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1. INTRODUCTION - PL high pass filter

1.1 OVERVIEW

This document describes the operation of the Secure ca-
pable Station Control Board (SSCB). The SSCB has been
designed for use in the Digital MSF5000 repeater/base
station. The kit number of the SSCB depends upon the
frequency band of the station in which the SSCB is used :

TLN3043A - UHF
TLN3059A - VHF
TLN3090A - 800

The SSCB is housed in the control tray attached to the top
of the RF tray. The SSCB is compatible with the Trunked
Tone Remote Control (TTRC) board (TLN3114A,
TLN3112A) as well as the optional secure module
(TLN3045A). The SSCB also maintains compatibility with
all existing optional expansion modules which can be
housed in an expansion tray attached to the top of the con-
trol tray.

12 SSCB FUNCTIONS

The following list briefly outlines the functions of the
SSCB. The specific circuit functionality is described in de-
tail in the next section.

® Control frequency synthesizers in RF tray

- Drive address and data for transmit and two re
ceive synthesizers.

- Drive Tx Strobe, Rx1 Strobe, and Rx2 Strobe
- Drive front panel RX LOCK LED
® Process receiver audio

- Quad Audio buffering (for 2 receivers and diver
sity audio)

- Flutter Fighter (and clip level set)

—
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Rx audio level adjustment

De-emphasise

Expansion

® Process transmit audio

Compression

Pre-emphasis
IDC limiting

!

Splatter filtering

Deviation level adjustment

e Amplify select audio for local handset

Audio routing (gating and summing)
e Squelch

- Audio and repeater carrier squelch detect (and
threshold set)

- PL and DPL coded squelch encoding (including
reverse burst/turn off code)

- PL and DPL coded squelch detect

- Connect/disconnect tone decode (incl. Mute
monitoring for holdoff function)

- Connect/disconnect tone encode
® Alarms/auto-station ID
e Data Communications (read/write)
- IPCB
- MUXbus (drive data strobe and address)
- High Speed Ring (drive HSR CLK and SYN)
- Discrete logic lines to rest of SSCB/station
e Interface to local user

- Read front panel switches and control jack in
puts

- Write to front panel LEDs and 7-segment dis

play
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DC power

- Convert station power (A+/+9.6V) to logic
supply

- Generate DC levels for audio biasing and s
squelch reference

- Grounding for control shelf
e PTT Control

- PTT priorities

- PTT time out

~ Repeater drop out delay
e Transmitter Control

- Generate PA key up signal

- Switch antenna relay

- Monitor PA status/drive PA power cutback/PA
alarm

¢ MRTI Interface
- Control inputs/outputs

- Audio inputs/outputs

e TSTAT
- Monitor forward and reflected power levels
- Generate TSTAT signal
o MCU system operation
- Address decoding
- Bus demultiplexing

® Reset (expansion, delayed, COP, low voltage, power
up)
e Other

- Self Diagnostics (loopback, A/D audio monitor
ing)

2. FUNCTIONAL DESCRIPTION
2.1 DC-DC CONVERTER

2.1.1 OPERATION

The DC-DC converter section is used to generate all DC
voltages required by the SSCB and the other control tray
boards. The schematic diagram for this section is shown
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on the right half of Sheet 1. This section uses two DC volt-
age inputs provided by the station. A+ + is the auxiliary
+13.8V voltage generated in the main station power sup-
ply and routed to the SSCB via the interconnect board to
J701. This voltage is fused (3A) and filtered to form the
A+ voltage used by the control tray boards. Unfused
A+ + is also routed directly to the expansion connector
J800 for use by expansion tray modules. +9.6V is gener-
ated by a voltage regulator mounted in the RF tray and is
routed to the SSCB via the interconnect board to J801.
This voltage is also filtered to form the +9.6V voltage
used by the control tray boards. The SSCB takes station
ground from J701 (GND B), and at this connector the
three control tray grounds are formed: logic ground, audio
ground, and static ground.

The primary function of the DC-DC converter section is
to use the A+ and +9.6V voltages to generate the + 5V
voltage used in the logic circuitry of the control tray
boards. This is achieved using a pulse-width-modulated
(PWM) switching converter. The converter’s reference
voltage, VE, is generated from +9.6V current through
5.1V zener diode VR701. VE is used in the shutdown
comparator U700A to turn off the switcher if the A+
voltage is too low. When not shutdown, U700D forms a
free-running oscillator at a switching frequency of ap-
proximately 22 kHz. U700C compares the output of the
converter with the reference VE and modulates the pulse
width (or duty cycle) of the power switch formed by Q700
and Q701. The output of the power switch is filtered and
held by C701. Toroid L7700 is used to maintain charge on
C701 while the power switch is off, providing higher effi-
ciency. Q702 forms a current limiting circuit which will re-
duce the output voltage level when current through the
parallel combination of R716-R719 exceeds approximate-
ly 2.5 amps. Over-voltage protection is provided by Q704
which will trigger and blow the A + fuse when the conver-
ter output exceeds the 6V required to breakdown zener
diode VR700. U700B is used to reset the SSCB and is de-
scribed in the logic section of this description.

Bias voltages for other circuits on the SSCB are also gen-
erated in this section. VB is generated by dividing and
buffering +9.6V using U819C. VB is approximately 4.7V
and is used as the primary bias voltage in all the audio pro-
cessing circuits on the SSCB. VA (4.6V), VC (4.4V), and
VD (3.8V) are generated using simple voltage dividers
sourced by +9.6V and are used as reference voltages in
the squelch section of the SSCB. As well as providing the
switcher reference, the VE voltage is also used as the ref-
erence high voltage VRH for the A/D converter channels
on microprocessor U800.

