
















































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































Device: MX365A

Xtal Freq Xtal Freq Xtal Freq
Divisor 1.0 MHz 1.008 MHz 1.024 MHz D5 D4 D3 D2 D1 DO
14914 67.05 67.59 68.66 11 1 1 1 1 3F
14426 69.32 69.87 70.98 11 1 0 0 1 39
13908 71.90 72.48 73.63 o1 1 1 11 1F
13450 74.35 74.94 76.13 111 1 10 3E
12994 76.96 77.58 78.81 oo 1 1 11 OF
12536 79.77 80.41 81.68 11 1 1 0 1 3D
12108 82.59 83.25 84.57 o1 1 1 10 1E
11712 85.38 86.06 87.43 11 1 1 00 3C
11285 88.61 89.32 90.74 001 1 10 OE
10919 91.58 92.31 93.78 11 1 0 1 1 3B
10553 94.76 95.52 97.03 o111 01 1D
10279 97.29 98.07 99.62 111 0 10 3A
10004 99.96 100.76 102.36 6o 1101 oD
9668 103.43 104.26 105.91 o1t 1100 1C
9333 107.15 108.01 109.72 001 1 00 oC
9028 110.77 111.66 113.43 o1 1 0 11 1B
8723 114.64 115.56 117.39 0010 11 0B
8418 118.80 119.75 121.65 011 0 10 1A
8143 122.80 123.78 125.75 001010 0A
7869 127.08 128.10 130.13 0t 1 0 01 19
7595 131.67 132.72 134.83 0010 01 09
7320 136.61 137.70 139.89 011 0 00 18
7076 141.32 142.45 144.71 0 01 000 08
6832 146.37 147.54 149.88 o1 0 1 11 17
6619 151.09 152.30 154.72 o000 1 11 07
6374 156.88 158.14 160.65 01 0 1t 10 16
6161 162.31 163.61 166.21 000 1 10 06
5947 168.14 169.49 17218 01 0 1 01 15
5764 173.48 174.87 177.64 000 1 0 1 05
5551 180.15 181.59 184.47 010100 14
5368 186.29 187.78 190.76 000 100 04
5185 192.86 194.40 197.49 o1 0 0 1 1 13
4910 203.65 205.28 208.54 000 o0 11 03
4758 210.17 211.85 215.21 o1 0 0 10 12
4575 218.58 220.33 223.83 000 0 1toO 02
4422 226.12 227.93 231.55 0 1 0 0 0 1 1
4270 234.19 236.06 239.81 0 000 0 1 01
4148 241.08 243.01 246.87 01 0 0 0O 10
3996 250.28 252.28 256.29 0 0 0 0 0O 00

MX-COM, INC. Page 539



Device: MX375

Xtal Freq Xtal Freq Xtal Freq

Divisor 4.0 MHz 4.032 MHz 4.096 MHz D5 D4 D3 D2 D1 DO

59657 67.05 67.59 68.66 11 1 1 1 1 3F
55633 71.90 72.48 73.63 o1 1 1 1 1 1F
53800 74.35 74.94 76.13 111 1 10 3E
51975 76.96 77.58 78.81 oo 1t 1 1 1 OF
50144 79.77 80.41 81.68 11 1 1 0 1 3D
48432 82.59 83.25 84.57 o1 1t 1 10 1E
46849 85.38 86.06 87.43 111 1 00 3C
45142 88.61 89.32 90.74 00 11 10 OE
43678 91.58 92.31 93.78 11 1 0 1 1 3B
42212 94.76 95.52 97.03 o1 1 1 0 1 1D
41114 97.29 98.07 99.62 111 0 1 0 3A
40016 99.96 100.76 102.36 00 1 1 0 1 0D
38673 103.43 104.26 105.91 01 1 1 0 0 1C
37331 107.15 108.01 109.72 001 1 00 0C
36111 110.77 111.66 113.43 o1 1 0 1 1 1B
34892 114.64 115.56 117.39 00 1 o0 1 1 0B
33670 118.80 119.75 121.65 01 1 0 10 1A
32573 122.80 123.78 125.75 0 01 0 10 0A
31476 127.08 128.10 130.13 o1 1 0 0 1 19
30379 131.67 132.72 134.83 6 o1t 0 0 1 09
29280 136.61 137.70 139.89 011 000 18
28305 141.32 142.45 144.71 0 01 00O 08
27328 146.37 147.54 149.88 o1 0 1 1 1 17
26474 151.09 152.30 154.72 0 o0 1 1 1 07
25497 156.88 158.14 160.65 01 01 10 16
24644 162.31 163.61 166.21 0 00 1 10 06
23790 168.14 169.49 172.18 01 0 1 0 1 15
23057 173.48 174.87 177.64 00 0 1 0 1 05
22204 180.15 181.59 184.47 01 01 0O 14
21472 186.29 187.78 190.76 000 1 0O 04
20740 192.86 194.40 197.49 01 0 0 1 1 13
19642 203.65 205.28 208.54 0 00 0 11 03
19032 210.17 211.85 215.21 01 0 0 1 0 12
18300 218.58 220.33 223.83 0 0 00 1O 02
17690 226.12 227.93 231.55 01 0 0 01 11
17080 234.19 236.06 239.81 0 0 00 01 01
16592 241.08 243.01 246.87 01t 0 0 0 O 10
15982 250.28 252.28 256.29 0 0 00 0O 00
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Device: MX315A

Xtal Freq Xtal Freq Xtal Freq Binary Hex
Divisor 1.0 MHz 1.008 MHz 1.024 MHz D5 D4 D3 D2 D1 DO
14912 67.06 67.60 68.67 Tt 1 1 1 1 1 3F
14415 69.37 69.93 71.04 11 1 0 0 1 39
13920 71.84 72.41 73.56 o1t 1 1 1 1 1F
13454 74.33 74.92 76.11 111 1 1 0 3E
12989 76.99 77.61 78.84 o0 1 1 1 1 OF
12555 79.65 80.29 81.56 11 1 1 0 A1 3D
12121 82.50 83.16 84.48 o1 1 1 10 1E
11718 85.34 86.02 87.39 111 1 0 O 3C
11284 88.62 89.33 90.75 o0 1 1 10 OE
10943 91.38 92.11 93.57 111 0 1 1 3B
10540 94.88 95.64 97.16 o1 1 1 0 1 1D
10261 97.46 98.24 99.80 t 11 0 1 0 3A
10013 99.87 100.67 102.27 0 01 1 0 1 ob
9672 103.39 104.22 105.87 o1 1 1 0 O 1C
9331 107.17 108.03 109.74 0o 0 11 00 oc
9021 110.85 111.74 113.51 o1 1 0 1 1 1B
8711 114.80 115.72 117.56 o o0 1 0 1 1 oB
8432 118.60 119.55 121.45 o1 1 0 1 0 1A
8122 123.12 124.10 126.07 o 01010 0A
7843 127.50 128.52 130.56 o1 1 0 0 1 19
7595 131.67 132.72 134.83 o 01 0 0 1 09
7316 136.69 137.78 139.97 01 1 0 0 O 18
7068 141.48 142.61 144.88 0 01 0 0 O 08
6851 145.96 147.13 149.46 o1 0 1 1 1 17
6603 151.45 152.66 155.08 o 0 o0 1 1 1 07
6386 156.59 157.84 160.35 o101 10 16
6169 162.10 163.40 165.99 0 0 0 1t 1 0 06
5952 168.01 169.35 172.04 o1 0 1 0 1 15
5766 173.43 174.82 177.59 o 0 0 1 0 1 05
5549 180.21 181.65 184.54 o1 0 1 0 O 14
5363 186.46 187.95 190.94 0 0 01 0 O 04
5177 193.16 194.71 197.80 - o1 0 0 1 1 13
4929 202.88 204.50 207.75 0 0 0 0 1 1 03
4836 206.78 208.44 211.75 111 0 0 O 38
4743 210.84 212.53 215.90 01 0 0 1 O 12
4588 217.96 219.70 223.19 0 0 0 0 1 O 02
4433 225.58 227.38 230.99 01 0 0 0 1 11
4278 233.75 235.62 239.36 0 0 0 0 0 1 01
4123 242.54 244.48 248.36 01 0 0 0 O 10
3999 250.06 252.06 256.06 0 0 0 0 0 O 00
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The EIA RS-220 specification divides the standard frequencies into three groups. They are tabulated below

with the program codes used in MX-COM [Cs:

Group A

Freq Code

67.0 3F

77.0 OF

88.5 OE
100.0 oD
107.2 oC
114.8 0B
123.0 0A
131.8 09
141.3 08
151.4 07
162.2 06
173.8 05
186.2 04
203.5 03
218.1 02
233.6 01
250.3 00

Group B

Freq Code

71.9 1F

825 1E

94.8 1D
103.5 1C
110.9 1B
118.8 1A
127.3 19
136.5 18
146.2 17
156.7 16
167.9 15
179.9 14
192.8 13
210.7 12
2257 11
241.8 10

Group C
“Freq Code
74.4 3E
79.7 3D
85.4 3C
91.5 3B
97.4 3A
69.3 39
206.5 38

Note that with the exception of the 67.0 Hz tone in Group A, the programming codes are in reverse sequential
order in relation to the tone frequencies for each group. Again, with the exception of 67.0 Hz, also note that the
first hexadecimal digit for Group A is 0, the first digit for Group B is 1, and the first digit for group C is 3.

For more general information about these ICs, see the MX-COM Product Handbook and the MX-COM

MX315A and MX365A Data Bulletins.

MX-COM does nottestits CTCSS ICs (MX315A, MX365A, MX375) at crystal or clock frequencies other than
the nominal frequency specified in the Product Handbook or Data Bulletin, and as such, makes no guarantee of
the performance of the device when used with a non-specified crystal or clock frequency. MX-COM does not
assume responsibility for the use of its ICs in the manner described in this application note in any circuit or product.
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MXsCOM

Inversion Security Devices

F

Split-Band Scrambling
urnishes Voice Security

Voice scrambling offers tactical security for radio dispatch communications.

