The cutoff frequency, defined to be the -3 dB corner
frequency with no boost, can be programmed between
250kHz- 2.5 MHz. ltcanbe setby one of three methods:

« Aresistorcanbeinsertedbetweenthe VR and the
VFP pins. This setting is only used for a fixed
response design. The IFP pin shouid be left open.
The design equation for this resistor value is:

Rx (kQ) = 2.292/ fc (MHz) -

A design example is given in Section 4.

* Acurrent source input can be fed into the IFP pin.
The VFP pin should be left open. A current source
digital-to-analog converter (DAC), such as the
DACF inthe SS132D4661 Time Base Generator,
allows a microcontroller to change the filter re-
sponse dynamically. To achieve the highest ac-
curacy and temperature stability, the current
source DAC should be referencedto thetempera-

‘ture compensated reference voltage at the VR
pin. The design equation for this current source

) value i is:

IFP (mA) = 0.320 x fc (MHz):

A désign exampie is given in Section 4. ‘

A current sink input can be fed into the IFP pin. A
917Q resistor should be placed across the VR
and the VFP pins. With a current sink DAC, this
design also allows a microcontrollerto change the
filter response dynamically. To achieve the high-
est accuracy and temperafure stability, the cur-
rent sink DAC should be referenced to the tem-
perature compensated reference voltage at the
. VR pln The design equation for this current sink
value is:

IFP (mA) = 0.320 x (2.5 - fc) (MHz)
A design example is given in Section 4.

1.2 HIGH FREQUENCY BOOST CONTROL

The high frequency boost function is especially desir-
able for pulse slimming and magnitude equalization
applications. This function can be enabled or disabled
by a TTL logic input at the FBST pin. With FBST = ‘1’ or

- open, the amount of high frequency boost measured at

the cutoff frequency can be programmed from 0 to 9 dB
by a voltage input at the VBP pin. External resistors can
be designedin for afixedfilter response. For aprogram-
mable highfrequency boost, avoltage DAC, suchas the
DACS in the SSi 32D4661 Time Base Generator, can
be usedto controlthe VBP pin. This input voltage should
be made proportional to the reference voltage atthe VR
pin for accuracy and temperature stability. The design
equation for this control voltage is:

" VBP=VRx(10MFB/20)-1)/1.884 where FBisindB.

Design example is given in Section 3.

With afinite boost, the magnitude response peaks ata
frequency slightly higher than the original cutoff fre-
quency. The effective pass band bandwidth is wider.

1.3 OTHER FEATURES OF THE SSI 32F8030
The SSI 32F8030 is a 7-pole 0.05° Equiripple filter. It
features excellent constant group delay. The group
delay variationfrom 0.2 fcto fcis less than2%of mean
group delay.-Furthermore, the high frequency boost
function does not affect the group delay variation.

In" addition to the normal low pass output, the SSI

.82F8030 also provides a differentiated low pass output

of the input signal. The signal delay is well matched to
the normal output.
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The SSI 32F8030 provides:a temperature compen-
sated reference voltage, VR, for the: DAG references.
Because the internalfilter control circuitry is referenced
to VR, the control currentfor filter cutoffftequency and
control voltage for h:gh frequency boest 'should be
referericed to VR.

The SSI 32F8030 can be swilclied into a siéep mode,
dissipating < 5 mW, by a TTL input at PWRON.

Three package options are available for the SSI
32F8030: 16-pin DIP, 16-pin SOL and 16-pin SON.
The small feature size -of the 16-pin SON _package
offers significant board space saving.

2.0 APPLICATIONS.

A programmable filter is a versatile component in any
signal processing system. Some areas of applications
include fixed response filtering, variable data rate pro-
cessing and adaptive equalization.

For fixed response filtering applications, the SSI
32F8030 offers a simple-to-use solution. The once
complex design of cutofffrequency or magnitude equal-
ization is now rendered to simple resistance calcula-
tion. The narrow 16-pin small outline package offers
significant board space economy.

Invariable data rate-processing,.a programmable filter
canbe used to optimize bandwidth and signal-to-noise
tradeoff. One application is constant density recording
for high capacity storage products. As the data rate
increases from the inner tracks to the outer tracks, the
filter cutoff frequency can be scaled acco rdingly to
maximize the:signal-to-noise performance:. The high
frequency boost function provides pulse slimming for
accurate-pulse detection.

Programmabile filter offers a revolutionary approach to
adaptive equalization. in signal transmission applica-
tions, an equalization filter is used to combat channel
distortion. The magnitude of channel distortion i is often
not known a priori. Adaptive equalization can dynami-
cally shape the equalization function. With an appropri-
ate external adaptive sensing function, the cutoff fre-
quency andthe highfrequencyboostofthe SSI32F8030
can be dynamically programmed through a migropro-
cessor control. .

3.0 FIXED RESPONSE DESIGN
PROCEDURE :

This section suggestssome desngn gu:dehnes to apply
the SSI 32F8030 as a fixed response filter. Figure 3
shows the design schematic. Rx determines thefilter's
cutoff frequency, defined as the -3 dB frequency with
no boost. The ratio of RB1 and RB2 determines the
amount of high frequency boost.
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FIGURE 3: The 32F8030 Setup as a Fixed Response Filter
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SS1'32F8030
Programmable Electronic:Filter

3.0 FIXED RESPONSE DESIGN
PROCEDURE (continued)

Given fc, cutoff frequency in MHz, and FB, high
frequency boost in dB:

+ Rx can be calculated, as given in Section 1.
Rx (kQ) = 2.292 / fc (MHz)
Voltage across Rx is 0.33 VR. The current through
Rx is 0.33 (VR / Rx).
‘Rx should be-between 917Q to 9.17 kQ, i.e., fc
between 250 kHz to 2.5 MHz.

* RB1/RB2 sets FB, and can be determined as
follows:
RB1/RB2=1.884/(10(FB/20)-1)-1

 Total current drawn out of the VR pin should be
limited to 2 mA max. Thus, RB1 and RB2 should be
designed accordingly.

"« The IFP pin should be left open.

4.0 PROGRAMMABLE RESPONSE
DESIGN PROCEDURE

This section suggests some design guidelines to apply
the SSI 32F8030 as a programmable filter. The high
frequency boost can be controlled by a voltage DAC
driving the VBP pin. The VBP voltage should be be-
tween 0 and VR. The cutoff frequency can be con-
trolled by a current DAC. The application setup for
using a current source DAC is different from the one
using a current sink DAC. Both are presented below.

4.1 PROGRAMMABLE FILTER USING A CUR-
RENT SOURCE DAC

Figure 4 shows the setup schematic of the SSI32F8030
using an external current source DAC to control the
filter's cutoff frequency.
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FIGURE 4: The SSI 32F8030 Setup Schematic Using a Current Source DAC for Cutoff

Frequency Control
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SSI 32F8030
Programmable Electronic Filter

Design guidelines for the SSI 32F8030:
« The VFP pin should be left open.