2,12 TROUBLESHOOTING

When the DC-DC converter is functioning normally, TP6
should read + 5V DC. If the + 5V level signal cannot be
verified, check the A+ (713.8V with 3A fuse) and
+9.6V input voltages. JU12 can be removed to disconnect
the load from the switcher output. If the + 5V level is cor-
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rect with JU12 out, but falls low with JU12 in, there is
most likely a short somewhere in the SSCB + 5V load. If
the 3A fuse F700 blows when power is applied to the
board, then check power switch Q701 and crowbar switch
Q704. If these simple checks fail to resolve the problem,
then refer to the DC-DC converter troubleshooting chart
in the service manual.

2.2 AUDIO PROCESSING SECTION

The Audio Processing section consists of three parts : re-
ceive audio processing, transmit audio processing, and au-
dio routing.

22.1 RECEIVE AUDIO PROCESSING SECTION
22.1.1 OPERATION

The schematic diagram for this section is on the top left
part of Sheet 4. The input to the receive audio processing
section is baseband audio which is demodulated from the
REF signal by the receiver in the RF tray. This audio is la-
beled RAW RX1 AUDIO on the schematic and originates
at J801. U819D buffers this audio signal to form QUAD1
AUDIO (quadrature). In standard one-receiver stations,
QUAD1 AUDIO is routed through JU11 to the loopback
switch, Q821. This switch normally passes the audio
through to TP3 via U818B to generate QUAD AUDIO.
Q821 will mute receiver audio during audio loopback
diagnostics. If JU11 is moved to the alternate position, DI-
VERSITY AUDIO from an optional “diversity” board via
U819A is routed to QUAD AUDIO at TP3. U818A buff-
ers RAW RX2 AUDIO from an optional second receiver
to form QUAD2 AUDIO. The QUAD1 AUDIO and
QUAD?2 AUDIO signals are both routed to the expansion
connector for processing by optional expansion modules.
QUAD AUDIO is routed to the remainder of the receive
audio processing section, as well as to the squelch and
tone detector circuits. QUAD AUDIO is also routed to
the optional secure transparent module for processing in
a coded voice system and to the TTRC board for process-
ing in a trunked system.

The QUAD AUDIO signal is the input to the “flutter-
fighter” hybrid HY804. This hybrid circuit is used in sta-
tions where multi-path fading can cause degradation of
the receiver audio (particularly in 900 MHz stations with
12.5 kHz channel spacings). The hybrid circuit attenuates
the receiver audio during fading to attempt to cancel the
audio pops commonly heard in these systems. The flutter-
fighter circuit will also attenuate weak, noisy signals to
further improve audio quality. The hybrid uses two signals
from the IF circuitry in the RF tray, NORMALIZED IF
ENVELOPE via J701 and AGC REF via J801. The flut-
ter-fighter “clip level” controls the operating point of the
hybrid circuit and can be adjusted using digital pot U823.
The hybrid circuit output is buffered by U818C and sent to
audio gate U811C which controls whether QUAD AU-
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DIO or flutter-fighter output is sent to the next audio
stage.

The output of U811C isrouted to the PL (for Private Line)
filter hybrid HY803. This filter is used to attenuate low
frequency receive audio components due to PL/DPL/con-
nect tone coded squelch signals. These frequency compo-
nents are not desired components of the receiver audio
response. The filter gain is about 0.6dB at 1kHz and is flat
from 400Hz to 3 kHz. The filter will attenuate signals up
to 400Hz and is required to attenuate all signals under
200Hz by -30dB in order to insure that PL residual hum is
more than 30dB below rated receiver audio output.

The output of the PL high pass filter is sent to the level
adjust and de-emphasis circuit. The gain of this circuit is
controlled by varying the series input resistance of the in-
verting amplifier U818D using digital pot U824. This is
done to adjust the level of receiver audio distributed
throughout the station. The frequency response of this
circuit provides the -6 dB/octave de-emphasis required in
the FM system. This de-emphasis of receive audio cancels
out the symmetrical pre-emphasis performed at the
transmitting end of the RF link. )

The output of the de-emphasis circuit drives the expan-
dor. This circuit comprises the receive portion of the
“companding” operation performed on the system audio
in stations with 12.5 kHz channel spacing. This is done to
increase the effective dynamic audio range for narrow
band systems. The expanding done on the receive audio
cancels out the compression performed at the transmit-
ting end of the RF link. The expansion ratio is 1:2; that is,
every 1 dB of change in input level produces 2 dB of
change in expanded output level. The output of the ex-
pandor is sent to audio gate U811B to control whether the
audio is expanded or not. The input level at which gate
U811B output is the same with or without expansion is
called the “crossover point” and corresponds to the audio
level present with approximately 40% receiver deviation.
The output of gate U811B is the output of the receive au-
dio processing section labeled RX1 AUDIO and is sent to
the audio routing section to be distributed throughout the
station. RX1 AUDIQ is also sent to the expansion connec-
tor J800 for processing by optional expansion tray mod-
ules.

2.2.1.2 TROUBLESHOOTING

When a strong RF signal is applied to the receiver, the
baseband FM modulation should be present on RX1 AU-
DIO (U811-14). For an RF signal with 60% deviation of a
1kHz tone, the RX1 AUDIO level should be about 350
mVrms . If this audio is not present, then this section
could be the problem. Check the +9.6V supply on TPS
and the VB bias level on U819-12. If the RX1 AUDIO sig-
nal is not found, make sure JU11 is in the proper position.
Also check the signal at TP3 QUAD AUDIO (™300 mV
rms), which is not filtered or gated. If audio is present on
TP3 but not on U811-14, then try adjusting the Rx level
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digital pot U824. If these attempts fail, one of the circuit
blocks in the receive audio processing section may have
malfunctioned. Each of these blocks may be checked ona
input to output basis and fixed if found faulty: PL filter hy-
brid HY803, digital pot U824, expandor U815, flutter-
fighter hybrid HY804, audio gate U811, or op-amps
U818,U819.