It takes so long,

even for a dedicated eavesdropper, to unscramble

your transmissions that the information would be worthless by then.

By Steve Kelley and
Hank Wallace

Unwanted consequences of third-
party radio communications eaves-
dropping include foiled drug busts, un-
solved burglaries and pirated business
opportunities. Some mobile radio us-
ers employ voice privacy and voice
security devices to scramble theircom-
munications. Most users who need
voice security continue to communi-
cate in the clear, however, for several
reasons:

(1) Cost--They cannot justify the
captial expense.

(2) Technology -- The poor quality
of recovered audio and the radio range
reduction common to many voice se-
curity systems discourage their use.

(3) Availability -- Two principal
scrambling alternatives, frequency in-
version and digital encryption, are not
suitable for many applications. Fre-
quency inversion offers privacy but not
security; digital encryption offers high
security but with a high price tag.

Semiconductor technology ad-
vances have reduced costs and im-
proved the quality of voice security
products. Variable Split-Band (VSB)
scrambling has become economical
because of such advances.

How it works

Filters separate the voice band
(400Hz to 2700Hz) into a pair of sub-
bands (32 pairs are possible). (See
Figures 1A, 1B and 1C.) A mixer fed
with a carrier signal inverts the sub-
bands; a summing amplifier recom-
bines them. Ordinary radio transceiv-
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Figure 1A - Audio output of VSB filter array IC in clear mode
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Figure 1B - Audio output of VSB filter array IC in “scramble” mode with
split point at 2,333Hz.
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Figure 1C - Audio output of VSB filter array IC in “scramble” mode with
split point at 1,200Hz.
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Figure 2 - The effect of rolling code split points on the transmitted radio spectrum

ers transmit the resulting variable split-band-scrambled
output via an ordinary radio communications channel.

Microprocessor outputs control the split point (the fre-
quency at which the voice band is subdivided) and change
itfrom 4 to 60 times per second. Figure 2 reveals the “rolling
code” nature of VSB scrambling. One of more than 65,000
unique user-programmable code keys initializes the pseu-
dorandom sequence of split points. User programming
commands the split point's rate of change, or “hop rate,” to
vary pseudorandomly or in a fixed fashion.

Filtering Accuracy

Optimum recovered audio quality depends upon highly
accurate voice filtering. Two pairs of 7th order, switched-
capacitor, elliptic filters in the VSB filter array integrated
circuit (IC, on-chip) accomplish all the filtering (See Figure
3).

The transceiver's mic. audio pre-amplifier or receiver
audio demodulator output feeds the VSB filter array IC's
highband and lowband inputs. Within the IC, audio from
each subband passes through a lowpass filter, a frequency
inverter and another lowpass filter. A summing amplifier
recombines the subbands. The chip includes a highpass
filter that permits VSB scrambling to be used with continu-
ous-tone controlled squelch systems (CTCSS) and other
sub-audible signaling schemes.

On-chip programmable dividers with a 5-bit logic ad-
dress control the 32 split points and their highband and
lowband carrier frequencies. The VSB microprocessor
uses the 5-bit address to generate a rapidly changing
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sequence of split points. Table 1 shows the exact relation-
ship between each split point and its associated carrier
frequencies.

Microprocessor Control

The VSB microprocessor performs scramble system
control functions, including:

generation of split-point sequences

control of system synchronization

monitoring of the push-to-talk (PTT) line

code key selection

code key loading

selection of the secure or clear mode.

The microprocessor generates pseudorandom strings
of split points initialized by one of four user-programmable
code keys. Non-volatile, electrically erasable, program-
mable read-only memory (EEPROM) stores the code keys
and other user-programmable system information (see
Figure 4).

To decode a rolling, VSB-scrambled message prop-
erly, the receiver(s) must “hop” in unison with the transmit-
ter from one split point to the next. A continuous synchro-
nization scheme accomplishes this task. The scheme
transmits 1200-baud minimum-shift keyed (MSK) data
bursts every three seconds. Authorized parties can de-
scramble transmissions even if the beginning of the mes-
sage is missed, preserving mobile radio's inherent “late
joining” feature.

MX-COM, INC.
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Figure 3 - Functional block diagram of the VSB filter array




ROM Address|Split Point | Low Band | HighBand ROM Address|Split Point | Low Band | High Band
AfA, Hz Carrier, Hz | Carrier, Hz A-A, Hz Carrier, Hz | Carrier, Hz
':n fez fc1 fcz
00000 2800 3105 6172 10000 1135 1436 4504
00001 2625 2923 6024 10001 1050 1351 4424
00010 2470 2777 5813 10010 976 1278 4347
00011 2333 2631 5681 10011 913 1213 4310
00100 2210 2512 5555 10100 857 1157 4273
00101 2100 2403 5494 10101 792 1094 4166
00110 2000 2304 5376 10110 736 1037 4132
00111 1909 2212 5263 10111 688 988 4065
01000 1826 2127 5208 11000 636 936 4032
01001 1750 2049 5102 11001 591 891 3968
01010 1680 1984 5050 11010 552 853 3937
01011 1555 1858 4950 11011 512 813 3906
01100 1448 1748 4807 11100 471 772 3846
01101 1354 1655 - 4716 11101 428 728 3816
01110 1272 1572 4629 11110 388 688 3787
01111 1200 1501 4587 11111 350 650 3731
Table 1 - ROM Address Programming

In the absence of valid synchronization bursts, receiv-
ers revert to clear mode. The automatic reversion to clear
mode (“clear voice override”) makes scrambling easier to
use in systems that include some radios not equipped for
scrambling.

Only transmitting VSB units generate synchronizing
data bursts, so the system resynchronizes at the transmit-
ting station's command. Transceivers automatically trans-
mit 80ms data bursts every three seconds after beginning
a transmission. Each data burst includes:

uses the time-of-day signal and synchronization cue to
descramble the incoming message properly. Unless the
receiving unit receives the proper address and file combi-
nation, it processes incoming transmissions as though they
were unscrambled.

A robust error-detection algorithm, based on the British
MPT 1317 signaling protocol, minimizes synchronization
errors. As a safeguard, VSB scramblers retain synchroni-
zation even if a single synchronization burst is missed. If
the scrambler misses two synchronization bursts in a row,

Unit System Address -- Iden-
tifies the scrambler as part of a
designated group.

{}EXTEFINAL LOGIC CONTROLS

Code Key File Number-- Iden- VSB
tifies which of the four stored code RX IN FILTER Rx out
keys to use. TX IN > ARIIéAY X OUT
Time Of Day -- When mixed
with the secret code key, which
never is transmitted, time of day
tells the receiver on which part of
the 50-hour long split-point se-
quence to begin “hopping.”
<
Synchronization Cue -- Tells MSK v EEPROM
SB
the receiver when to change split MODREM <:> uP <:> g.%%ﬁ’é%
points.
In the standby mode, VSB
scrambling units scan continuously N ﬁ

forincoming synchronization bursts
that have the proper system ad-
dress and file number. After receiv-
ing one such data burst, a VSB unit

Figure 4 - Block diagram of VSB scrambler mode

‘ |EXTEF!NAL LOGIC CONTROLS
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range.

An eavesdropper monitoring a VSB-scrambled trans-
mission hears an unintelligible jumble, interrupted by bursts
of digital “static” every three seconds. Consider VSB
scrambling's security features:

(1) The split-point sequence permutation, which is
based on a mixture of the secret code key and the time-of-
day signal, changes automatically every three seconds.
The code knowledge that may be obtained from one
descrambled three-second sequence cannot be applied to
descramble subsequent segments because they are based
on different sets of pseudorandom permutations.

(2) The split-point “hop rate” may be varied pseudoran-
domly, further complicating the task.

(3) Each VSB-equipped radio can transmit and receive
four programmed code keys, and VSB systems can acco-
modate as many as 16 unique code keys. Thus, a unit can
transmit on one code key and receive on another.

the system reverts to the standby mode and scans once
again for synchronization burst data.

Minimum-shift keyed modulation offers excellent nar- (4) The code keys may be changed at any time. They
rowband transmission properties and superior noise per-  never are transmitted. They cannot be deduced by visual
formance. With MSK modulation, voice intelligibility and  or mechanical means.
synchronization are lost more or less concurrently in fringe . i - L.
reception areas and without an appreciable loss in radio Given these security features, how difficult is it to

VSB Scrambling Multiple Codekey Capability

Within a VSB scrambling network, up to 16 codekeys can be allocated. Four of the sixteen codekeys can be
installed per radio. As illustrated below, this capability can create interesting subgroup segregation possibilities:

Scenario: Public safety departments of medium-sized cities need interagency, as well as private, intradepartmen-
tal secure communications.

Solution: A VSB Scrambling codekey allocation scheme allocates seven codekeys (A-G), four to the police force,
and two each to the fire department, ambulance service, and detective unit.

USER INSTALLED COMMUNICATIONS

SUBGROUP CODEKEYS CAPABILITY
1) HQ/Supv. All Monitor all channels
2) Police A Intradepartment only
B Police and fire
C Police and detectives
D Police and ambulance
3) Fire B Police and fire
E Intradepartment only
4) Detectives C Police and detectives
F Detectives only

Police and ambulance
Intrasquad, ambulance
and hospital G

5) Ambulance

[oNe]

Figure 5 - Muitiple codekeys extend subgroup segregation possibilities in a medium-sized city’s public safety
department
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descramble such a garbled transmission? According to two
experts, it is not easy.

According to Michael Washvill, a voice and data secu-
rity specialist with a federal agency, “VSB scrambling can
be broken, but not in real time. The only practical attack is
through trial and error. The scrambled speech must firstbe
recorded, then divided into finite time segments according
to the hop rate. Each segment is processed through a
variety of split point combinations until clear speech re-
sults.”

A TRW systems engineer and former U.S. Department
of Defense employee, Jim Walker, concurs: “The ‘brute
force' method of trial and error is the only way to break VSB-
scrambled speech. Assuming that the 'bad guys' have a
stolen VSB unit and no prior knowledge of the code key or
code keys, 50 to 100 minutes of dedicated effort are
required to descramble one minute of VSB-scrambled
speech. A rule of thumb is 60:1 'grunt time to clear speech
time'.”