» Boththe current source DAC and the voitage DAC
should reference to VR for accuracy and tempera-
ture stability.

* The reference bias current drawn from VR should
be less than 2 mA.

= The current source output voitage compliance
should be between 1.3Vto 2.1 V.

« The IFP current and the filter cutoff frequency are
related as follows:

f¢ (MHz) = 3.125 x IFP (mA)
IFP should be between 0.08 mA to 0.8 mA.

« The VBP voltage and the high frequency boost are
related as follows:

FB = 20 x log (1.884 x VBP / VR + 1) dB

4.2 PROGRAMMABLEFILTERUSING CURRENT
SINK DAC
Figure 5 showsthe setup schematic of the SS132F8030
using an external current sink DAC to control thefilter’s
cutoff frequency. The high frequency boost control is
the same as in Section 4.1.
Some design guidelines:
» Rx should be set to 917Q between VR and VFP.
« Boththe current source DAC and the voltage DAC
should reference to VR for accuracy and tempera-
ture stability.
 The total current drawn from VR should be less
than 2 mA. This includes the 0.8 mA through Rx.
Thus, the current sink DAC and the voltage DAC
reference should not draw more than 1.2 mA.
« The current sink DAC output voltage compliance
should be between 0.85V to 1.6V.
» The IFP current and the cutoff frequency are
related as follows:
fc (MHz) = 2.5 - 3.125 x IFP (mA)
IFP should be between 0 mA to 0.72 mA.
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FIGURE 5: The SSI 32F8030 Setup Schematic Using a Current Sink DAC for Cutoff Frequency Control
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Ack- “Acknowledge"character. Atransmissioncontrol
charactér transmitted By a station as an affirmative
response to the station with which a connection has
been set up. An acknowledge character may also be
used as an aocuracy control charadter

ACOUSTIC COUPLER - A type of low-speed modem
interface frequiently used with portablé térriinals. it
send$ and receives data using a conventional téle-
phione handset and does not require an electrical con-
nection to the line.

ADAPTIVE DIFFERENTIAL PULSE CODE MODU-
LATION (ADPCM) - An encoding technique, standard-
ized by the CCITT, that allows an analog voice conver-
sation to be carried within a 32K bps digital channel.
Three or four bits are used to describe each sample,
which represents the difference between two adjacent
samples. Samplirig is done 8,000 times per second

ALGORITHM- Aprescribed setofwell-defmed tulesfor
the solution of a problem in afinite numberof steps; €.9.,
A full statement of an arithmetic procedure for evaluat-
ing sine x to a stated precisuon

AMPLITUDE - Magnitude or size. In waveforms or
s»gnais occuring in a data transmission, a complete
definition of thie waveform can be madeif the voltage
level is known at all times' In this case the voltage level
is called the amplitude.

AMPLITUDE MODULATION - Method of modifying the
amplitude of a sine wave sngnai in order to encode
information.

ANALOG LOOPBACK - A technique used for testing
transmission equipment that isolates faults to the ana-
log signal receiving or transmitting circuitry. Basically,
where a device, such as a modem, echoes back a
received (test) 'sighial that is then cornpared with the
original signal.

ANALOG SIGNAL - Signalinthe formof acontinuously
varying physical quantity suchas voltage whichreflects
variauons m some quanﬁty :

ANSI - American National Standards Institute. A highly
active group affiliated with the International Standards
Organization (1SO) that prepares and establishes stan-
dards for transmission codes {(e.g., ASCII), protocols
(e.g., ADCCP), media (tape and diskette), and high
levellanguages (e.g., Fortran and Cobol), among other
things.

| Glossary

ANSWERBACK - Areply message from aterminal that
verifies that the correct terminal has been ;eached and
that it is operational. - .

APPLICATIONLAYER - Thetopof the seven-layer OS!
model, generally regarded as offering an interface. to,
and largely defined by.;the network usez, in. IBM 'S SNA,
the end-user layer. - -

Ascu 2+ Americgn Standa_ré Code. fe} 'ln_formation Inter-
change. A 7-bit binary code that defines 128 standard
characters for use in data communications.

ASYNCHRONOUS - Occurring without a regular or
predictable time relationship to a specified.event, e.g.,
The transmission of characters one at atime asthey are
keyed. Contrast with synchronous.

ASYNCHRONOUS - TRANSMISSION - Transmission
inwhich eachinformation character, or sometimes each
word or smalt block, is individually synchronized, usu-
ally by the use of start and stop elements. Also called
start-stop or character asynchronous transmission. .

ATTENUATION A decrease in thepomer ofa current
voltage, or power of a received signal in transmission
between points because of loss through lines, equip-
ment or other transmission devices. Usually measured
in decibels.

AUTO-ANSWER - Automatic answering; the capability
of a terminal, modem, computer, or a similar device to
respond to an incoming call on a dial-up telephone line,
and to establish a data connection with a remote device
without operator intervention.

AUTOBAUD - The generally used term for automati-
cally detecting the bit rate of a start/stop (character
asynchronous) communication format by measuring
the length of the start bit of the first character transmit-
ted. Some modems extend this to additionally deter-
mine the parity in use by stipulating that the first two
characters from the DTE should be “AT". The word
autobaud comes from a popular misuse of baud rate to
mean the same as bit rate.

AUTODIAL - Automatic dialing; the capability of a
terminal, modem, computer, or a similar device to place
acall over the switched telephone network, and estab-
lish-a connection without operator intervention..

AUTOMATIC DIALER, OR AUTODIALER - Device
which allows the user to dial preprogrammed numbers
simply by pushing a single button.
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BANDPASS FILTER - A'circuit designied to allow a
single band offrequiencies to pass; neither of the cut-off
frequencies can be zero or infinite.

BANDWIDTH - 1) The range of frequencies that can
passover agiven circuit. The bandwidth determines the
rate atwhichinformation canbetransmitted through the
circuit. The greater the bandwidth, the more information
that can be sent through the circuit in a given amount of
time. 2) Difference, expressed in heriz (Hz), between
the highest and lowest frequencies of a transmission
channel.

BASEBAND - Pertaining or referring to a signal in its
original form and not changed by modulation. A
baseband signal can be analog or digital.

BASEBAND SIGNALING - Transmission of a digital or
analog signal at its original frequencies, i.e., a signal in
its original form, not changed by modulation; can be an
analog or digital signal.

BAUD - A measure of data rate, often misused to
denote bits per second. A baud is equal to the number
of discrete conditions or signal events per second.
There is disagreement over the appropriate use of this
word, sirice at speeds above 2400 bit/s, the baud rate
does not always equal the data rate in bits per second.