222 TRANSMIT AUDIO PROCESSING SECTION
222.1 OPERATION

The schematic diagram of the transmit audio processing
section is shown on the top right part of Sheet 3. The out-
put of this section is TX MOD AUDIO and is sent to the
RF FM modulator for transmission over the air. This sec-
tion has several inputs originating from the SSCB audio
routing circuitry.

The output of the TX Audio summing amp, SUMMED
TX AUDIOQ, drives the compressor, U815A. This circuit
comprises the transmit portion of the “companding” op-
eration performed on the system audio in stations with
12.5 kHz channel spacing. This is done to increase the ef-
fective dynamic audio range for narrow band systems. The
compressing done on the transmit audio cancels out the
expansion performed at the receiving end of the RF link.
The compression ratio is 2:1; that is, every 2 dB of change
in input level produces 1 dB of change in compressed out-
put level. The output of the compressor is sent to audio
gate U811A to control whether the audio is compressed or
not. The input level at which gate U811A output is the
same with or without compression is called the “crossover
point” and corresponds to the audio level required toyield
approximately 40% transmitter deviation.

The output of gate U811A is sent to the pre-emphasis and
limiter circuit. The gain of inverting amplifier U838B is
designed to limit the level of audio sent to the modulator
to ensure that maximum transmitter deviation is not ex-
ceeded (with low audio inputs, the limiter acts as a simple
linear gain stage). When the station is properly adjusted,
this circuit begins to limit with an audio input level yield-
ing more than 60% maximum system transmitter devi-
ation. Diode CR8107 is used to provide greater limiter
symmetry since the op—-amp will drive closer to the posi-
tive supply rail than it can to ground. The frequency re-
sponse of this circuit provides the 6 dB/octave
pre-emphasis required in the FM system. This pre-em-
phasis of transmit audio is canceled out by a symmetrical
de-emphasis circuit at the receiving end of the RF link.

The output of the limiter is sent to the splatter filter. This
is a five-pole low pass filter formed by U838A and U837A.
This low pass filter is required to prevent high frequency
content above 3 kHz from causing the transmitted RF sig-
nal to “splatter” into adjacent channels. This filter also
contains a series resonant notch at approximately 16 kHz

in order to allow the filter to meet all relevant FCC splat-
ter specs.

The output of the splatter filter along with other audio
signals is sent to the maximum deviation adjust circuit.
The gain of this circuit is adjusted by controlling the series
input resistance of inverting amplifier U8200D using digi-
tal pot U831. This level must be set to compensate for cir-
cuit parameter and transmit VCO sensitivity variations to
yield the station’s maximum transmit deviation with a
large audio input level.

2222 TROUBLESHOOTING

When a large audio signal is applied to the microphone
input with a local PTT, the limited filtered audio signal
should be present on TX MOD AUDIO at TP4. If this au-
dio is not present, then this section could be the problem.
Check the +9.6V supply on TPS and the VB bias level on
U838-5. If the TX MOD AUDIO signal is not found,
make sure the mic audio is present on the Tx audio sum-
ming amp output U814-1. If this signal is absent, check
the Audio Routing Section described in the next para-
graph. Also check the signal on U838-7, which should be
in full limit to the op-amp supply rails. Trace this signal
through the splatter filter (U838-1, U837-1, U837-7).
The splatter filter output should be similar in amplitude
to the limiter output but with the square wave harmonics
attenuated. If audio is present on U837-7 but not on TP4,
then try adjusting the Max Deviation level digital pot
U831. If these attempts fail, one of the circuit blocks in the
transmit audio processing section may have malfunc-
tioned. Each of these blocks may be checked on a input to
output basis and fixed if found faulty.

22.3 AUDIO ROUTING SECTION
223.1 OPERATION

The audio routing section is shown mainly on the left half
of schematic Sheet 3. Its primary function is to properly
distribute audio signals from all sources to all destinations
connected to the SSCB. The audio routing section oper-
ates on the following audio inputs and outputs:

Table 1. Audio Inputs Description
INPUTS DESCRIPTION

TX AUDIO Notch filtered audio
from TTRC wireline

IN MRTI AUDIO Audio from MRTT

phone patch
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LOCAL AUDIO General purpose audio
to/from expansion mod-
ules (also common with

MIC AUDIO signal)
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Table 1. Audio Inputs Description (Continued)

Table 2. Audio Outputs Description (Continued)

MIC AUDIO Audio from local user
microphone

RX1 AUDIO Audio from receive au-
dio processing section

ALERT TONE AUDIO Audio from alert tone

encoder on SSCB

SECURE RX AUDIO

Audio from optional se-
cure board for speaker/
wireline

RX2 AUDIO

Processed audio from
optional 2nd rcvr board

CODED MOD AUDIO

Audio from optional se-
cure board to be trans-
mitted

TKG MOD AUDIO TDATA/failsoft from
TTRC to be transmitted

SEC ALERT TONES Tones from option se-
cure board (encode/de-
code only)

TX DATA AUDIO General purpose data
from expansion modules

GCC DATA AUDIO 1200 or 4800 baud data
from optional GCC

RAW TX AUDIO Unfiltered audio from
TTRC wireline

PL ENCODE AUDIO Audio from PL/connect
tone encoder on SSCB

Table 2. Audio Outputs Description

OUTPUTS DESCRIPTION

SUMMED TX AUDIO |Audio to transmit audio
processing section

LINE AUDIO Audio to TTRC wireline

SELECT AUDIO Volume adjusted audio to
expansion modules (espe-
cially DMP speaker)