Walker continued, “For most eavesdroppers, the po-
tential rewards do not justify the time and effort. Two
additional factors come into play. First, by the time the
information is decrypted, will it still be of any use? Second,
what percentage of the descrambled radio traffic will be of
value?”

Given the time and perseverance required to break a
VSB-scrambled transmission, two alternatives become
much more attractive to those who want to eavesdrop:
Steal a VSB-equipped radio or bribe someone who knows
the codekey. Strict code key management procedures
reduce system vulnerability to these attack methods.

To reduce the possibility of bribery, restrict code key
knowledge to one person. To guard against stolen VSB
units, change system code keys on a regular basis by using
the VSB keyloader.

The keyloader is a portable tool that reprograms VSB-
equipped radios in the field. A technician connects the
keyloader's data-loading cable to a VSB-equipped radio

and presses the load button to install as many as four new
codekeys into each radio. Only the person with codekey
management authority can program the keyloader or read
its contents.

Tactical vs. Strategic

Voice security requirements can be divided into two
broad categories: tactical and strategic. Tactical applica-
tions are those in which the secrecy of the message is time-
dependent, such as battlefield tactical communications,
most municipal police communications and nearly all dis-
patch communications. The tactical message retains its
value for one or two hours at most. VSB scrambling serves
tactical security requirements.

James Bramford, in his book The Puzzle Palace, de-
fines strategic communications as “the high-level diplo-
matic, commercial and military communications that might
give away a nation's foreign policy venture, where and with
whom it was doing business, or what new weapons were
being developed over the next few years.” Today's strate-
gic applications demand some form of digital encryption.

In addition to the message security afforded by digital
encryption or VSB scrambling, transmission security can
be assured through spread-spectrum techniques, such as
frequency hopping, which render the radio signal both
undetectable and immune to jamming.

Most mobile radio users have tactical voice security
requirements. For these applications, VSB scrambling
offers a practical, economical alternative to digital encryp-
tion systems. VSB scrambling requires no modification of
the installed communications network. It has little or no
impact on radio range. :

As dealers and users become more comfortable with
VSB and other new scrambling technologies, foiled drug
busts, unsolved burglaries and pirated business opportuni-
ties resulting from unauthorized eavesdropping will be-

come things of the past.
MX-COM, INC.

Reprinted with permission from the May 1988 issue of Mobile Radio Technology. Copyright 1988, Intertec Publishing

Corp., Overland Park, KS. All rights reserved.
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SWITCHED CAPACITOR INTERFACING

Anti-Aliasing and Smoothing Filters

By Jim Kemerling
. MX-COM, INC.
1.0 Introduction

Switched capacitor networks (SCNs) are sampled data systems and therefore are governed by the principles of
discrete time signal processing. In this context, “discrete time” means the signal is sampled prior to processing.
However, the amplitude is continuous — uniike digital signal processing (DSP) systems where both amplitude and
time are discrete.

VLSI technology (generally CMOS) has facilitated complete integration of SCNs on a single monolithic chip. Filters
utilizing switched capacitor techniques (SCFs) are composed of switches, capacitors and opamps. Notice resistors
are not mentioned. The resistors normally present in active filters are approximated by switched capacitors. By
taking advantage of matching properties of CMOS capacitors, SCFs can be fabricated with low tolerance levels
(less than 0.1%) and virtually any order.

The wireless and wireline telecom industries have made extensive use of SCFs. Even with the move towards digi-
tal technology and the ensuing popularity of DSP in the communications industry, SCNs are frequently employed
where cost and power consumption are critical. SCNs generally have relatively high sampling rates (typically greater
than 20 times the bandwidth of the interest) due to their discrete time nature, so aliasing and output smoothing
must be addressed. Often a simple single pole filter (R-C network) suffices, but the location of these poles must be
carefully thought out in the design process. The world is still analog.

The purpose of this paper is to address the need for anti-aliasing and smoothing filters for SCFs. First, the basics
of sampling will be reviewed. The fundamentals of SCNs will follow this, and finally the design of antialiasing and
smoothing filters for SCFs is addressed.

2.0 Sampling [3]

Before a continuous signal is processed by a discrete time filter it must first be sampled. Referring to Figure 1a,
sampling is the process of instantaneously capturing the level of a continuous signal at some predetermined rate.
This predetermined rate is the sampling frequency. As the sampling rate increases (Figure 1b) the sampled signal
begins to approximate the original continuous signal.
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Figure 1 - Waveform sampling: (a) sampling process, (b) reconstruction with acceptable sampling
rate, (c) reconstruction with unacceptable sampling rate.

On the other hand, as the sampling frequency decreases (Figure 1c) the samples move further apart in time, yield-
ing a reconstructed signal that does not resemble the original. The limit on how far apart these samples can be-
come without losing information is the basis for Shannon’s sampling theorem.

Shannon’s original work on sampling and information theory [3] stated the sampling theorem as:

“If a function f(t) contains no frequencies higher than f cycles per second it is completely deter-
mined by giving its ordinates at a series of points spaced (1/2f) seconds apart.”
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A formal derivation is obtained by convolving the Fourier transform of the continuous signal with the Fourier trans-
form of an infinite sequence of impulse functions.

Fs (0) = ——; (F(0)*S(a) ) )
4]
Fs (@) = —— TF(x)S(arx)dx @
2n A
Where, Fs(®) = sampled signal spectrum

F(w) = original signal spectrum
S(w) = spectrum for a sequence of impulses
o = radian frequency (2ry).

The result of the convolution is the original signal spectrum repeated at multiples of the sampling frequency as
shown in Figure 2. Notice that if the sampling frequency is less than twice the bandwidth of the original signal then
the replica centered at the sampling frequency will overlap and distort the original. This undesirable phenomenon
is aliasing. Aliasing will be avoided if,

fs22B 3

Where, fs= sampling frequency , Hz
B = bandwidth of original signal, Hz.

(a)

LA

(b)

Figure 2 - Frequency Spectrum of (a) continuous time signal; (b) sampled signal
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Figure 3 - Time domain representation of sampling at f,= 2B; (a) continuous signal; (b) sampled
signal; (c) reconstructed signal

Shannon’s sampling theorem is mathematically sound although, in most cases, it is not practical to sample a signal
at exactly twice its highest frequency component. Figure 3 shows a sinewave sampled at 2B samples per second,
where B = 1/T and T is the period of the sinewave. Notice the difference between the reconstructed wave shapes
and the original unsampled signal. This type of error is not the result of aliasing, yet it could cause deceptive re-
sults. A mathematician might claim that there is no information in a continuous sinewave that never changes ampli-
tude or frequency. This is a fact. However, if a signal is sampled at exactly 2B, some of the original signal may be
lost or distorted.

If the system designer is not concerned with the possibility of losing some of the original signal, and wanted to
sample at 2B, he or she would still be facing the problem of bandlimiting. Bandlimiting is necessary to avoid aliasing.
Figure 4 shows the spectrum of a sampled signal. Notice that for fg=2B the bandlimiting filter must have infinite
attenuation at the frequency B. A filter that matches this requirement is physically unrealizable.

ANTIALIASING FILTER RESPONSE

DESIRED SIGNAL UNDESIRED SIGNAL
DUE TO ALIASING
1 T > |
0
fs fs

Figure 4 - Antialiasing filter required for sampling at exactly 2B
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3.0 SCN Concepts [1]

Assingle pole active filter (inverting integrator) is shown in Figure 5. This circuit is the primary building block for most
active filters.

Cc2

| 1

11
vj(t) ) II R1 Il -

> ol
+
Figure 5 - Active R-C integrator.
The output is defined by
t
vo(t) =- RLC J;vi (1) dt @)

Hence, the output is an integrated version of the input, scaled by -1/RC. The pole frequency is determined by the
value of Rand C

1
2ntRC

fp = (5)

For a pole frequency of 3000Hz, (5) implies RC=53.05us. A possible implementation, selecting C=10pf (relatively
large capacitor for CMOS technology), requires R=5.305MQ. A monolithic resistor of this value would consume
excessive amounts of silicon and is subject to significant variation with process and temperature. Integrated ca-
pacitors are also subject to variation with process and temperature. In addition, capacitor variations are indepen-
dent of resistor variations.

A more practical realization is shown in Figure 6.

_ c
_ﬁ) _| |;

)

01
vi(t) >_/_ /]
| oy == = o)

v

Figure 6 - SC Integrator
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Notice R is replaced by a capacitor and two switches. The function of the resistor is now approximated by transfer-
ring charge from vi(t) to the inverting input of the opamp at intervals determined by clocks ¢1 and ¢2. To ensure
complete charge transfer ¢1 and ¢2 must not overlap as shown in Figure 7.

An approximate analysis of Figure 6 reveals the average current through the switches is

A C
== =21 (i) ®
T T
or
o1
= — (vj-v1) (7)
R

Where, R=T/C1

Looking back at the previous example for a pole frequency of 3000Hz, using T=10us (fclk=100kHz), yields
C1=1.885 pf. Hence, the integrator can be realized with two capacitors that will track with process and tempera-
ture. No longer is the absolute value of the capacitors important, only their ratio.

on
¢
off
< = > !
on
92
off
< T > '
Figure 7 - Non-overlapping clocks for SC integrator

4.0 Anti-aliasing and Smoothing Filters for SCNs [2]

SCFs approximate active-RC filters by replacing resistors with switched capacitors. As the clock frequency (sam-
pling rate) tends towards infinity the SCF becomes equivalent to the continuous time filter. In other words, higher
clock frequency yields a better approximation of the desired response. Also, higher clock frequency lessens the
requirements of the anti-aliasing filter (AAF) and smoothing filter (SMF). However, there are upper limits on clock
frequency. Although SCFs have been implemented with clock frequencies greater than 1MHz, typical telecom fil-
ters (BW less than 10kHz) are clocked at or below 250kHz.