BELLCORE - Bell Communications Research; organi-
zation established by the AT&T divestiture, represent-
ing and funded by the BOCs and RBOCs, for the
purposes of establishing telephone network standards
and interfaces; includes much of former Bell Labs.

BERT - Bit Error Rate Test. A test conducted by
transmitting a known, pattern of bits (commonly 63,
511, or 2047 bits in length), comparing the pattern
received with the pattern transmitted, and counting the
number of bits received in error. Also see bit error rate.
‘Contrast with BLERT :

BINARY CODE - Represematlon of quantities expressed
in the base-2 number system.

BINARY SYNCHRONOUS COMMUNICATIONS - A
half-duplex, character-oriented data communications
protocol orig?nated ‘by IBM in 1964. It includes control
characters and protedures for controlling the establish-
mentof avalid connection and the transfer of data. Also
called bisync and BSC. Although still enjoying wide-

Egl usage, it'is being ?ep|aced by IBM's more
efticiént protocol, SDLC.

BIPOLAR- 1) The predominant signaling method used
for digital transmission services, such asDDS and T1,

. ’in yhicl-the signal carrying the binary value success-

 alternates between positive and negative polari-
ties. Zero and one values are represented by the signal
amplitude at either polarity, while no-value “spaces“@g
at zero amplitude. 2) A type of integrated circuit {IC
semiconductor) that uses NPN, PNP, and junction
FET's as the primary active devices, as opposed to
CMOS, which uses MOS FET’s. See Alternate Mark
inversion.

BIT - The smallest unit of information used in data
processing. Itis a contraction of the words “binary digit.”

BIT ERROR RATE (BER) - In data ‘communications
testing, the ratio between the total number of bits
transmitted in a given message and the number of bits
in that message received in error; a measure of the
quality of a data transmission.

BITSPER SECOND (BIT/S) - Basic unit of measure for
serial data transmission capacity; Kbit/s, or kilobits, for
thousands of bits per second; Mbit/s, or megabit/s, for
millions of bits per second, etc.

BOC - Bell Operating Company. One of 22 local tele-
phone companies spun off from AT&T as a result of
divestiture. The 22 operating companies are divided
into seven regions and are held by seven RBHCs
(Regional Bell Holding Company).

BROADBAND - Referring or pertaining to an analog
circuit that provides more bandwidth than a voice grade
telephoneline, i.e., acircuit that operates at a frequency
of 20 kHz or greater. Broadband channels are used for
high-speed voice and data communications, radio and
televisionbroadcasting, some local area data networks,
and many other services. Also called wideband.

BUFFER - A storage medium or device used for holding
one or more blocks of data to compensate for a differ-
enceinrate of dataflow, ortime of occurrence of events,
when transmitting data from one device to another.

BUS - 1) Physical transmission path or channel. Typi-
cally an electrical connection, with one or more conduc-
tors, wherein all attached deviceg receive all transmis-
sions atthe same time. Local network topology, suchas
used in Ethernet and the token bus, where all network
nades listen to all transmissions, selecting certain ones
based on address zdentmcatnon Involves some type of
contention-control mechanism for’ accessing.the bus
transmission medium. In data communications, a net-
work topology in which stations are arranged along a
linear medium (e.g.,.a length of cable).-2) In computer
architecture, a. path over which. mformatnon travels
internally among various components of a, system '

BYTE- Gmup ofbits handled asa Iochalyunuy, usyally 8.
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CABLE - Assembly of one of more conductors within a
protective sheath; constrﬁcted 1o dllow the use of con-
ductors separateiy orin groups ’

CALL PROGRESS DETECTION (CPD) - A technique
for monitoring the connection status during initiation of
a telephone call by detecting presence and/or duty
cycle of call progress signaling tones suchi as dial-tone
of busy signals commonly usedi in me telephone net-
wo?k

CALL PROGRESS TONES - Aud”me signals returned
to the station user by the switching equipment to indi-
cate the status of a call; dial tones and busy signals are
common examples.

CCITT - Comite Consultatif international de Telephonie
et de Telegraphie. Telegraph and Telephone Consul-
tive Committee. An advisory committee to the Interna-
tional Telecommunications Union (ITU) whose recom-
mendations covering telephony and telegraphy have
international influence among telecommunications en-
gineers, manufacturers, and administrators.

CENTRAL OFFICE (CO) - See Exchange

CHANNEL BANK - Equipment typically used in a tele-
phone central office that performs multiplexing of lower
speed, digital channels into a higher speed composite
channel. The channel bank also detects and transmits
signaling information for each channel, and transmits
framing information so that time slots allocated to each
channel can be ndentmed by the receiver.

CHANNEL SERVICE UNIT (CSU) - A component of
customer premises equipment (CPE) usedto terminate
adigital circuit, such as DDS or T1 at the customer site;
performs certain line-conditioning functions, ensures
network compliance per FCC rules and responds to
loopback commands from central office; also, ensures
proper ones density in transimitted bit stream and per-
forms bipolar violation correction.

CHANNEL, VOICE GRADE - Channel suitable for
transmission of speech, analog data, or facsimile, gen-
erally with a frequency range of about 300 to 3000 Hz.

CHARACTER - Letter, figure, number, punctuation, or
other. symbol contained in the mgssage. In data.com-
munication, common characters are deﬁned by 7-or 8-
bit binary codes, such as ASCII.

CHIP - A commonly used term which refers to an
integrated ciruit.

CIRCUIT, TWO-WIRE - A circuitformedby two conduc-
tors insulated fromeachotherthat canbe used as either
a one-way-or{wo-way transm»ssion path

CLOCK - In logic or transmiss:on repetmve preclsely
timed sxgnal usédio comml axynchmndus ﬁ?‘ocess
CMOS - Complementary Metal-Oxide Senuconductor
A type of transistor, typicallly used in lew-power inte~
grated c'rcuns

COAXIN. GABLE CaMe conslstmgz of an ‘outer
conductor surrounding-an innerconductor, withra layer
of insulating material in between. Such cable can carry
a much higher bandwndth than a wire pair.

CPE - Customer Premtses Eqmpment

CROSSPOINT - 1) Swnchmg array element in an
exchange thatican be mechanical or electronic. 2) Two-
state semiconductor switching device having a low
transmission systemimpedance in one state and avery
high one in the other.

CROSSTALK - Interference or an. unwanted. signal
from one transmission. circuit detected on. anemer
usually an adjacent circuit. .

CYCLIC REDUNDANCY CHECK (CRC) - A powerful
error detection technique. Using a polynomial, a series
of two 8-bit block check characters are generated that
represent the entire block of data. The block check
characters areincorporatedinto thetransmissionframe;
then checked at the receiving end.