OUT MRTI AUDIO Audio to MRTI phone
patch

SPKR AUDIO Amplified audio to local
user speaker

TX AUDIO Wireline audio to secure
board for encryption and
to expansion modules

RAW TX AUDIO Unfiltered wireline audio

to optional secure trans-
parent board
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LOCAL AUDIO Local audio to optional se-

cure board for encryption

Audio from MRTI phone
patch to secure board for
encryption

IN MRTI AUDIO

Some audio inputs are enabled using audio gates in re-
sponse to various PTT and squelch conditions (TX AU-
DIO-U810A, IN MRTI AUDIO-U817B, LOCAL/MIC
AUDIO-US810C, RX1 AUDIO-US810B, and ALERT
TONE AUDIO-U817C/U817D). Some other audio in-
puts are enabled using 3 pin jumpers (see jumper table).
TX DATA AUDIO can be summed into the SSCB trans-
mit path before or after the maximum deviation adjust cir-
cuit (JU4). GCC DATA AUDIO can be routed through
the pre-empbhasis/splatter filter path for 1200 baud data
or after the maximum deviation adjust for 4800 baud data
(Jus).

The first four audio signals in the output list are generated
with summing amplifiers (SUMMED TX AUDIO-
U814A, LINE AUDIO-US814D, SELECT AUDIO-
U814B, and OUT MRTI AUDIO-U814C). Refer to the
block diagram and schematic for inputs to these summing
amps. SPKR AUDIO is generated by routing the select
audio through front panel VOLUME pot R8135 and then
through 1/2W audio amplifier U830. The remaining four
signals in the output list are actually input signals that
must be routed to other sections of the station. One audio
signal which is not an input or an output of this section is
the repeater audio which comes from the RX1 audio gate
and is routed to the transmit audio processing section un-
der the control of audio gate US17A.

2232 TROUBLESHOOTING

The routing performed in this section depends on the con-
figuration of the SSCB in the station. This configuration is
determined by two factors: code plug programming and
jumper settings. If the audio routing section is not per-
forming as expected, most likely one of these two factorsis
the problem. Refer to the jumper table to determine
proper jumper settings, and refer to the software descrip-
tion for proper code plug programming. If these two items
are verified to be correct, and audio routing problems still
exist, then the circuitry in this section should be checked.

Check the +9.6V supply on TPS and the VB bias level on
U810-1. If an audio gate will not operate as expected,
check the audio gate control input. A high level
(™ +9.6V)on the control input of “T-gates” U810, U811,
U812 allows audio to pass through the positive gate (no
circle) and shut off the signal going into the negative gate
(with circle). A low level on the control input will allow
audio to pass through the negative gate while muting the
positive gate. For audio gate U817, a highlevel (~ +9.6V)
on the control input allows audio to pass, whereas a low
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level will mute the audio. If the control input is correct,
but the gate does not respond correctly, the audio gate is
probably faulty. If the control input is not as expected,
check the level shifter U813 or U816. These ICs shift the
0-5V ASIC control output to the 0-9.6V levels required
by the audio gates. A low voltage on the input of the level
shifter should produce a low level on the output, whereas
a +5V level on the input should produce a +9.6V level
on the output. If this operation cannot be verified, the lev-
el shifter IC is probably faulty. If audio routing problems
still exist, and if all audio gates operate correctly with the
code plug and jumpers properly configured, then check
quad summing amp U814. If audio is present on the resis-
tor inputs but not on the outputs, and the +9.6V and VB
levels are correct, then this part is probably faulty.

2.3 SQUELCH CIRCUITRY

The squelch detection circuitry on the SSCB is used to de-
tect the signal strength of the incoming receiver audio.
The QUAD AUDIO signal from TP3 is routed to both re-
ceiver and repeater squelch detectors. These detectors
set control lines to the logic section for use in keyup and
gating arbitration. For information on PL/DPL coded
squelch operation, refer to the logic section of this de-
scription.

The input to amplifier U1550A is a noise pre-emphasis
network that boosts the noise content of the input signals
above 5 kHz. For squelch processing, the first amplifier/li-
miter is driven into limit to prevent audio signals from
squelching the receiver. Amplifier/limiter U1550B again
amplifies the noise signal and re-limits audio signals to
provide further protection against audio signals squelch-
ing the receiver. The output signal of U1550B is then used
to drive both the receiver and repeater squelch circuits.

23.1 OPERATION
2.3.1.1 RECEIVER SQUELCH CIRCUITRY

The amplified noise output signal level is normally ad-
justed by digital pot U1553. This adjustment controls the
signal strength required to break receiver squelch. Front
panel squelch adjust knob R1599 can be used instead to
adjust this level depending on the setting of audio gate
U812A. This adjusted audio is routed to the input network
of the detector which provides further attenuation of au-
dio and any harmonics generated by audio limiting at the
output of U1550B. Noise detector U1550C is a half-wave
rectifier amplifier that produces negative-going spikes at
its output. The average dc value of these spikes is propor-
tional to the received signal strength. With a weak noisy
signal, many negative-going spikes will be produced, re-
sulting in a low average dc output voltage. A strong,
quieted signal will have a higher average dc output volt-
age.
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The receiver squelch switching circuit operates in two
modes. With a receive signal just above the opening sensi-
tivity, squelch closing is slow (approximately 150 ms),
which produces the long squelch tail heard at the end of a
received message. The long squelch tail is present to pre-
vent the received message from being chopped during a
weak fluttering signal. With a strong signal (approximate-
ly 10 dB above opening sensitivity), a squelch closing oc-
curs immediately after the end of a received signal. This
prevents the squelch tail from being heard.