One factor which opposes higher clock frequencies is large capacitor ratios. Referring to the example in section
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3.0, using 1MHz in place of 100kHz, C1 becomes 0.1885 pf. The ratio between C{ and C2 is now 53.05 where it
was 5.305. Large capacitor ratios consume more silicon area and are more sensitive to process and temperature
variations. Hence, the final sampling rate is a compromise between SCF implementation complexity and SMF/AAF
requirements.

SMFs and AAFs can be integrated, but they are subject to the same problems associated with the continuous time
RC integrator discussed in section 3.0 and are generally implemented externally. In some cases, where input and
output signals are band limited externally, additional circuitry for AAFs and SMFs is not required. A block diagram of
a typical SCF system, including AAF and SMF is shown in Figure 8.

IN out
S| AF L3 SO L SWF 3

!

feik
Figure 8 - SCF system with AAF and SMF

To determine AAF and SMF requirements the system designer must know the sampling frequency (felk) and the
bandwidth (BW) or cutoff frequency (fco) of the SCF. For discussion purposes, assume f¢lk=100kHz and fco=5kHz.
Recall from section 2.0, if any signal energy is present at the input, with frequency fs greater than 1/2f¢|k, it will be
aliased to felk - fs. Hence, an input with fg=99kHz will be aliased to 1kHz. This aliased signal will appear as noise
in the passband of the SCF. To eliminate or reduce the effect of this noise the AAF must band limit the input signal
to fclk - fco (see Figure 9).

A

- ANTIALIASING FILTER RESPONSE
- N
~
\
~
~
~
~
S S
1

| | T T >

feo feik feikfeo  fok  felkfeo

5kHz 2 95kHz 100kHz 105kHz

Figure 9 - AAF requirements for SCF system

To obtain 20 dB suppression of aliased noise the minimum requirement for the AAF is a first order section (single
. pole) with it's cutoff frequency set to 9.5kHz. (20 dB/decade/pole). Placing the pole at 9.5kHz minimizes the effect
on the SCF passband response. To obtain further suppression more poles are necessary.

MX-COM, INC. Page 555




The single pole AAF can be implemented with a simple RC at the input to the SCF. The values for can be arrived at

by using
1

RC =
2nfp

®)

where, fp = pole frequency.

For the AAF response depicted in Figure 9, RC = 16.75ms. Setting C = 0.1uf yields R = 168Q. The simple RC
network should be used with caution—capacitive loading can cause stability problems. Also, the value of the resistor
should be insignificant compared to the SCF input impedance.

A superior solution makes use of an additional opamp forming a damped integrator (see Figure 10). Often this
opamp will be available on the SCF chip.

The complete network, including R1, C1, R2 and C2, forms a bandpass filter with a frequency response character-
istic as shown in Figure 11.

c2
]l
11
C1
wo > HFEHAN
SCF Pt
+
SCF CHIP
Figure 10 - Active RC AAF
A 20 dB/decade
-20 dB/decade
| ¥ y
SCF
RESPONSE
T T >
f
fhp f|p
Figure 11 - AAF frequency response
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The highpass cutoff (fhp) and lowpass cutoff (flp) are determined by

1
Jhp = ©
2nR1Cq
and
1
= (10)
2nR2C2
The passband gain is set by
Gpb = R2/R1 (1)

C1 is not required if the input signal is biased properly (SCF internal bias = external bias).

To meet the AAF requirements shown in figure 9 (assuming unity passband gain, f|p = 9.5kHz and fhp =100 Hz)
R1 = R2 = 100KQ, C2 = 168pf and C1 = 0.0159f.

SMF requirements are similar to those of the AAF. The SCF output is a sampled signal and therefore contains
replicas of the SCF response at multiples of the sampling frequency. If left unfiltered these replicas appear as high
frequency (clock) noise. In some cases this is tolerable. However, in systems where minimum noise is critical the
SMF is required.

5.0 Conclusion

Switched capacitor filters are sampled data systems and hence require anti-aliasing filters at their inputs and smooth-
ing filters at their outputs. The simplest form (and often sufficient) of these filters is the single pole RC network.
Other forms such as active RC networks and higher order filters can yield distinct benefits. In any case, application
of switched capacitor filters must be viewed at the system level in order to realize optimum performance.
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An Audio Delay Circuit Based on the MX609 CVSD Codec

The schematic diagram shown on the following page
is an audio delay circuit based on the MX609 CVSD
Codec. Inaddition to the MX609, the circuit uses a Fujitsu
MB81C71 64K x 1 bit RAM, two 4520 counter ICs, and a
4069 inverter chip. It provides up to two seconds of delay.
This circuit provides a starting point for a designer who
wishes to implement an audio delay circuit. MX-COM
makes no guarantee of its performance and assumes no
responsibility for its use in any product.

Circuit Operation

In the following operational description, a bar over a
signal name is used to indicate an active low signal. For
example, W is an active low write enable signal. On the
MX609P, Clock Mode 1, pin 22, is tied to V; and Clock
Mode 2, pin 21, is tied to ground to set the encode and
decoder clocks for a sampling rate of 32 kb/s. The Encoder
Force ldle, Powersave, and Decoder Force ldle inputs,
pins 6, 15, and 16, respectively, are tied to V, to set them
inactive. The Data Enableinput, pin7, istiedto V  to make
the encoded data available at the Encoder Output, pin 5.
Pin 19, the Algorithm selectinput, is tied to ground to select
a four-bit companding algorithm. The other inputs are the
same as recommended for “External Component Connec-
tions” shown in the MX-COM data book.

The audio signalto be delayed is input to pin 10 of the
MX609, the Encoder Input, and is converted to a serial
stream of digital data. The serial data are output on pin 5,
the Encoder Output, and connected to pin 13, the D input,
of the MB81C71 memory chip. The Decoder Data Clock
output from pin 18 of the MX609 is connected to pin 1 of the
4069 inverter. The output of the inverter, pin 2, is con-
nected to pin 10 of the MB81C71, the W input, and to pin
3 of the 4069, the input to second inverter. Pin 4, the
inverter output, is connected to the enable input of the first
4520 counter.

The enable input is taken from the second inverter to
ensure thatthe 4520 counters increment after the W signal
into the 81C71 transitions from low to high. The clock
inputs of each of the 4520s, pins 1 and 9, are tied to ground
so that only the enable inputs control when the counters
increment. The reset inputs, pins 7 and 15, are also tied
to ground so that they never reset the counters. The
individual four bit counters in the 4520s are cascaded to
produce a 16 bit counter. The counter outputs, Q15 - QO,
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are connected to the address inputs, A15 - A0, of the
MB81C71.

There are switches between Q15 and A15 and
between Q14 and A14. The switches allow the number of
bits of the counter, and therefore the length of the delay, to
be adjusted. When the Decoder Data Clock falls from high
tolow, the counter, andtherefore the address, increments.
Since the Winputto the memory, pin 17, is the complement
of the clock, it rises from low to high, latching the encoded
data bitatthe D input. The E inputto the MB81C71, pin 12,
is tied to ground so that the memory is always selected.
When W is high and the address is stable, a valid data bit
appears at the Q output, pin 17, of the MB81C71. The
address of the data bit appearing at Q is one greater than
the address of the bit that was just written, so the counter
must cycle through its entire range before a data bit that
has been written into the memory can be read. Therefore,
adata bit output from the MX609 at the Encoder Output pin
is delayed by the number of clock periods of the range of
the counter. The delay is given by

Delay = (T sec/cycle) * (2N cycles)

where
T = period of Decoder Data Clock
N = number of bits used in counter

If all 16 bits of the counter are used, and the decoder
clock frequency is 32 kHz, then the delay would be

Delay = (1/32000) sec/cycle * (216) cycles
= 2.048 seconds

In this example, all locations of the memory are used.
If a shorter delay is desired, the switches connecting the
counter outputs and address inputs can be opened. If only
14 bits of the counter are used, then the delay is reduced
by a factor of four, to 0.512 seconds. The range of delays
could be increased even more by adding more switches
and by making the sampling clock frequency adjustable.
The Q output, pin 9, of the MB81C71 is connected to the
Decoder Input, pin 17, of the MX609. The decoder clocks
in the serial digital data stream from the memory and
converts itto an analog signal which is output at pin 13, the
Decoder Output. The Decoder Outputis the delayed audio
signal.
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MXeCOM Standard and DBS800 Crystal Oscillator Circuits

The DBS800 IC family can use an external clock
(output from a microprocessor, for example) or can

generate its own clock with an on-chip oscillator. This Co Rp :
application note discusses both a generic oscillator
circuit used for most MXeCOM ICs and the oscillator

circuit to be used with the DBS800 ICs. Vss

The standard MX*COM on-chip oscillator circuit Cs X,
functions correctly with the majority of crystals, but the -
use of this circuit with a few crystal types may cause the
following events: T

A

Inverter

Internal

1
1
1
I
1
I
i
1
1
1
1
1
1 to IC

1. Excessive drive level to the crystal. _L I(\!G External

to IC
2. Excessive over-voltage -- outside the maximum Ves

ratings -- at the oscillator input pin. This over-voltage
may show itself as degraded device performance. Figure 1 - Standard Crystal Oscillator Circuit

The oscillator circuit pictured in Figure 1 may be used when the above conditions apply or when specified by the
crystal manufacturer.

Crystal
Typically 4MHz or 4.032MHz (Parallel resonant).

Feedback Resistor

Sets the bias point for the amplifier. Low values of R, will reduce loop gain and disturb the phase
of the feedback network.

Typical Value is 1IMQ +10% (Range 1 - 20 MQ).

Drive Resistor

Resistor R, is used to limit the crystal drive level by forming a voltage divider between R and C,,.
R, also stabilizes the oscillator against changes in the output impedance of the inverter. To verify
that the maximum operating supply voltage does not overdrive the crystal, observe the output
frequency as a function of voltage at the buffered output. Under proper operating conditions the
frequency should increase slightly (a few ppm) as the supply voltage increases. If the crystal is
being overdriven, an increase in supply will normally cause a decrease in frequency or instability.
If the latter is the case (i.e. crystal being overdriven), increase the value of R (refer to crystal
manufacturer's recommendations).