DATA COMMUNICATIONS EQUIPMENT (DCE) -
Equipment that performs the functions required to.con-
nect data terminal equipment (DTE) to the data circuit.
In a communications link, equipment that is either part
of the network, an access-point to the network, a
network node, or equipment at which a network circuit
terminates; in the case of an RS-232C connection, the
modem is usually regarded as DCE, while the user
device is DTE, or data terminal equipment; in a CCITT
X.25 connection, the network access and packet-
switching node is viewed as the DCE.

DATA LINK - Any serial data communications trans-
mission path; generally between two adjacent nodes or
devices and without any intermediate switching nodes.

DATA SET A synonym for modem used by AT&T and
a few other vendors.

12-85




DATA SERVICE:UNIT:(DSU) - A device'that feplaces
amodemon a Digital Data Service (DDS) line: The data
service unit regeneratesthe digital signalsfor transmis-
s1on over digital facilities.

DATA TERMINAL EWPMENT (DTE) Equtpment
which is attached to a network to send or receive data,
generally end-user devices, such as terminals and
computers, that connect to DCE, which either generate
or receive the data carried by the network; in RS-232C
connections, designation as either DTE or DCE deter-
mines signaling role in handshaking; in‘a CCITT X.25
interface, the device or equipment that manages the
interface at the user premises; see DCE.

dB - Decibel; unit for measuring relative strength of a
signal parameter such as power, voltage, etc. The
number of decibels is twenty times the logarithm (base
10) of the ratio of the power of two signals, or ratio of the
power of one signal to a reference level.

dBm - Decibels relative to one milliwatt.

DDS - 1) Digital Data Service. A digital transmission
service supporting speeds upto 56 Kbit/s. 2) Dataphone
Digital Service. An AT&T leased line service offering
digital transmission at speeds ranging from 2400 to
56 Kbit/s.

DELAY DISTORTION - The change in a signalfrom the
transmitting end to the receiving end resulting from the
tendency of some frequency components within a
channel to take longer to be propagated than others.

DIAL-UP - The process of, or the equipment or facilities
involved in, establishing atemporary connection via the
switched telephone network.

DIAL TONE (DT) - Signal sent to an operator or sub-
scriber indicating that the swutch is ready to receive dial
pulses

DIGITAL - Referring to communications procedures,
techniques, and equipment whereby information is en-
coded as either binary “1” or “0"; the representation of
information in discréte binary form, discontinuous in
time, as opposed to the analog representation of infor-
mation in variable, but continuous, waveforms.

DIGITAL LOOPBACK - A technique for testing the
digital processing circuitry of a communications device.
It may be initiated locally, or remiotely via a telecommu-
nications circuit. The device being tested will echo back
a received test message, after first decoding and then
re-encoding it, the results of which are compared w:th
the original message.

DIGITAL SIGNAL - Discrete or discontinuous signal;
one whose various states are discrete intervals apart.

DIP - Dual-In-Line Package. Method of packagin
tronic components for mounting on printed circuit ‘s;

DISTORTION,- The modification of the waveform or
shape of a sngnal caused by qutslge interference or by
imperfections of the transmission system. Most forms of
distortion are the result of the characteristics of the
transmission system to the different frequency compo-
nents.

DOTTING, DOUBLE DOTTING, PATTERN - The term
“dotting” was coined by Bell to describe a data pattern
consisting of alternate marks and spaces. The CCITT
uses the full description of “alternating binary ones and
zeros” on first needing this idea in a recommendation,
but then abbreviate this to “reversals.” By extrapolation,
“double dotting” has come into use to refer to the data
patterntermed “S1” which is used in V.22bis to indicate
2400bit/s capability. The fulldescriptionis “unscrambled
double dibit 00 and 11 at 1200 bit/s for 100 £ 3 ms.”

DS-1 - Digital Signal level 1; telephony term describing
adigitaltransmission format in which 24 voice channels
are multiplexed into one 1.544 Mbit/s (U.S.) T1 digital
channel.

DS-3 - Digital Signal level 3; telephony term describing
the 44.736 Mbit/s digital signal carried on a T3 facility.

DTMF - Dualtone Multifrequency (DTMF) - Basis for
operation of most push button telephone sets. An in-
band signalling technique in which a matrix combination
of two frequencies, each from a group of four, are used
to transmit numerical address information; it encodes
16 possible combinations of tone pairs using two groups
of four tones each. The two groups of four frequencies
are 697 Hz, 770 Hz, 852 Hz, and 941 Hz, and 1209 Hz,
1336 Hz, 1477 Hz, and 1633 Hz. DTMF is used primary
for call initiation in GSTN telephone applications.

ECHO - The distortion created when a transmitted
signal is reflected back to the originating station.

ECHO CANCELLER - A devise used to reduce or
eliminate echo. it operates by placing a signal that is
equal and opposite to the echo signal on the return
transmission path.

ECHO SUPPRESSOR - A mechanism used to sup-
press echoes on long-distance analog connections.
The devicé suppresses the transmission path opposite
indirectiontothe one being used. Thisfeature, although
necessary for voice transmission, often interferes with
data transmission.
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EIA - Electronic Industries Association

EIA INTERFACE, EIA232D, RS 232C - The idgical,
electrical and physical: charagterastlcs of the connegtion
between a DTE and a modem is set out in EIA specifi-
cation232D. Prewouswhlshasbeertknqwna;XsR$232(:
The logical characteristics. are eesentrally simjlar to
those specifiedinCCJTT reoommendataonv 24andthe
electrical characteristics to those in V.28, . . ,
ELECTROMAGNETIC INTERFERENCE . (EMI). -
Radiation leakage outside.a transmission medium that
results mainly from the use .of high-frequency wave
energy and signal modulation. EMI can, l;e reduced by
appropriate shielding.

EM - See Electromagnetic Interference.

ENVELOPE DELAY - An analog line impairment
involving a variation of signal delay with frequency
across the data channel bandwidth.

EQUALIZATION - The introduction of components to
an analog circuit by a modem to compensate for the
attenuation (signal loss) variation and delay dasté”mdn
with frequency (attenuation equalization) and; proﬁga»
tion time variations withfrequency (delay equalization).
Generally, the higher the: transnnsston rate, thegreater
the need for equallzatlon X ~

ERROR - In data oommumcatqons, any unwanted
change in the original contents of a transmission.

ERROR BURST - A concentration of errors within:a
short period of time as compared with the average
incidence of -errors. Retransmission is'the normal cor-
rection procedure in the:event of an error burst. -

ERROR CONTROL - A process of handling errors,
which includes the detecfion and in some cases, the
correction of errors.

EXCHANGE - Assembly of equipment ina comniunica-
tions system that controls the connection of incoming
and outgoing linés, and includes the necessary signal-
irig-and supervisory functions. Different exchanges, or
switches; can be costed to periorm different functions,
ég., Localexchange, trunk exchange, etc. See Classof
Exchange: Also known:as Central Office (Ust Term).

EXCHANGE, PRIVATE AUTOMATIC BRANCH
(PABX) - ‘Private. automatic telephone exchange that
provides for the switching of calls internally and to and
from the public telephone network.