Active integrator U1552D provides squelch opening and
slow squelch closing. Comparator U1552A compares the
detector’s average dc output voltage with a reference volt-
age, VC (4.4V), to determine the level for squelch open-
ing and closing. Fast squelch closing is provided by
U1552C. A strong signal charges C1553 through R1545,
driving U1552C-8 low. At the end of a strong signal, any
noise spikes from the detector are captured by CR1523.
This immediately discharges C1553 and forces U1552C-8
high. Then, capacitor C1552 forces U1552A to close the
squelch. The SQ ADAPT signal from the logic section will
also force squelch closing. This is used during channel
change to eliminate squelch tail noise.

The receiver squelch detector produces two outputs to
the logic section. The RX1 UNSQ signal is high when a
strong signal has broken squelch and is low when a weak
signal fails to break squelch. The CHANNEL ACTIVITY
signal has the same logic as RX1 UNSQ but always re-
sponds quickly with no squelch tail. Thisis used by the pro-
cessor in channel-scan applications.

23.1.2 REPEATER SQUELCH CIRCUITRY

The repeater squelch detector circuit is very similar to the
receiver squelch detector. The output of noise amp
U1550B is adjusted by digital pot U1554 and sent to the
repeater squelch detector. This adjustment controls the
signal strength required to break repeater squelch. After
more filtering, this signal is sent to noise detector U1551B
which produces negative-going noise spikes similar to
those described in the receiver squelch section. Integrator
U1551C provides squelch opening and slow squelch clos-
ing (squelch closing time is typically 200 ms). Comparator
U1552B compares the noise detector output’s average
DC voltage with a reference voltage, VC (4.4V), to deter-
mine the squelch opening and closing switch point. The
repeater squelch detector produces the RPTR UNSQ sig-
nal which connects to the logic section.

232 TROUBLESHOOTING

When operating properly, the squelch detectors should
indicate squelch conditions with an RF signal below ad-
justed threshold. The detectors should unsquelch when
the signal strength is above the set level. If the squelch cir-
cuit does not operate properly, try adjusting the digital
pots in the receiver and repeater squelch detection cir-
cuits. An easy way to quickly check the operation of the
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squelch circuitry is to use the ACC DIS switch on the front
panel to enable the use of the front panel Squelch control.
If the RF input is disconnected from the station, a noisy
signal should appear on TP3 QUAD AUDIO. When the
Squelch control is fully CW, this noisy input should cause
the receiver squelch detector to squelch the receive au-
dio. When the Squelch control is full CCW, the detector
will not squelch the receiver, and the noisy signal will pass
through to the speaker. If the receive channel has PL/
DPL/connect tone enabled, the PL DIS switch must also
be used to hear the signal at the speaker. If these simple
checks do not resolve the squelch problem, refer to the
squelch troubleshooting chart in the manual.

24 LOGIC HARDWARE SECTION

The logic hardware description can be broken down into
five broad parts: microprocessor core, data communica-
tions circuitry, tone encoders/decoders, general I/O and
reset circuitry.

Many of the functions carried out by the logic section are
accomplished using an Application Specific Integrated
Circuit (ASIC). The SSCB uses two of these custom AS-
ICs specifically designed for this product. The ASIC can
operate in one of two modes depending on the state of the
MODE pin (pin 18). U801 operates in the standard mode
(with MODE pulled high) and serves as a specialized mi-
croprocessor support chip with additional I/O and data
communication features. U802 operates in the I/O mode
(with MODE pulled low) and serves as an addressable col-
lection of input buffers and output latches.

24.1 MICROPROCESSOR CORE

The schematic diagram of the microprocessor core is lo-
cated on Sheet 2. Its function is to run the software pro-
gram in order to control the station. Most of the core
functions are carried out using five integrated circuits.

24.11 MICROCONTROLLER

U800 is a Motorola 8-bit HCMOS single chip microcon-
troller. During program execution it generates an 8-bit
multiplexed data/low-order address bus, AD(0:7), as well
asa high-order address bus, A(8:15). U800 controls the di-
rection and timing of bus transfers with three signals com-
mon to 6800 family devices. U800-5 is the E signal, and it
functions as the primary clock for all bus transfers. U800
generates the E clock by dividing the external crystal fre-
quency by four (Thus E = 7.9488MHz/4 = 1.9872MHz).
U800 controls the direction of bus transfers using the R/
W*signal on U800-6. This signal is high when U801 needs
to read data off the bus and is low when U801 is writing
data to the bus. In order to allow an external latch (in
ASIC U801) to demultiplex the data/low-order address
bus, U800 also generates the AS (Address Strobe) signal
on U800-4. Thus when AS is high AD(0:7) contains the
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low order address bus A(0:7), but when AS is low AD(0:7)
contains the data bus D(0:7).

2412 MEMORY

U800 runs the software program contained in 32K CMOS
EPROM U803 (27C256). U800 also contains 512 bytes of
internal EEPROM Code Plug for station parameter stor-
age. During program execution, U800 can access 192 bytes
of internal RAM as well as the external 8K x 8 SRAM
U804. U808 is an optional 2K x 8 serial EEPROM which
can be added if additional “code plug” space is required.

24.1.3 STANDARD MODE ASIC

Many of the “glue” chips commonly required to complete
a microprocessor system are replaced in integrated form
by standard mode ASIC U801. Since U800 operates with a
multiplexed data/low-order address bus AD(0:7), U801
contains an address latch to demultiplex thisbus. Thus the
low-order address bus A(0:7) is an output of U801.