Drain Capacitor

Capacitor C, provides phase shift and reduces crystal drive. Large values of C tend to stabilize
the oscillator against variations in power supply voltage. Large values also reduce the tuning
capability of the oscillator and overtone activity.

Typical value is 33 pF +20% (crystal manufacturer may recommend 5 - 40 pF).

Gate Capacitor

This capacitor provides phase shift and input voltage for the amplifier. In some oscillator circuits
C, is used to adjust the oscillator to frequency, although this generally may not be required. Large
values reduce loop gain and increase stability.

This capacitor may be used to reduce over-voltage at the inverter input. However, the reduction
in loop gain may cause oscillator start-up problems. The value of C will typically be in the range
5 - 65 pF +20% (refer to crystal manufacturer's recommendations).
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SRR

Stray Capacitance

Due to the low motional capacitance of small crystals and the high inverter input impedance the
designer should be concerned with circuit board layout. For best oscillator performance C should

be less than 1 pF.

DBSB800 Crystal Oscillator Circuit

The oscillator circuit for the MX806A is similar to the
standard circuit described above, but there are some
important differences. Figure 2 shows the MX806A
oscillator circuit. Note that the feedback resistor, R,, is
internal to the IC and that drive resistor R, has been
omitted. External capacitors C, and C, mustbe provided
in addition to crystal X,. The values of C, and C, are
typically 33 pF.

In a system that does not include the MX809 1200
bps Modem, a 4 MHz crystal is specified. But if the
system design includes the MX809, or will be upgraded
in the future to include it, a 4.032 MHz crystal must be
used for proper operation of the MX809. The other chips
will also function properly with this clock frequency.

A

Inverter

C, 1
1] o
il ,
1
1
Vss — 1
X, 3 ! R,
I
I
1
| o
1 S
C, External Internal
to IC 1 to IC
Vss

Figure 2 - Oscillator Circuit for the MX806A

For systems that include more than one DBS800 IC, the clock for the MX806A may be generated with a single
crystal using the on-chip oscillator of the MX806A. The output clock signal from the MX806A is then cascaded from chip
to chip within the system. This configuration is shown in Figure 3.
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VW

C,

[
i
Vss X, 3
Jam s

1
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CLK
MX802

CLK

Inverter

MX803

MX806
CLK
MX809
CLK
MX805

Figure 3 - Cascaded Clocks for the DBS800 System
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Wireless Data Modems:
Getting the Best Performance

By Bud Simciak and Sam Rizk

MXeCOM’S Wireless Data Modem ICs

MXeCOM's complete product line of wireless data modem ICs offers OEMs full product migration from speeds
of 1200 bps to 40 kbps.

Our first modem (the MX409) appeared in 1984. Today the MX439 serves a similar bit-serial Minimum Shift Key
(MSK, or Fast Frequency Shift Key (FFSK)) 1200 bps application. Uses of MSK modems are numerous, from the
recovery of stolen vehicles to the elimination of red cabooses. Yes, cabooses. Traditionally the person in the caboose
signaled the conductor regarding information critical to the safe operation of a train — like airbrake pressure and current
to a taillamp. Now this data can be handled by MSK-1200 radio telemetry signals instead -- an entire train caris replaced
by a modem. Greater reliability and less cost are achieved through radio modems.

Byte-wide, protocol-specific units serve trunked mobile systems in the UK (MX429 w/MPT-1327) and France
(MX529 w/PAA-1382). These are excellent, field proven protocols useful for just about any radio system data
application, trunked or not. Selective Calling Protocol is supported by MSK-1200 and exists as an ETSI draft (EBSS
1200) in Europe. In the USA, 1200 bps MSK is marketed by Motorola as the MDC-1200 system, using a unique 1200/
1800Hz preamble as a “data squelch.”

The MX809 combines many of the best features of the serial and byte-wide devices. Receive and transmit data
is exchanged in byte length serial bursts allowing both free format and protocol-specific operation. Interface to a
microcontroller is provided using the C-BUS (MXsCOM's DBS800 System BUS) and addressable registers.

All MXsCOM 1200 bps modems use 1200/1800 (mark/space) frequencies: one cycle of 1200Hz constitutes a bit
“1,” one-and-a-half cycles of 1800Hz a bit “0.” Each bit period is a constant 1/1200 of a second. One-zero bit transitions
occur at the sinewave's zero crossing, as a phase coherent frequency shift — from which the Minimum Shift Keying
name is taken. The occupied bit-rate bandwidth is 900 to 2100Hz.

Our newest product releases are a High-Speed and MOBITEX GMSK Modem (MX909), two high-speed 4-Level
FSK modems, one for general purpose (MX919) and one for ARDIS systems (MX929), and a CDPD/AMPS-Wide Band
Data fulll-duplex modem (MX939). Other modems are a 1200/2400 bps MSK model (the MX469) and the MX589, a
GMSK unit that operates at 4800, 8000, 9600, 19200 and 40000 bps.

1200 bps MSK Modem
1200/2400 bps MSK Modem with Serial Control
19.2k bps GMSK Modem with Serial Control
1200 bps MSK Modem with C-BUS Control
40k bps GMSK Modem with Serial Control
MX909 High-Speed and MOBITEX GMSK Modem
MX919/929 | High-Speed 4-Level FSK Modem/ARDIS
MX939 CDPD/AMPS-WBD Full-Duplex Modem

Table 1 - MX*COM Modem ICs

Principals of FSK/MSK/GMSK

Frequency Shift Keying (FSK) functions by assigning one carrier frequency (f1) to the “0” binary state and a
second carrier frequency (f2) to the “1” binary state. Abrupt changes in carrier phase can occur as transitions take place
between the two frequency states, as shown in Figure 1.

\\\\\\\\L
E RN RN

Defining the modulation index, m, as
m=AfxT
where, Af =12 -f1
T = binary state duration (inverse of bit rate, 1/bps)

Page 562 MX-COM, INC.



T T T T T T T 1 1 I I I I I T I T T

pd I~ V) AV 6 - Z -~ & & o -

< gl N

% 1 _

) o .
X

5 %)

w =

TIME TIME
Figure 1 - Frequency Shift Keying (FSK) Figure 2 - Minimum Shift Keying (MSK)

CPFSK is defined as continuous phase FSK. MSK is defined as a special case of CPFSK where m=0.5, and
results in minimum difference in signaling frequencies equal to bit rate/2. Continuous phase in MSK is also maintained
by constraining the frequency changes to take place at the carrier zero crossing as shown in Figure 2.

Althrough phase continuity has been achieved, there remains a frequency discontinuity at each symbol transition,
and to remove this requires pre-shaping of the baseband bit stream with an appropriate filter. Use of a pre-modulation
low pass filter with a Gaussian charactersitics in conjunction with the MSK achives this (GMSK). Spectrum
charactersitics of representative CPFSK, MSK and GMSK are shown in Figures 3 and 4.

CPFSK modulation has been adopted as the modulation standard for the Bell 202 type modem. MSK modulation
was selected for RF data communications for low signal to noise environment or situations that require less bandwidth
than the FSK approach. GMSK has been adopted as the modulation standard for the pan European GSM cellular
network, RAM/Mobitex at 8kbps, and Cellular Digital Packet Data (CDPD) at 19.2kbps.

CPFSK/MSK Spectrum
1200 bps Data Rate

. L] \\ R
/] \\ [\ >&/LCPFSKI‘\

S
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s \| W\
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Figure 3 - MSK vs CPFSK
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The Effect of Modem Bandwidth on Bit Error Rate (BER)

The basic measure for rating one modem against another is its BER performance. BER is the ratio of error bits
to the total transmitted bits for a given level of signal-to-noise (SNR). BER performance is dependent on the noise
bandwidth at the modem’s internal data detector circuit. The narrower the modem's bandwidth, the better BER for
same SNR at the modem's inputs. An MSK modem has a 1200Hz noise bandwidth where a Bell 202 type has
approximately 2500Hz. The improved performance using a typical FM receiver is shown in Figure 5, with the MSK
modem outperforming the Bell 202 by several dB.

In a given radio link, BER performance varies with signal-to-noise, and fringe area service decreases SNR. Noise
increases errors (see Figure 6). MSK-1200 performs several dB better than voice, on the premise that voice follows.
In trunking and SelCall systems, the data is used to set up a voice link, so there is no point in grossly over-reaching
the radio’s voice range. A SINAD of 12 dB is the accepted limit of voice intelligibility, and 8 to 10 dB SINAD is the goal
of MSK-1200 service.

Poor performance under good signal conditions points to elements in the detection process that are not correctly
aligned. Modems made from discrete components typically need periodic re-alignment. Data carriers drift or the PLL
goes off center. IC Modems lock onto quartz crystals, use digital frequency dividers and switched capacitor filters that
don't drift, and don't need alignment because there's nothing to align.

Once the modem is in your radio system, you will test it. Modem testing is optimized for test time (cost) and

MX439/469
MSK Modem
Radio Audio or Baseband ~_ Data
Antenna Signal Out =~ ) | oata Carrier
BPF Detector Detect

RF Amp I IF Amplifier | | 4?
A =— — & E— = | | pata
~ / :‘1'> Data

Mixer Filters Discriminator 17 |Detector
ﬁ 1T BPF
Noise >
Squelch N
Local RF Carrier M ]
¢ odem Filtered
Oscillator /Detectors Data Signal

RSSI Squelch T

RF Transceiver (typ)
Figure 5 - MSK Modem Together With a Typical FM Receiver
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statistical significance of the test results.
For example, the MX439 1200 bps mo- 01
dem, rated at 10-3 BER at -117 dBm RF
signal level, will require 12000 bits to

Bell Type Modem

detect up to 12 errors and will take 10 0.01

seconds to test. That is a reasonable (CPFSK)
amount of test time. However, if this . 0001 ﬂ
modem is tested for BER of 10-4 at ]

another RF signal level, this will require T - Ju—
120,000 bits for the same statistical test J 0.0001 e .

significance and the test time will zoom to MX-COM MX439

over 100 seconds!