EXCHANGE, PRIVATE BRANCH (PBX) Pri\rate,
mariuélly-operated telephone exchange that:provides
private telephone service to an organization and that

aliows ‘calls to. be transmitted to or fromv the 'public
telephone network. i poEel s ™ ,
I

EXCHANGE ABE-A Area comammg subscnbers
served by a local exchange. -

FILTER - Circuit designed to transmit signals gj fre-
quencies within one or more frequency bands ahd to
attenuate sugnals of other frequencles

EIBMWARE Permanem or eemi-peemanem mntrol
coding implemented at a micro-instruction level for an
application program; instruction'set; operating routme,
oe srmrlar user-oriented tunonen. : )

[ SMEERSS 1 S AR g LTI B ’

me CONTROL . The use of: buftemng andgother
mechanisms, such as controlsthatturnadevice on and
off, to prevent data loss durmg transmission.

muaqwme CIRCUIT QR,GHANNEL A clrcmt con-
taining two pairs of wire (or their logical equivalent) for
simultaneous (i.e., full-duplex) two-way transmlss:on
Contrast with two-wire-channel. : Do

FRAME - 1) A group of bits sent serially over a cojtimu-
nications channel; generally a logical transmissiop.unit
sent between data-link-layer entities that contain its
owncontrolinformationfor addréssing arid etvor check-
ing. 2) A piece of equipment in-a cornmon carrieroffice
where physrcal oross connectlons are made between

L o
FRAMING Control procedure used wnh mumptexed
digital channels such as T1 carriers, whereby bits are
inserted so the receiver ‘¢an identify the time slots
allocated fo each subchannel. Framiing bits caw also
carry alarm signals indicating specific alarmconditions.

FREQUENCY - Rate at which an event occurs, mea-
sured in-hentz; kilohertz, megahertz,-étc.-

FREQUENCY BANDs Frequency bands are defmed
arbitrarily ds follows: !

Name

Range (MHz)

0.03-0.3 Low frequency (LF)

0:3-3.0 Medium frequéncy (MF) S
“3¥80 - - High frequency (HF) - v

30-300 ‘Very High frequency (VHF) .=~

300-3000 Ultra high frequency (UHF)

3000-30,000  Super highfrequency (SHF) {micro

wave)
30,000-300,000 Extremely high
{EHF)(millimeterwave)

frequency
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FSK - Frequendy Shift Keying::Amethod of-modulation
that uses two different frequencies, usually phase
continous, to distinguish between a mark (digital 1) and
a'space (digital 0): when transmitting ori.an analog line:
Used in modems operating at 1200 bit/s or slower. - -

FULL-DUPLEX - Pertaining to the capability to@end
and receive simultaneously.

GAIN-Denotes anincreasein signal power intransmis-
sionfromone point to another, usuaily expressed indB.

GUARD TONE - In.CCITT recommendations V.22 and
V.22bis, guard tones may optionally. be transmitted
along with the data signal from the answering modem.
A single frequency of either 1800 or 550 Hz is used and
the data sighal power must be reduced to keep the
overall energy level the same as for transmission with-
out guard tone. The purpose of the guard tone is to
prevent the high-band data signal from interfering with
the operation of billing apparatus in certain countries.

GSTN - General Switched Telephone Network

HALF-DUPLEX - Pertaining to the capability-to. send
and receive but not simultaneously.

HANDSHAKE - An exchange of control sequences
between two locations to set up the correct parameters
for transmission.

HDLC High-level Data Link Control. Brt-onented com-
munication protocol developed by the ISO (lmerna—
tionai Standards Organization).

HARMONIC DISTORTION - A waveform- distortion,
usually caused by the nonlinear frequency response of
a transmnssron

HERTZ(Hz) Ameasureofelectromagnetrcfrequency,
one hertz is equal to one cycle per second.

HF - High Frequency

HIGH FREQUENCY (HF) - Portion of the electromag-
netic spectrum, typically used in short-wave radio appli-
cations. Frequencres inthe3to 30 MHz range.

Hz - See Hertz

) Y S T T S
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IEEE - Institute of Eléctrical and Electronics Engineers.

INITIALIZE - To set counters; switches, addressés, or
contentsofstorage to zero ordther starting values atthe
beginning of, ot at prescnbed points i, the operation of
a computer routine.

INTERFACE'"- A hardware and/or software link between
two devices. The interface 'defines all signal character-
istics and other specifications for physical interconnec-
tion of the devices.

INTEROFFICE TRUNK - Direct trunk between local
central offices (Class 5 offices), or between Class 2, 3,
or 4 offices; also called intertoll trunk.

ISO - International Organization for Standardization.

ITU - International Telecommunications Union. The
parent organization of the CCITT.

H

JITTER - Slight movement of a transmission signal in
time or phase that can introduce errors and loss of
synchronization for high-speed synchronous communi-
cations.-See Phase jitter. ‘

KEY PULSING (KP) - Manual method of sending
numerical and other signals by the operation of
nonlocking pushkeys. Also called Key Sending.

KEY SERVICE UNIT (KSU) - Main operating unit of a
key telephone system.

KEY TELEPHONE SYSTEM (KTS) - When more than
onetelephone line per setis required, pushbuttonorkey
telephone systems offer flexibility and a wide variety of
uses, e.9., pickup of several exchange lines, PABX
station lines, private lines, and intercommunicating
lines. Features of the system include pickup and hoid-
ing intercommunications, visual-and audible signals,
cutoff exclusmn and srgnalmg

KP Key Pulse (srgnajmg unlockmg srgnal) See Key
Pulsing.

kHz Kllohertz kllocycles per second

KTU Key Telephone Umt See Key ServmeUmt

v . ¢
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LEASED LINE - A-line rented exclusively 10 one iss-
tomer for vbice or ‘data communications; dedicated
circuit, typlcally supplied by the telephone company or
trangiiission-atithority, that permanently coniiects tiwo
or-tfibre User locatiofis and is for the sole use of the
stibseriber.-Such circuits are generally voice grade in
capacity and- if range:of frequeficies supported, are
typically analog, are usedforvoice ordata, canbe point-
to-poinit, or multipéint;and ean b enharced withtine
conditioning. Also called private line, tigline, or dedi:
cated laclllly

el ey Mmoo

LEB l*.lght»Emimng onde P
LlGHT-lEMWTING DIGDE (LED) - Semlcondueﬁor
junction diode that emits radiant energy and is used as
a light sburce for fiber optic- communications, pa?ﬁcu-
Iarly for short-haul links.