U801 also contains all the circuitry required to perform
full address decoding using the 16-bit expanded address
bus for the entire 64K memory space. Thus all required
chip select signals are also outputs of U801 (refer to soft-
ware description for memory allocation) :

& MEM OE* drives the output enable pins on EPROM
U803 and SRAM U804. This signal is active low during
every read cycle (E and R/W* both high).

® ROM CE* drives the chip enable pin on the EPROM
U803. This signal is active low whenever the address
bus indicates an access in the EPROM memory space.

® RAM CE* signal drives the chip enable pin on the ex-
ternal SRAM U804. This signal is active low whenever
the address bus indicates an access in the external
SRAM memory space.

® RAM WE* pin drives the write enable pin on SRAM
U804. This signal is active low during normal write
cycles (E high and R/W* low)

242 DATA COMMUNICATIONS CIRCUITRY

The SSCB logic section has three primary media with
which to communicate with other modules in the station:
The IPCB, the MUXbus, and the high speed ring.

242.1 IPCB

The IPCB (Inter-Processor Communication Bus)is a low
speed (1200 baud) serial link shared among all the control
tray boards as well as optional expansion modules. It is
also accessible via front panel control jack J812. On the
SSCB, U800 interfaces to the IPCB using the SCI (Serial
Communications Interface). This link can carry statusand
control information between modules. The IPCB line is
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pulled up on the SSCB and is normally high in the idle
state until a module begins to write information onto it
(0-5V logic levels). The SCI on U801 has both a receive
and a transmit port, and these are buffered by Q802-Q805
and wired together before being routed as the IPCB line
to the external connectors.

24.22 MUXbus

The MUXbus is a time-multiplexed address and data bus
capable of carrying 64 bits of control and status informa-
tion between station modules. The SSCB serves as the
MUXbus master and all the circuitry to control the MUX-
bus is contained in ASIC U801. The MUXbus consists of
16 4-bit data nibbles for a total of 64 bits. The address bits
BAQ-BA3 are periodically incremented modulo-16 by
U801 to access each 4-bit data nibble in a consecutive
fashion. The 4-bit data nibble is represented by MUXbus
data bits BD0*-BD3*. U801 also asserts the MUXIRQ*
signal at every address increment to signal U800 to service
the MUXbus data. All multiplexing timing is done using
the DS* (Data Strobe) signal generated inside ASIC
U801. U801 generates the data strobe signal by internally
dividing the E clock signal by 640 (Thus DS* = 1.9872
MHz/640 = 3105 Hz). A resonant echo suppressor circuit
comprised of L800, C801 and CR800 serves to cancel
echoes caused by transmission line effects on the data
strobe line.

24.2.3 HIGH SPEED RING

The high speed ring (HSR) is a unique multiprocessor
communication mechanism. All the circuitry to imple-
ment the HSR is contained in standard mode ASIC U801.
The HSR continually circulates a 40 bit packet between all
modules in the ring. 16 of these bits can be written to by
the SSCB. 16 bits are reserved for writes by the TTRC,
and 8 bits are reserved for writes by the optional secure
module. All modules can read any of the bits in the 40 bit
packet. The SSCB operates as the HSR master; that is,
U801 drives the HSR CLK and HSR SYN signals to syn-
chronize all packet transfers. The HSR CLK signal is
square wave which defines the bit times within the 40-bit
packet. The frequency of the HSR clock is programmable
but is normally set to E/2 (0.9936 MHz). The HSR SYN
signal is asserted for one bit time at the start of each 40-bit
packet in order to properly synchronize all modules on the
ring. The SSCB sends its HSR OUT data from U801 to
the TTRC on J804. Data from the TTRC’s HSR is re-
ceived on J804 and passed directly to the optional secure
module on J803. Data from the secure module’s HSR is
taken from J803 and sent back to U801 as HSR IN to com-
plete the ring. In a station where either the TTRC or se-
cure module is not present, JU1 and/or JU2 can be set to
maintain HSR continuity.
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243 GENERAL INPUT/OUTPUT

The SSCB logic section has a great deal of input/output
(I/0O) capability to control station functions and monitor
station status. The 1/0 section also allows a local user to
change the state of the station and observe station status
conditions.

2.4.3.1 INPUT BUFFERS

The logic section monitors discrete status lines from other
circuits on the SSCB and other modules in the station us-
ing input buffers contained in I/O ASIC U802. There are
three input buffers: IB9, IB10, and IB11 (shown on the left
side of schematic Sheet 2). Status information from the
synthesizers and power control circuits in the RF tray en-
ter the SSCB on J801 and are routed to IB9 on U801 for
access by the SSCB software. The PA FULL*, PA ON*,
and TX LOCK* lines are also used to pull down front pan-
el LEDs when active. The front panel RX LOCK LED is
driven by the SSCB based on the station configuration and
the status of the RX LOCK* and RX2 LOCK* input
lines. Inputs from the local user come in from the front
panel and are routed to IB10. IB11 is used for logic inputs
from the MRTT phone patch via J802, from the power sup-
ply via J701 and from the SSCB squelch section. Notice
that bit 7 of IB9, and bits 5 and 6 of IB10 are spare input
buffer lines reserved for future use.

24.32 OUTPUT LATCHES

ASICs U801 and U802 both contain general purpose ad-

dressable output latches used for station control func-

tions. The following list briefly describes the function of

these output latches (refer to the right half of schematic

Sheet 2):

e QL4 : 7 bit latch from U801. Used to control 7-seg-
ment display switches.

® OLS5: 7bit latch from U801. Used to control gates in
audio routing section.