12-05
What happens to BER as RF levels i
are varied? The result of comparative o !
testing performed with an MX439 and a e - | = -
typical Bell 202 IC modem installed in a o . ‘
typical UHF receiver is shown in Figure 6. 1707 ‘ i - i
With a signal of -117dBm (0.3pV) the “122 421 120 <119 118 117 116

MX439 delivers a BER of about 1 x 10* RE Signal Level (dBm)

compared to the Bell 202 units about 1 x | Figure 6 - Bit Error Performance
10°. MSKs inherent narrower bandwidth
allows filtering to remove more noise than the Bell FSK modem. This results in fewer bit errors.

Synchronous vs. Asynchronous Data

Data transmission systems are designed to operate with either synchronous or asynchronous serial data formats.
In a synchronous system, each bit is clocked in synchronism with the system master clock. The synchronizing signal
may be embedded in the data signal or provided on a separate clock line. In addition, synchronous transmission
requires the use of frame sync preamble to allow the receiver to determine the beginning and end of blocks of data.

This is achieved in MSK synchronous modems by encoding a preamble of 1-0-1-0 transitions (16 bits by
convention), allowing receiving stations time to lock onto the edges of the received data. This is done in MXsCOM
modems with a digital PLL that controls a frequency divider incremented in 1/28th bit steps. A misaligned worst-case
signal may take as many as 14 bit times to lock. Lacking edges on which to lock, the DPLL free runs at 1200 bps.

In asynchronous systems, each character (or word) consists of a “start bit” that starts the receiver clock and
concludes with a “stop bit” that terminates the clocking. Typically, slower wireline modems use asynchronous
modulation while fast ones are synchronous. All benefit from a great deal of handshaking, and smart ones default to
slower speeds when the going gets tough.

FM Mobile radio is characterized by noise and fading, over a few short hops. Wirelines have noise, but little fading

Carrier
Detect
S —_— N
. | . . Clock
Noise ] Rectifier Signal to Noise
Filter | Comparator l
B L] N | S — *W
I — Digital Data |—
PLL tch
Rectifier . Late l Data

MSKRX . o Data Data I irri 1——
Filter Limiter Detector Filter ‘ Limiter B

Figure 7 - MSK Receiver Block Diagram
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and fewer hops. These introduce group delay and isochronous distortion or jitter -- a source of difficulty for
synchronization and high Bit Error Rates (BER).

Forward Error Correction (FEC) functions best with synchronous data streams. If any single bit is corrupted, all
other bits stay in position and FEC can act to correct the bit error. In asynchronous data streams, any “start” corrupted
bit will result in offsetting all subsequent data bits, rendering the FEC useless.

Detecting Data Carriers in Wireline vs. Wireless

Data carrier detection methods vary depending on the transmission media characteristics. Wireline modem data
carrier detectors look for broadband energy. Detectors can differentiate between white noise and signal. But wireless
data carrier detection, as in the MX439, looks for a level differential between the energy in the data passband and the
energy at the MSK first null point (2400HZ). That’s because the output of unsqueiched RF discriminator is
characterized by high levels of broadband white noise which wireline broadband detectors will not be able to
differentiate from signal. The circuitry in the MX439 is a pair of envelope detectors looking for a signature characteristic
of MSK data.

One of the application problems of any carrier detection technique is trading off response time for false alarms.
The value ofthe detector integration capacitor shown
on the data sheet is 0.1uf. Naturally, it plays an 0.1
important role in determining detector response
time, but also affects the false alarm rate. Increasing
the capacitor value, decreases the false alarm rate
but increases the time to detect the carrier. The level
of the noise which drives the detectors also controls
the false alarm rate. Care must be taken not to
saturate the filters in the MX439 or provide too low
of a level. In the particular receiver used for our
tests, RMS levels of unsquelched noise were twice
that of data (data @ 3kHz deviation). The result of
substituting other values of integration capacitors is
shown in Figure 8. The MX439's data carrier detect
threshold is 125 mVrms. For best operation noise
should be kept in the 250 to 400 mVrms range. 0.0001 \ |
Some RF receivers may require a pad or attenuator 650 600 550,“;30,\[0;:: fﬁve‘l‘?f mjl?v?)usz’oo 29020
to provide this optimum detection level. Another .
option might be to adjust the Q of the radio receivers |_Figure 8 - False Alarm Rates
quadrature detector coil to establish the desired
recovered audio level that way.

g el
|
l
|
|

f Time Indicating Sigral
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A by-product of increasing the size of the
capacitor on the carrier detector pin is chatter or
multiple edges in the carrier detector output. As the
detected data signal appears at the carrier detect
time constant pin, there is a much slower rise time . Camier Detect
due to the increased size of the time constant ‘
capacitor. As this signal has some of the detected
audio components present, it causes multiple edges
on the leading edge of the carrier detect output as 047 UF !
the signal passes through the threshold point of the

Carrier Detect Time Constant
74HC04

/@

L]

i
comparator. ™™ i
Modems working in concert with microproces- 3
sors may be able to overcome this with software by
multiple samples over time of the carrier detect 0.047 UF

signal. An alternative is to add an inverter to the
output of the carrier detector and apply positive | Figure 9 - Adding Hysteresis
feedback at the carrier detector time constant pin to
accomplish a Schmidt trigger effect. This is shown in Figure 9. Capacitive feedback was selected instead of resistive
feedback because capacitor feedback is easier to control in this application.
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Using an MSK Synchronous Modem
with an Asynchronous Data I/O

By Bud Simciak

Asynchronous Modem Circuitry

This application note, used with current MX439/MX469 product information, outlines the construction of a low-
cost asynchronous modem for the transmission of RS-232 data in the form of Minimum Shift Keying (MSK), between
terminals by a radio or line medium (see page 157-170 for MX439/469 information).

The modem circuitry shown in Figure 1 accepts asynchronous data while transmitting synchronous data using
the MX439/469 series modem. The MX469 may be used to transmit data at either 1200 or 2400 bps, depending on
the setting of Switch 1 shown in Figure 1. The MX439 always transmits data at 1200 bps. Switch 1 must be set in
position A to use the MX439. The chart below details the devices used in this application.

RS-232 Driver/Receiver Level Translator Maxim MAX-232

Async to Sync, Exar XR-2135 or Sipex MAS7838
Sync to Async Conversion

Data Carrier Detection MXeCOM MX439/469

Controlled RTS/CTS Delay 74HC04 Delay Eilement
Generation of MSK Signals MXeCOM MX439/469

Reception of MSK Signals MXeCOM MX439/469

Interface into Radio System MXeCOM MX439/469

RS-232 Handshake Misc Circuitry

The signals required for an RS-232 handshake for asynchronous data are as follows. A complete definition of
each is given at the end of this application note.

DTR Data Terminal Ready
DSR Data Set Ready

RTS Request to Send
CTS Clear to Send

TXD Transmit Data

RXD Receive Data

The Maxim MAX-232 converts the TTL/COMS input/output levels to +10V RS-232 input/output levels. On power-
up, the data set ready (DSR) signal is set by the MAX-232’s DC to DC converter. The incoming data terminal ready
(DTR) signal enables the transmitter keying signal.

The request to send (RTS) and clear to send (CTS) signals are level shifted from the RS-232 interface to TTL/
CMQOS signal levels. When the modem receives an RTS, the RF transmitter and the MSK tone are keyed immediately
and a 30 ms to 100 ms timer is started. At the completion of the timing, a CTS signal is generated for the data terminal
to allow serial data flow.

The transmit data (TXD) signal is level shifted to the TTL/CMOS levels, and applied to the Exar 2135 sync to
async converter circuit. The random timed asynchronous input from the data terminal is synchronized with the transmit
clock pulses of the MX439/469. If a timing error builds up due to the difference of the external asynchronous clock
and the synchronous internal timing on the modem, the XR-2135 will skip a stop pulse to allow an adjustment to occur.
The receiving end XR-2135 will generate a stop pulse and add it into the data flow so that no information is lost.

From the sync to async convertor, synchronous information is then sent into the MX439/469, which converts the
digital ‘1’ into one cycle of 1200 Hz sinewave and a digital ‘0’ into one and a half cycles of 1800 Hz sinewave for 1200 bps
and 1200 and 2400 Hz for 2400 bps. This sinewave is then sent on the transmitter through a level adjustment. The
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signal is sufficiently band limited and level controlled to pass FCC type acceptance testing without any additional in-
band filtering.

The incoming receiver signal is fed into the MX439/469 which is held in a power down mode until an RF carrier
is detected by the receiver squelch circuitry. This minimizes power drain and also prohibits false information from being
sent to the data terminal. If the receiver does not have a noise squelch signal, the chip’s carrier detect must be used.
It will detect within 12 ms the presence of the data modulation tone. This event is output on the carrier detect pin which
should be used to disable the data output to minimize random data at the terminal. The use of the Schmidt trigger
circuitry would minimize the ‘clatter’ at the beginning of the detection signal.

The tones are translated into logic levels and a digital phase lock loop is locked onto the incoming data steam
within 16 bit reversals. The detected synchronous data and the recovered receive clock are sent into the XR-2135
for conversion back into asynchronous data. This information is then sent out to the data terminal through the Maxim
MAX-232.

Operation in either a synchronous or asynchronous mode is achieved with a jumper. If additional RS-232 level
shifting is needed for transmit and receive clocks and TX and RX enable, pins on the XR-2135 are brought low. Bringing
these pins low bypasses the conversion process and allows synchronous data to pass directly through the device.

Proper clock frequency for the MX439 device is provided by a 4.032 MHz crystal. Clock frequency for the XR-
2135 must be provided at 256 times the bit rate. This is accomplished by using a 2.4576 MHz crystal and dividing down
by eight to 301.2 kHz (1200 bps) or by four to 602.4 kHz (2400 bps). Power is derived from a single 7805 voltage
regulator. DC current measured on the first model is 12.75 mA.