LIMITED-DISTANCE MODEM - A short-haul modem
or line driver that operates over a limited distance.
Some "limited-distance ‘modems -operate ‘at ‘higher
spéeds thantoddms that are designed for use over
analogteleplione’ laoumres slme linig: condiﬁonscan be
better controlled.«*

LINEHIT- Atransiéntdisturbarice cauémg adetectable
error on u oomhmunieatlons lme ‘

LlNE~LOADlNG Tﬁ‘eprocessoﬁnslalﬁngload’ngooi&
in series with'each:conductor on a tfansmission line.
Usually 88 mlllll-lenry OOIIS mstalled at 6,000 foot inter-
vals

LINK-1) A ph)"sieal circuit between two points. 2) A
logical circuit between two users of a packet switched
(or other) network permitting them to communicate
(although diflerem physical paths may be used).

LINK LAYEH The logical entity-in the OSI model
concerned with transmission of data between adjacént
network nodes. It is the second'layer processing in the
08l moelel beiween the phySical and tlle nenuork
layers.

LOADING COILS - An inductance coll installed at
regular intervals along ‘a transmission line. Used 'to
lnlere the qualrly of volce grade cimunts i

‘I.OGM. EXCHANGE Exdhange in whldh subScnbers
lines terminate. The exdhange has dccess to' other
exchanges and to national trunk networks. Also called
local central office, end office.

LOCAL LOOP - The part of a commudications circuit
between the subscriber's:equipment and-the e”qmp,
ment in the local exchange.

LOCAL ’l‘RuNK Tmnks between local exchanges
LOSS (TRANSMISSION)- Datense! in energyof sig-
nal power in transmission-along & circuit' due to"the

resnstarrce or lmpedance of the cireuit or equ’pmem i
MARK - The signal (commumcatnons channel egate)
corresponding to a binary one. The marking congdition
exists when current flows (current-loop channgl)or

when the voltage is more negalwe than -3 volts (ElA
Rs-zez cﬁannel)

MATRIX In switch technology, that ‘portion of the
switch architecture where input leads and output leads
meet, any pair of which may be connected to establish
a through circuit. Also called switching matrix.

Mblt/s Megablts per second

MEGAHERTZ (Ml-lz) -A unlt of frequency equal to one
million cycles per second. by
MF - 1) Medium Frequency. 2) Multifrequency. See
Dualténe Multlfrequency Slgnallng (DTMF). ’

MODEM - ‘A contraction of modulate and demodulate;
a conversion device'installed in pairs at each end of an
analog communications lirie. The modem at the trans-
mitting end modulates digital signals received locally
froma computérorterminal;the modematthe receiving
end demodulates the incoming signal, converting it
back to its original (i.e., digital) format, and passes it lo
lhe destmaﬂon busmess maohme ~

MODULATION - The application of information onto a
carrier signal by varying one or more of the signal's
basic characteristics (frequenicy, amplitude, or phase);
the conversion of a slgnal fromits orlg‘nal (e g., d’gltal)
format to analog formal

MODULATlON PULSE COIFE (PCM) Dlgltél trans
mission:technigue that involves sampling of an analog
information signal at regular time intervals and toding
the measured amplitude value into a series of binary
values, which are transmitted by modulationofa pulsed
or intermitfent, carrier. A'common method of speéch
digitizing using 8-bit code words, of samples, ahd-a
sampling rate of 8 kHz.

Ms - Millisecond. One-thousandth of a second.
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MULTIPLEXER ;- Device that-enables mote thanone
signal to:be-sent: snmukaneou&ty ever one phyaical
channel. e

MULTIPLEXING - Divisionof atransmissiondacility into
two or more channels either by splitting the frequency
band transmitted by the.channel into narrower bands,
each of which-isrused 16. constitute a distinct channel
(frequenay-division. muitiplex), or by-allotting this com-
mon channel to several different information channels,
one at a time (time-division multiplexing).

MUX See Multiplexer.

NAK - “Negative acknowledge” character. A transmis-
sion control character that indicates a block of data was
received incorrectly.

NOISE - Undeeirable' enefgy inacommunications path,
which interferes with the reception.or processing of a
signal.

Ns - Nanosecond; also nsec. One-billionth of a second.
OFF HOOK - By analogy with the normal household
telephone, a modem is off-hook when it is using the
telephone line to make a call. This is similar to raising

the telephone handset, or taking it off the hook. Going
off-hook is also known as “seizing the line.”

ON-HOOK - By analogy with the normal household
telephone, a modem is on-hook when it.is not using the
telephone line. As with a telephone where the handset
is on the hook, the line may be used by other equipment
to make a call. Gomg on-hook is also known as “drop~
ping the line.” ; ;

OSI - Open Systems Interconnection. Refernng to the
~reterence model, OS| is a logical structure for network
operations standardized within the ISQ; a seven-layer
network architecture being used for the definition of
network protocol standards to enable any OSi-compat-
ible computer or device to communicate with any other
OSl-compliant computer or device for a meaningful
exchange of, information : ; ,

OVERFLOW Excess traffic on a pamcular route,
whieh is offered to another (alternate) route. - ‘

Loogtvnast

PABX - Private Automatic Branch Exchange. See
Exchange, Private Autematic Branch (PABX).

PACKET - A group of binary digitsfinqléding data.and
call control signals that .is switched-as a-composite
whole. The data, call-control signals, and error control
information are arranged in a specified format.

PB.X anate Branch Exchange See Exchange
Private Branch. i .

PHASE JITTER - In telephony, the measurement, in
degrees out of phase, that an analog signal deviates
from the referenced phase of the main data-carrying
signal. Often caused by aiternating current components
in a telecommunications network; or: a random distor-
tion of signal lengths caused by the rapid fluctuation of
the frequency of the transmitted signal. Phase jitter
interferes with mterpretatvon of information by changing
the timing. .

PHASE MODULATION - One of three ways of modify-
ing-a sine wave signal to make it carry information. The
sine wave or “carrier” has its phase changed in accor-
dance with the information to be transmitted.

PROPAGATION DELAY - The period betweenthe time
when a signal is placed on. a circuit and when it is
recognized and acknowledged at the other end. Propa-
gation delay is of great importance in satellite channeis
because of the great distances invoived.

PROTOCOL - A set of procedures for establishing and
controlling communications. Examples include BSC,
SDLC X.25, V.42, V.42bis, MNP, V.22bis handshake,
etc

PSK - Phase Shift Keying. A method of modulation that
uses the differences in phase angle between two sym-
bols to encode information. A reference oscillator deter-
mines the phase angle change of the incoming signal,
which in turn determines which bit .or dibit is being
transmitted. DRSK (Differential Phase Shift Keying) isa
variation of PSK which changes the phase relative to
the prevuous phase.