® OL6: 8 bit latch from U801. Bits 0-5 used to control
transmitter and synthesizer functions in the RF tray.
Bit 6 used to select direction of digital pot increments.
Bit 7 used to drive front panel RX LOCK LED.

® 0 OLS8: 4 bit open—drain latch from U802. Bits 0 and
3 used to enable Hear Clear audio functions (com-
panding/flutter-fighting). Bit 1 used to select PL/con-
nect tone encoder output destination. Bit 2 used to
enable front panel squelch control pot.

e OL10 : 8 bit latch from U802. Used for 2 four bit tone
encoders described in the next section

OL11: 3bit latch from U802. Reserved for future use.

OL12 : 8 bit latch from U802. Used for digital pot se-
lection and increment.

® OL13:7bit latch from U802. Used to load synthesizer
address and data to PLL TX and RX synthesizer cir-
cuits in RF tray.
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® OL14 : 8 bit latch from U802. Bit 0 used to control
front panel DISABLE LED. Bits 1,3,4 used to control
MRTI phone patch. Bit 6 used to reset squelch tail
control circuit during channel change. Bit 7 used to
enable audio loopback diagnostics.

24.3.3 STATUS DISPLAY

Another important part of the logic I/0 is the three digit
7-segment display interface which drives the TRN7008A
Display Board inserted on the SSCB. This display is used
in normal operation to show channel and mode informa-
tion (key number information can be shown in optional
encode/decode stations). This circuitry is shown on the
left half of Sheet 1. This circuit operates as a multiplexed
display driver which will alternately switch the three digits
on and off at a 40 Hz rate. The segment switches are PNP
transistors Q8201-Q8207 controlled by active low outputs
from OL4 on U801. The digit switches are darlington
NPN transistors Q8208-Q8210 controlled by active high
output pins on U800. In addition to the segment and digit
controls, an active low control line, labeled DISPLAY
ON*, is provided which will turn on all segments in all 3
digits. The DISPLAY ON* signal is driven by an output
pin from U800 which powers up low from reset. There-
fore, all segments of all 3 digits are illuminated via Q8211
and Q8212 on the display board when the SSCB goes
through reset.

24.34 WAITMETER INTERFACE

The wattmeter interface circuitry comprised of U806C
and U806D (shown in the center of schematic Sheet 1)
servestoisolate the wattmeter grounds on the phono plug
shields from the SSCB ground as well as to provide a lin-
ear translation of the wattmeter input range to the A/D
dynamic range. The outputs of this circuit are routed to
two of the A/D channels on U800 (ports 6 and 7). The
FWD PWR signal is proportional to the power level trans-
mitted from the PA output. The SSCB can generate an
alarm if this signal is below a preset minimum level during
transmitter keyup. The RFL PWR signal is proportional
to the reflected power level sensed by the wattmeter due
to incorrect matching, etc. The SSCB can generate an
alarm if this signal is above a preset maximum limit.

24.3.5 AUDIO DIAGNOSTICS

The other six 8-bit A/D channels on the microprocessor
are connected to various points in the SSCB audio paths
for use in automated diagnostics. A/D ports 0 and 1 on
U800 are connected to two particularly important points
in the audio path via peak detector interfaces. The TX
MOD AUDIO signal from TP4 uses the peak detector
formed by U8200A. The system audio signal from TP1
uses the peak detector formed by U821B (both shown on
the right side of schematic Sheet 3). These peak detector
circuits function by maintaining charge on an output ca-
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pacitor creating a DC value proportional to the AC signal.
The gain of these stages is designed 10 translate the ex-
pected audio range into the 0-5V A/D converter range.
This is done to allow for more efficient software monitor-
ing of these DC levels. The four remaining ports are con-
nected to other points in the audio path and are
capacitively coupled to the A/D channels. This requires a
more complex software algorithm to determine the peak
of these time varying waveforms.

244 TONE PROCESSING
24.4.1 TONE ENCODING

Two 4-bit encoders are included on the SSCB. They are
driven by 8-bit latch OL10 from I/0 ASIC U802. Bits 0-3
of OL10 are used to encode general purpose alert tones.
These include station alarms, automatic station ID, and
other optional features. The alert tones generally go up to
about 1600Hz. This encoder drives a digital to analog con-
verter (D/A) which uses a common R-2R ladder approach
shown on the top center of Sheet 1. The output of the
R-2R D/A converter is filtered by three pole low pass fil-
ter USO6A. This filtering is done to reduce the harmonic
noise caused by the limited encoder sample rate. The out-
put of this filter is labeled ALERT TONE AUDIO and is
sent to the audio routing section to be distributed
throughout the SSCB.

The function of bits 4-7 of OL10 depend on the type of
system in which the SSCB is operating. For a conventional
station with coded squelch, this encoder is used to gener-
ate transmit PL tones or DPL code which is sent to the
modulator. The encoder will also append a reverse burst
sequence for PL coding or a turn off code for DPL. This is
done to reduce squelch tail noise at the receiver. For a se-
cure trunked system, this encoder encodes connect tone/
disconnect tone and routes the encoder output via
U8200B to the TTRC. The PL/connect tones generally go
up to about 200Hz. This encoder also drives a digital to
analog converter (D/A) which uses the same R-2R ladder
approach as the alert tone encoder. The output of the
R-2R D/A converter is filtered by three pole low pass fil-
ter U806B. This filtering is done to reduce the harmonic
noise caused by the limited encoder sample rate. Audio
gate U812B is used to control the destination of this en-
coder output.