Software Considerations

As with many data systems, there are certain items that should be addressed within software for proper operation.
These items are:

Bit Sync Pattern
Bit Sync Time
Noise Bits at End of Transmission

Since the MSK modem is a synchronous device, a pattern must be transmitted at the beginning of each RF burst
to allow the DPLL sufficient time and data transitions (a change from a one to a zero or a change from a zero to a one)
to synchronize. The device requires at least sixteen of these transitions for sync to occur. This may be accomplished
by appending two bytes of $55 or $AA onto the message. Once this is accomplished, adding a beginning of text
character and an end of text character would ensure a correct decode at the receiving end. This is especially true at
the end of the transmission. Once the RF signal ends, high level noise will be emitted from the receiver. Even if the
data carrier detect or the noise squelch signals are used to gate the data off, there will be a period of noise while these
circuits are making their decision. It is this random data which many times will cause a programmable logic controller
or point of sale terminal to lock up. Having the message bracketed and only dealing with the information between the
start and stop characters is one method of prohibiting random data from entering the actual message.

Operation with CTCSS or DCS Sub-Carriers

Because the MX439/469 modems contain a bandpass filter on the input, CTCS/DCS sub-carriers are filtered out
without extra circuitry.

It is important that no energy from the tone section appears within the transmitted data signal passband of 900
to 2100 Hz for 1200 bps or 600 to 3000 Hz for 2400 bps. It is equally important that the tone and data signals are not
summed together and sent into the limiter section of the transmitter. The limiter represents a nonlinearity and would
generate intermodulation products within the data bandpass which when received generate errors in the decoding of
the data. Tone is normally summed into an FM transmitter after the limiting.

Radios designed only for data do not require a speech limiter, allowing tone and data to be summed directly.
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RS-232 Handshake

The RS-232 handshake for asynchronous data requires the following signals:

Data Terminal Ready is a signal from the terminal or computer that indicates to the modem that the unit is
powered and active. An RF transmission should not be enabled if the Data Terminal is not active.

Data Set Ready is a signal from the modem that indicates to the terminal that the unit is powered and active.
Many terminals or computers will not allow data to flow without this condition being true.

Request to Send emanates from the terminal or computer. The software or user has decided that transmission
should begin and requests that the RF carrier be turned on.

Clear to Send is a signal that originates from the modem. It is sent in response to a RTS, the request to send
signal from the terminal or computer after certain criteria have been met. It is not sent until sufficient time has expired
after the transmitter keyed to allow adequate settling time for both the RF transmitter and receiver. It would not be
sent if there is an RF carrier on the channel indicating another user. Finally, it would not be sent if a high VSWR were
detected on the transmitter when it was keyed. (Not all transmitters are provided with a VSWR detector.)

Transmit Data and Receive Data is the actual asynchronous data flow. Transmit data is data coming from the
terminal and Receive data is data flowing into the terminal.

Another term often heard is DTE and DCE ends of RS-232. This refers to what part of the handshake is expected
and what the functions of the RS-232 connectors would be. Most often a computer would be programmed to be a DTE
or data terminal end of the information flow. When one computer wishes to talk to another computer, it's like two people
transmitting on their radios at the same time. Nobody hears the other! If one were to use a ‘null’ modem cable, the
wires are interchanged such that one of the data terminals is now wired like a data communication device. The same
is true of two modem devices. A modem device is a DCE (data communication device) which cannot be plugged into
another DCE. However, if a few additional signals are available, one DCE could be used to daisy chain into another
DCE as shown in Figure 2. As can be seen the data carrier detect lines are used to key the companion modem unit.
The originating end must be programmed with sufficient delay to allow the RTS/CTS delay of the modems to occur
prior to the beginning of any information transfer.

Data Set Ready X Data Set Ready
Data Tenminal Ready Data Temminal Ready

Request to Send Request to Send
Qearto Send ——_;\—/— Olearto Send
Transmit Data Transmit Data
Receive Data / X \ Receive Data

Data Canier Detect ———/ \— Data Carier Detect

DCE Device DCE Device

Figure 2 - Modem Interconnect
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Error Detection & Correction of MPT1327
Formatted Messages

using MX419, MX429, MX439, MX469, MX489 or MX809 devices

by Pam Roberts

1.1 Background

MPT1327 messages are transmitted as 64-bit ‘codewords’, where each codeword contains 48 information bits

followed by 16 check bits:
Bit No: 1 48 | 49 64

information field check bits

(Bit number 1 is transmitted first.)

These check bits allow the receive terminal to detect all odd numbers of errors, any 2 or 4 errors, and any error-
burst up to length 16 in a codeword, and also to correct errors in the received codeword, although it should be
noted that the higher the degree of error correction applied, the more likely is false decoding.

This document gives algorithms for:
Generation of the check bits of a transmitted codeword.
Received codeword error detection.
Limited error correction of a received codeword.

These algorithms may be used with any bit or byte oriented modem, such as the MX419, 429, 439, 469, 489 or

809, although the MX429 and MX809 devices can perform check bit generation and error detection automatically
and the MX429 also provides a 16-bit ‘Syndrome’ output which may be used to aid error correction.

1.2 Generation of Transmit Codeword Check Bits

|k

.2.1 Theory

The first 15 check bits are derived from a (63,48) cyclic code by using codeword bits 1 to 48 as the
coefficients X62 to X15 (in that order) of a 63 bit polynomial, which is then divided modulo-2 by the gener-
ating polynomial;

X154 X144 X134 X114 X4 4+ X2 + XO (11101000 00010101 binary)
On completion of the division, the 15 coefficients X14 to X0 of the remainder are used as the first 15 check

bits (codeword bits 49 to 63), with the X0 coefficient (bit 63 of the complete codeword) inverted.
Finally, bit 64 of the codeword is added to provide an even parity check of the whole 64-bit codeword.
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b

.2.2 Example of Transmit Codeword Generation

Information field; 6 data bytes
89 AB CD EF 12 34 Hex
10001001 10101011 11001101 11101111 00010010 00110100 Binary

Polynomial division
KO e x0
10001001 10101011 11001101 11101111 00010010 00110100 00000000 0000000
11101000 00010101
1100001 10111110 1
1110100 00001010 1
10101 10110100 010
11101 00000010 101
1000 10110110 1110
1110 10000001 0101
110 00110111 10111
111 01000000 10101
1 01110111 0001010
1 11010000 0010101
10100111 00111111
11101000 00010101
1001111 00101010 1
1110100 00001010 1
111011 00100000 01
111010 00000101 01
1 00100101 0010111
111010000 0010101
11110101 00000101
111010 0010101
11101 00010000 000
11101 00000010 101
10010 10110010 001
11101 00000010 101
1111 10110000 1001
1110 10000001 0101
1 00110001 1100010
1 11010000 0010101
11100001 11101110
11101000 00010101
1001 11111011 0000
1110 10000001 0101
111 01111010 01010
111 01000000 10101
111010 11111000 00
111010 00000101 01
11111101 0100000

Remainder with last bit inverted:
11111101 0100001

Complete codeword, including parity bit:
Bit; 1 64
10001001 10101011 11001101 11101111 00010010 00110100 11111101 01000010
89 AB CD EF 12 34 FD 42
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1.23 ‘C’ Language Algorithm

/***************k************************************************************/

/* Function gen_ckbits() returns the first 15 check bits of a transmit */
/* codeword (codeword bits 49 to 63). Bit 15 of the returned value will */
/* be codeword bit 49, bit 1 of the returned value will be codeword bit */
/* 63, and the 1lsb (bit 0) should be ignored. */
/* The last bit (64) of the codeword must be derived separately, to */
/* give even parity of the whole 64-bit codeword. */

gen_ckbits ()
{

int n,bit;
unsigned int ckbits = 0; /* Clear check bits */
for(n=1;n <= 48;n++) /* 48 information bits...... */
{ /* */
bit = getbit_tx(n); /* Get each bit in turn ... */
if( 1 & (bit © (ckbits >> 15))) /* XOR tx bit with MSB */
/* of checkbits and if */
/* the result == 1 */
ckbits "= 0x6815; /* then XOR checkbits x/
/* with 6815 Hex */
ckbits <<= 1; /* ... Shift check bit word */
/* one bit left, */
}
return(ckbits ~ 0x0002); /* Return checkbits with */
/* codeword bit 63 inverted */
}
/* Function getbit_tx(n) should return bit ‘n’ (1 to 48) of the transmit*/
/* codeword information field. */

getbit_tx(n)
{
return(/* 1 or 0 */);

}
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1.3 Receive Codeword Checking & Error Correction

1.3.1 Theory

The parity of the received 64-bit codeword is checked, then bit 63 of the codeword is inverted. The first 63 bits of
the resulting codeword are then used as the coefficients X77 to X15 of a 77 bit polynomial, which is then divided
modulo-2 by the ‘generating polynomial’. If the remainder is zero, and the parity check is met, then no errors have
been detected.

The 15-bit remainder of this division is used as the least significant 15 bits of the 16-bit ‘Syndrome’ word gener-
ated by the MX429 (and by the algorithm of section 3.4), while the msb of the Syndrome word is set to ‘1’ if the
parity of the received codeword is incorrect. The resulting Syndrome word value can give an indication of which
bit(s) of the codeword have been received incorrectly; see section 3.4.