PULSE CODE MODULATION (PCM) A method of
transmitting information by varying the characteristics
of a sequence of pulses, in terms of amplitude, duration,
phase, ornumber, Usedto convert ananalog slgnqhnto
adngltal bit streamfor transmnssnon R

AP
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REGENERATIVE REPEATER - 1) Repeater utifized in
telegraph applications to retime and retransmit the
received signal impulses and restore them to their
otiginatstrength. Theserepeatersarespeed andcode-
sensitive and are intendéd for use with standard tele-

aPh speeds and codes. 2) Repeater used in PCM or
digital circuits which detects, retnmes, arid reconstructs
the bits transmmed

REGENERATOR- Eqmpmentfhattaﬁsadngntalsfgnal
that has been digtorted by transmission and pfoduces
from it a new signal in ‘which the-shape, timing, ‘and
amplitude ofthe pulses are that same as thoseof the
original before distortion.

REPEATER- 1) Inanalog transmission, equipmentthat
receives a pulse train, amplifies it and retimes it for
retransmission. 2) In digital transmission, equipment
that receives a pulse train, reconstructs it, retimes i,
and often then amplifies the signal for retransmission.
3) In fiber optics, a device that decodes a low-power
light signal, converts it to electrical energy, and then
retransmitsitviaanLED or Iaser-generatmg Ilghi source.
See.also Regenerative Repea:er o

REVERSECHANNEL Asimultaneouslowspeeddala
path in the reverse direction over a half-duplex facility.
Normally, it is used for positive/negative
acknowledgements of previously received data blocks.

RINGER EQUIVALENCE NUMBER - This is a number
that the FCC assigns to approved telecom equipment
that measures how much load it places on the network
during ringing. In the U.S.A., you can connect tele-
phones, modems, FAX machines etc. In parallel fo the
same telephone line only as long as the sum of their
ringer equivalence numbers is less than five. Most
countries have a similar regulating system in force,
althoughthe methods used to arrive at the number vary
widely. .

RINGING SIGNAL - Any AC or DC signal transmitted
over a line or trunk for the purpose of alerting a party at
the distant end of an incoming call. The signai can
operate a visual or sound-producing device.

RINGING TONE - Tone received by the calling tele-
phoneindicatingthat the called telephone is being fung.
Also called Ringback.

L R PR S
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SCRAMBLER/DESCRAMBLER - A scrambler func-
tionuses a defined method{6r modifying a data stream,
in order to make the altered data stream ‘appear ran-
dom. A descrambler reverses the effect of the Scram-
bler using the previously defined method to recover the
original data stream. Most often used for datd"encryp-
tion, or to-avoid transmitting repétitive data pattersthat
can adversely affect data recovery in Modems and
otHer data transrmsslon equrpmewf . A

SDLc Synchrsnous Data Link COntrol IBM blt ori-
ented protocol providing for half-duplex transmission;
associated with IBM’s System Network Archi?eéture
(SNA). !

SHIELDED PAIR - Two insulated wires in-a cable
wrapped with metallic braidor foil to prevent interfer-
ence and provide noise-free transmission.

SIGNAL-TO-NOISE RATIO - The relative power of a
signal as compared to the power of noise on a line. As
the ratio decreases, itbecomas friore: diiﬁcult to distm-
guish between information and Mteﬁeren‘ée

SIMPLEX - Pertaining to the capabllity to movemone
directiononly. Contrast with half-duplex andfull-dmpteﬁ

SIGNALING - Process by which a caller or equment
on the transmntmg end of a line informs a parncular,‘
party or gguipment atthe recewmg enhd that a message
is to be communicated.

SPACE - Opposite signal oondition to a “mark.” The
signal (communications channnel state) corresponding
to abinary zero. In an EIA RS-232 channel, the spacing
condition exists when the voitage is more positive than
+3 volts.

ST - Start (signal to indicate end of outpulsmg)

START-STOP (SIGNALING) - Signaling in which each
group of code elements corresponding to a character is
preceded by a sfart signal that serves to prepare the
receiving mechanism for the reception arid registration
of character, and is followed by a stop signaithat serves
to bring the receiving mechanism to rest it préparation
for the reception of the next character. Also knuwn as
asynchronous transmission

STOP-BIT - In asynchronous transmission, the qtnes-
cent state following the transmission of a character;
usually 1-, or 2-bit times long.
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STOP ELEMENT - Last bit of a character in asyrichigs
nous serial transmission, used to ensure recognition ofl
the next stant element

SUBSORIBER LINE - Telepnone line oonnecung the
exchange to the subscriber's station. Also called
(U.S.term) access line and subscriber loop.

SYNCHRONOUS - Having a constant time interval
between successive bits, characters, or events. Syn-
chronous transmission doesntuse non-information bits
(such as the start and stop bits in asynchronous trans-
mission) to identify the beginning and end or characters,
and thus is faster.and more efficientthan asynchronous
transmission. The timing is achieved by transmitting
sync. characters prior to data or by extracting timing
information from the carrier or reference.

SYNCHRONOUS NETWORK - Network in which all
the communications links are synchronized to a com-
mon clock.

SYNCHRONOUS TRANSMISSION - Transmission
process where the information and control characters
are sent atregular, clocked intervals sothatthe sending
and receiving terminals are operating continuously in
step with each other.

T-CARRIER - A time-division multiplexed, digital trans-
mission facility, operating at an aggregate data rate of
1.544 Mbit/s and above. T-carrier is a PCM system
using 64 Kbit/s for a voice channel.

T1 - Adigital facility used to transmit a DS-1 formatted
digital signal at 1.544 Mbit/s; the equivalent of 24 voice
channels.

T1C/T2/T3/T4 - Digital carrier facilities used to transmit
signals at 3.152M, 6.312M, 44.736M, 274.176 Mbit/s,
respectively.

T3 - A digital carrier facility used to trarismit a DS-3
formatted digital carrier signal at 44.736 Mbit/s; the
equivalent of 672 voice channels.

TOUCH-TONE An AT&T trademark ior dualtone mul-
tifrequency sngnalmg equipment. Use of tones simpli-
fies the switching system design and. greatly expands
the potential for adding features to telephone systems.
it algo speeds up the dialing operation for,a person

‘making a call.

TRANSCEIVER - Device that ¢an transmit and receive
traffic.

e

TRUNK - Transmission pathsthat are usedto intgreon-
nect exchanges in the main telephone network; Two
switching centers, or a switching center and a distribu-
tion point, such as a felephone exchange line that
terminates in a PABX network.

TTL - Transistor-Transistor Lognc Digital logic famlly
having common electrical characteristics.

TURNAROUND TIME - The time required to reverse
the direction of transmission, e.g; to change from re-
ceive mode to transmit mode in order to acknowiedge
on a half-duplex line. When individual blocks are ac-
knowledged, as is required in certain protocols (e.g.,
IBM BSC) the turnaround time has a major effect on
throughput, particularly if the propagation delay is
lengthy, such as on a satellite channel.

TWO-WIRE CIRCUIT - Circuit formed of two conduc-
tors insulated from each other, providing a send and
return path. Signals may pass in one or both directions.