2442 TONE DECODING

Complementary to the tone encoding functions on the
SSCB are the tone decoding capabilities. The SSCB will
detect incoming PL tones or DPL codewords for a con-
ventional coded squelch system, and it will detect incom-
ing connect/disconnect tones in a trunked system. When
present these tones/codewords are part of the receiver
modulation and hence appear on the QUAD AUDIO sig-
nal. This signal is fed into a five pole low pass filter shown
on the bottom of schematic Sheet 4. This filter is com-
prised of U821A and U821D and is designed to attenuate
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all signals higher than the highest PL/DPL/connect tone
frequencies required for decoding. The output of this fil-
ter is sent to the PL limiter U821C. The output of the lim-
iter is level shifted by Q8100 to a 0-5V level and labeled
PL DECODE DATA. This signal is routed to a special
timer within microprocessor U800 called an “input cap-
ture”. The input capture is a software programmable tim-
er which is sensitive to transitions on the input pin. The
software program can observe the timing of these transi-
tions to determine a PL/DPL or connect/disconnect tone
detect.

One special feature of the SSCB is “smart connect tone
decode” capability. To implement this feature, the SSCB
monitors the MUTE line from the TTRC. If the proper
pulse is detected on the MUTE line (U800-34), the SSCB
will temporarily remove the requirement for a connect
tone detect. This function is used in some trunking sys-
tems to decrease overall system radio access time.

2.4.5 RESET CIRCUITRY

The power up reset circuitry is shown on the bottom of
schematic Sheet 1. Ablock diagram of the reset circuitry is
shown in Figure 1. Upon power up, C724 is discharged,
causing a high voltage on comparator U700B-2 to turn on
reset driver Q706 and activate the RESET™ signal. As this
capacitor is allowed to charge, U700B-2 will go low, turn-
ing off the reset driver Q706 and deactivating RESET™*.
This time constant is approximately 600 ms in duration,
and thus the RESET* will be low for 600 ms after the 5V
converter begins normal operation. Two other inputs to
this circuit can cause C724 to discharge, resulting in a
SSCB RESET*. When the A+ input voltage drops too
low, shutdown comparator U700A-1 will go low, discharg-
ing C724 through CR708 causing a RESET*. Also, the
front panel TEST switch, when depressed, will cause
C724 to discharge through CR707, again causing a RE-
SET™.

To prevent erroneous writes to U800 internal EEPROM
during power up, power down or low voltage conditions, it
is critical to activate RESET* whenever the + 5V conver-
ter output drops too low. This is accomplished using low
voltage reset generator Q705 shown on the top right of
schematic Sheet 1. This PNP transistor is normally on,
pulling up the RESET* line through R701 to + 5V. When
the +5V line drops too low, Q705 will turn off and pro-
vide a passive pulldown on the RESET* line through
R700. This threshold occurs when the + 5V line drops be-
low approximately +3.5V.

U800 also contains a Computer Operating Properly
(COP) timer which will generate a reset if the COP timer
is not periodically serviced by the software routine. This is
to ensure that the SSCB will restart execution if the pro-
gram looses proper sequence. The COP circuit will gener-
ate a short RESET™* pulse (™ 2 E cycles) which will force it
to restart at the address indicated by the RESET vector.

10
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The SSCB also contains a circuit which will inhibit some
critical functions while the SSCB software performs self-
diagnostics. This is achieved using the delayed reset gen-
erator circuit U807 shown on the bottom left of schematic
Sheet 2. U807 is a 555 timer which will trigger the
DELAYED RESET line high when the RESET* input
goes low. Once the RESET™* line is deactivated, Q800 will
turn off, allowing the timer to discharge for a time con-
stant defined by C822 and R888 (approx. 300 ms) before
deactivating the DELAYED RESET line. The
DELAYED RESET line is an input to ASIC U801 and a
high level on it will inhibit functions such as PA keyup and
MUXbus writes.

DELAYED RESET is inverted by Q822 to form EXPAN-
SION RESET™* which will hold other control tray boards
and expansion modules in reset during SSCB self-diag-
nostics. The microprocessor can also activate EXPAN-
SION RESET* during normal program execution by
turning on Q823 with a general purpose output pin.

24.6 LOGIC HARDWARE TROUBLESHOOTING

The SSCB software is capable of generating several error
codes on the front panel seven segment display. Refer to
the SSCB software description section for a list of these
diagnostic error codes.

If the SSCB logic section is suspect, check the + 5V pins
on each of the logic devices U800-U804 and U807. Next,
look at the RESET* line on TP10. This line should be high
with no pulses on it. Also look at the DELAYED RESET
line, which should be low with no pulses on it. If the reset
lines are not as expected, check to see that U800-U804
are properly seated in their sockets (especially 28-pin DIP
U803). Also verify that EPROM U803 is programmed
with the correct version software for this SSCB (U803
must be compatible with EEPROM codeplug internal to
U800). Also check to see that the A(0:7) demultiplexed
bus is being generated on U801 (pins 66-73). If A(0:7) is
not found, then ASIC U801 is probably faulty. If ASIC
U801 and EPROM U803 seem OK, and the RESET™* line
is high, check microprocessor U800. A properly function-
ing U800 will drive the E line (U800-5) with a 1.9872 MHz
square wave. If all these chips are properly functioning,
check ASIC U802 for data bus inputs as well as correct
output latch levels.

If an error code indicates a problem with the HSR, verify
that JU1 and JU?2 are in the correct position. Verify that
HSR CLK = E/2 frequency square wave and that HSR
SYN is high every 40 HSR CLK cycles. If these signals
look correct but HSR problems still exist, remove the
modules from J804 and/or J803 and place JU1/JU2 in the
HSR loopback position (JU1 alternate, JU2 normal posi-
tion). If the error code persists with all other modules dis-
connected and the HSR looped back by JU1/JU2, then
U801 is probably faulty.
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