VIDEOTEX - Aninteractive data communications appli-
cation designed to allow unsophisticated users to
converse with remote databases, enter data for trans-
actions, and retrieve textual and graphics information
for display on subscriber television sets or low-cost
terminals.

VSLI - Very Large Scale Integration.

V SERIES RECOMMENDATIONS -

(CCITT V.xx Standards)

Also see Voiceband Modem Standards chart on
page 9-12.

V.1 - Definitions of key terms for binary symbol notation,
such as binary 0 = space, binary 1 = mark.

vV.2(1)- Speciﬂcatnon of power levelsfordatatransnus-
sion over telephone line.

Va4- Defihition of the order of bit tranemiséion, the use
of d parity bit, and the use of start/stop bits for asynchro-
nous transmission. '

V.5 - Specification of data-signaling rates (bit/s) for
synchronous transmission in the switched telephone
network.

V.6 - Specification of data signaling rates (bit/s) for
synchronous transmission on leased telephone cir-
cuits.

V.7 - Definitions of other key terms used in the V-series
recommendations.
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V.10 - Description of an unbalanced physical level ..V.32-Qperating at 9.6 Kbit/s, encodes four consecutive

interchange circuit (unbalanced means orie active wire

betweentransmitter and receiver withground providing

the return).

" V.11 - Déscription of a balanced. physical level inter-

change circuit (balanced means two wires between the -
transmittér and receiver with both wires’ signals con-
stant with respect to Earth).

V.15 - Description of use of acoustuc couplers for data
tfansmissim

V.16- Dascr'puon of the transmission of ECG (eiectro-
cardiogram) signals on the telephone channel.

V.19 - Description of one-way parallel transmission
modems using push-button telephone sets.

V.20 - Description of one-way parallel transmission
modems, excluding push-button telephone sets.

V.22 - Operating at 1.2 Kbit/s, encodes two consecutive
bit (dibits); the dibits are encoded as a change relative
to the previous signal element.

V:22bis - Operating at 2.4 Kbit/s, encodes four con-

secutive bits (quadbits); the first two bits are encoded

relative to tive quadrant of the previous signal element,
the last two bits are associated with the point in new
quadrant.

V.24 - Definitionof fhe interchange cireuit pins between
DTEs (data terminal equipment) and DCEs (data cir-
cuit-terminating equipment). .

V.25 - (2) - Specifications for automatic-answering
equipment.

V.25bis - (2) - Specifications for automatic-answering
equipment.

V.28 - Description of unbalanced interchange circuits
operating below 20 Kbit/s. '

vV.29- Opefatmg at9.6Kbit/s, encodes four consecutive
bits (quadbits); the first bit determines the amplitude,
the last three bits use the encoding scheme of V.27.

V.29 -Operating at4.8 Kbitfs, encodes two consecutive
bits (dibits); amplitude is constant and phase changes
are the same as V.26.

V.31 - Description of low-speed interchange circuits (up

- to 75 Bit/s).

V.31bis - Description of low-speed interchange circuits
(up to 1.2 Kbit/s).

“Bits (quadbits); the bits are mapped to a QAM signal.

V.32- Opéiaﬁng at 9.6 Kbit/s with Trellis-coded modu-
ladtion (TCM), encodes four consecutive bits, two_ of
which are used to generme a fith bit; the bits are
mapped to a QAM signal.

V.32-Operating at 4.8 Kbit/s, encodes two consecutive
bits (dibits), which are mapped to a QAM signal.

V.42 - Defines a method of error control .
\'; 42bls Defines a method of data compression ;"

Note: In the United States, EIA RS-496 specifies these
measurements and RS-366 specifies these procedures.

VOICE-GRADE CHANNEL - a channel with a fre-
quency range from 300 to 3000 Hz and suitable for the
transmission of speech, data, or facsimile.

.

WORD - A group of bits handled as a logical unit;
usually 18..-
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“ " Volceband Modem Standards
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EEc

"CCIT | Data | Full-or | Ghannel Carrier lation | Modulation Bie smmonnu- Back as-m Leased Equllluﬂon &mmur
Standaid | “Aate  Hall- Separation | Frequéncy : * Rite Encoded Channel Lines
;| (BiYe) | Duplex  [.. . L Hg), L . (Bayd) Aunmonous
Frequency Phase Polnt-to-Point
v.22 1200 Full Divion, | 1200, & 2400 Shit 600 211 Either ND | Yes iy Fixed Yes
: Quadrature-
Frequency . Point-to-Point Fixed/
v.2zbls | 2400 Full Dvision! | 1200, & 2400 m 600 4 Either ND | Yes 2Wirs . | - Adsptie Yes
'v2s | 600 (1) Hait N/A 1300, & 1700 M"fa’g’n 600 NA Either Yes | Yes No N ND
: . E Phase Point-tg-Point
v.2s 2400 Full 4-Wire 1800 ot 1200 21 Synchronous | Yes | No | Multipoint ND ND
. 4-Wire
, D A el
V.26bls 1200 Half Fixed ND
v.aeter | 1200 Either Either Yes
? g ?;_jg i ‘fx» 5\5 ‘ E T 5 i
Vs 4800 Either " 1600 3:1 Synchronous Yes No 24.“,,','"; Adaptive Yes
| ! i £ g
i i AP, o d ﬁ .
V.27ter 4800 Malf None ";ﬁ 1800 311 Synchronous | Yes | Yes No Adaptive Yes
. ot o A i 3
uadrature- .
v.2e 9600 Either 4-Wire 1700 ‘Amplitude 2400 41 Synchronous | No No P““:_*x;,’:""“ Adaptive Yes
o ,{;& AL A W e
Phase Point-to-Point
V.29 4800 Either 4-Wire Shift (5) 2400 2 No 4-Wire Adaptive Yes
. e )
i : S e
Quadrature-
Full Echo Point-to-Point
vabls | 14400 | oo | ancoliation 1800 Ampll;?:" 2400 41 Synchronous | ND | Yes Vire Adaptive Yes
: .
Quadrature-
int
v.a2 4800 T P O B Angitude | 2400 21 | Synchronous | ND | Yes Pointto Po  Acaptive Yes
Bell (U.S) Standard
201 | 2400 Half None 1800 Fhase 1200 21 | syhwonous | No | ves |FOmlPoitd " auepne Yes
Quadrature- R i N N .
208 | 4s00 Half Nore - 1800 ‘Ampiitude 1600 31 | Synchronous | No | Yes P“’gj‘v';i‘:’"“ Adaptive | Yes
Modutation :
1. Bit/s not used in specification; rate stated in baud 4. For half-duplex, 2-wiré used
L
2. Half-duplex may stili use a backward channel 5. Amplitude is constant on a relative basis
3. Makes no mention of 4-wire (must be assumed) ND = Not defined (i.e., not spacified in the recommendation)

T B <
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