1.3.2 Example of Receive Codeword Checking: No Errors
Received codeword: 6 bytes:

89 AB CD EF 12 34 FD 42
10001001 10101011 11001101 11101111 00010010 00110100 11111101 01000010
Bit;1 64

Step 1: even parity checked OK

Step 2: invert bit 63 then divide first 63 bits (shifted left 15 places) by generating polynomial:
%77
10001001 10101011 11001101 11101111 00010010 00110100 11111101 01000000 00000000 000000
11101000 00010101
1100001 10111110 1
1110100 00001010 1
10101 10110100 010
11101 00000010 101
1000 10110110 1110
1110 10000001 0101
110 00110111 10111
111 01000000 10101
1 01110111 0001010
1 11010000 0010101
10100111 00111111
11101000 00010101
1001111 00101010 1
1110100 00001010 1
111011 00100000 01
111010 00000101 01
1 00100101 0010111
111010000 0010101
11110101 00000101
11101000 00010101
11101 00010000 000
11101 00000010 101
10010 10110010 001
11101 00000010 101
1111 10110000 1001
1110 10000001 0101
1 00110001 1100010
111010000 0010101
11100001 11101110
11101000 00010101
1001 11111011 1111
1110 10000001 0101
111 01111010 10101
111 01000000 10101
111010 00000101 01
111010 00000101 01
000000 00000000 00000000 00000000 000000

Remainder = zero
MX429 ‘Syndrome’ word: 00000000 00000000
No errors detected
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1.3.3 Example of Receive Codeword Checking: 2 Errors

Received codeword: 6 bytes: bits 9 & 10 in error
89 6B CcD EF 12 34 FD 42
10001001 01101011 11001101 11101111 00010010 00110100 11111101 01000010
errors; XxXx
Bit;1 64

Step 1: even parity checked OK

Step 2: invert bit 63 then divide first 63 bits (shifted left 15 places) by generating polynomial:
KT e, %0
10001001 01101011 11001101 11101111 00010010 00110100 11111101 01000000 00000000 000000
11101000 00010101
1100001 01111110 1
1110100 00001010 1
10101 01110100 010
11101 00000010 101
1000 01110110 1110
1110 10000001 0101
110 11110111 10111
111 01000000 10101
110110111 0001010
111010000 0010101
1100111 00111111 1
1110100 00001010 1
10011 00110101 011
11101 00000010 101
1110 00110111 1100
1110 10000001 0101
10110110 10011111
11101000 00010101
1011110 10001010 0
1110100 00001010 1
101010 10000000 10
111010 00000101 01
10000 10000101 110
11101 00000010 101
1101 10000111 0111
1110 10000001 0101
11 00000110 001000
11 10100000 010101
10100110 01110110
11101000 00010101
1001110 01100011 0
1110100 00001010 1
111010 01101001 10
111010 00000101 01
1101100 11110100 1
1110100 00001010 1
11000 11111110 011
11101 00000010 101
101 11111100 11011
111 01000000 10101
10 10111100 011101
11 10100000 010101
1 00011100 0010000
111010000 0010101
11001100 00001011
11101000 00010101
100100 00011110 01
111010 00000101 01
11110 00011011 000
11101 00000010 101
11 00011001 101000
11 10100000 010101
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Remainder; non zero

MX429 ‘Syndrome’ word:

00000000 01100000

10111001
11101000
1010001
1110100
100101
111010

11110100
00010101
11100001 ©
00001010 1
11101011 10
00000101 01

11111
1
10
11

11101110 110
000010 101
11101100 011000
10100000 010101

1
1

01001100 0011010

11010000 0010101

10011100 00011110
11101000 00010101

1110100 00001011 ©
1110100 00001010 1

1 100000

Therefore, from the table in section 3.4, codeword bits 9 & 10 of the received codeword are incorrect.
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1.34 ‘C’ Language Algorithm

The following algorithm produces a 16-bit ‘Syndrome’similar to that generated by the MX429, which will have a
value of zero only if no errors have been detected in the received codeword.

/*********************************************************‘k*****************/

/* Function calc_syndrome() returns the 16-bit ‘Syndrome’ of a received */
/* MPT1327 64-bit codeword. */

calc_syndrome ()

{
int n,bit;
int parity=0; /* Clear parity register */
int syndrome=0; /* Clear 16-bit syndrome */
for(n = 1;n <= 64;n++) /* 64-bit codeword... */
{ /* * /
bit = getbit_rx(n); /* Get each bit in turn;.. */
parity ~= bit; /* .. update parity */
if(n == 63) bit "= 1; /* .. then invert bit 63 */
if(n < 64) /* .. for bits 1 to 63;.... */
{ /* .. shift parity word */
syndrome <<= 1; /* one bit left. */
if( 1 & (bit ~ (syndrome >> 15))) /* .. XOR rx bit with */
/* MSB of parity word, */
/* and if result == 1 */
syndrome "= 0x6815; /* then XOR syndrome */
/* with 6815 Hex. */
} /* */
}
syndrome &= 0x7FFF; /* Finally, replace MSB of */
if (parity) /* syndrome word with the */
syndrome |= 0x8000; /* calculated parity bit */
return (syndrome) ;
}
/* Function getbit_rx(n) should return the bit ‘n’ of the received */
/* codeword; Bit ‘1’ is the first bit to be received, bit ‘64’ the last.*/

getbit_rx(n)
{
return(/* 1 oxr 0 */);

}
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1.4 Error Correction

Single-bit and bit-pair errors in a received codeword may be corrected by comparing the ‘Syndrome’ word (gener-
ated by the MX429 or the algorithm of section 3.4) against the entries in the following table, and if a match is
found inverting the corresponding bits.

Syndrome Error Syndrome Error Syndrome Error Syndrome Error
(Hex) bits (Hex) bits (Hex) bits (Hex) bits
0003 14, 15 468D 40, 41 8001 15 B456 25
0006 13, 14 4841 61, 62 8002 14 B484 19
000C 12, 13 4989 33, 34 8004 13 B83F 62
0018 11, 12 4B7B 45, 46 8008 12 B887 34
0030 10, 11 4BD7 22, 23 8010 11 B929 46
0060 9, 10 4AEOF 16, 17 8020 10 B94D 23
00CO 8, 9 5022 62, 63 8040 9 BAOS 17
0180 7, 8 50CE 34, 35 8080 8 c000 1
0300 6, 7 51B7 46, 47 8100 7 CO2E 36
0600 5, 6 51E1 23, 24 8200 6 c31cC 50
0C00 4, 5 530D 17, 18 8400 5 C60A 39
15D3 43, 44 574C 41, 42 8800 4 C748 57
1763 20, 21 5A62 48, 49 88E9 60 C885 28
1800 3, 4 5CD1 47, 48 8A09 32 CA3E 54
18CD 28, 29 5CFA 24, 25 8CB1 44 D048 29
193B 59, 60 5D8C 18, 19 8D21 21 E401 38
1E1B 31, 32 6000 1, 2 9000 3 E588 41
21CD 56, 57 6039 36, 37 90C7 52 E685 56
220B 38, 39 6292 50, 51 91D2 59 E815 63
2867 35, 36 6334 26, 27 9412 31 E849 35
2BA6 42, 43 64EC 57, 58 9962 43 EB9E 47
2D31 49, 50 650F 39, 40 9A2B 26 ESAC 24
2E7D 25, 26 6815 63, 64 9A42 20 E908 18
2EC6 19, 20 6CAE 52, 53 A000 2 EE2D 49
3000 2, 3 6F21 54, 55 AQ0L17 37 FOTE 61
3149 51, 52 740B 15, 16 Al8E 51 F10E 33
319A 27, 28 786C 29, 30 A305 40 F252 45
3276 58, 59 7897 60, 61 A3A4 58 F29A 22
3657 53, 54 7B07 32, 33 AS1F 55 F40A 16
3C36 30, 31 7TEE3 44, 45 A824 30 FI1F 27
439A 55, 56 7FBB 21, 22 B2C4 42 FC69 53
4416 37, 38 8000 64 B44F 48

Example:
Transmitted codeword:
Bit; 1 64

10001001 10101011 11001101 11101111 00010010 00110100 11111101 01000010
errors; XX
Received codeword:
10001001 01101011 11001101 11101111 00010010 00110100 11111101 01000010

For this received codeword, the ‘Syndrome’ will be 0060H, which appears in the table, indicating that the 9th &

10th bits received are incorrect and should be inverted.
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GMSK for High Speed Wireless Modems

By Bud Simciak and Sam Rizk

I. Introduction

FCC regulations limit the spectral emissions of mobile FM radio transmissions. These regulations state that out-
of-band radiated power in adjacent channels should be generally bounded 60-80 dB below that in the desired channel,
as shown in Figure 1. To meet these constraints, it is necessary to band-limit the RF output signal spectrum. The RF
power spectrum envelope is easier to control via the intermediate-frequency (IF) or the baseband rather than the final
RF stage because the transmitted power is variable. Gaussian filtered MSK (applied to the baseband, i.e. premodu-
lation) yields a constant envelope, facilitating FCC compliance.

; T
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10 53 log (fd/2.5)

103 log (fd/3.9)
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3 / \ |
5 70 / \

80 ;

-50 -40 -30 -20 -10 Fc +10 +20 +30 +40 +50
fd (kHz)

Figure 1 - Out-of-band Emission Attenuation Data Input [2]

Il. What is GMSK?

GMSK uses a premodulation low-pass filter with a Gaussian (bell-shaped) characteristic to smooth out the symbol
edges, narrowing the spectral bandwidth of the baseband data signal. The filtered symbol is then applied to the MSK
modulator as shown in Figure 2 [1]. MSK is a binary digital frequency modulation technique with a modulation index
of 0.5.

Modulated
Carrier
Gain k
Premodulation ] FM (MSK)
Gaussian i
oo 'I Transmitter

TX Data
Input

Figure 2 - A Typical GMSK Transmitter
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lil. GMSK Power Spectral Density (PSD)
The GMSK output power spectrum is more compact than that of MSK, as shown in the following graphs.
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Figure 3 - Power Spectra of GMSK [1]
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Figure 4 - Fractional Power Ratio of GMSK [1]
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IV. GMSK Demodulator

Figure 6 shows a typical GMSK receiver block diagram. The received RF modulated carrier is down-converted
in multiple stages. The output of the last stage is usually centered at an intermediate frequency (IF) of 455 kHz . The
modulated IF carrier is applied to a bandpass filter. The filtered signal is then applied to an amplitude limiter and the
output is applied to a conventional frequency discriminator. The discriminator output is passed through the premodu-
lation filter and timing recovery subsystem. The data detector processes the analog waveform in order to decide which
bit has been transmitted.

900 MHz Input

Down IF Filter Bandpass . T Data Received
Converter (@ 455 kHz) Filter ) Limiter h Discriminator Detector — Data
Timing
Recovery

Figure 6 - Functional Block Diagram of a GMSK Receiver

V. Bit Error Rate (BER)
The reliability of the data message produced by the GMSK receiver is highly dependent on the following:

1. Receiver thermal noise: this is introduced partly by the receive antenna and mostly by the radio receiver
front end.

2. Channel fading: This is caused by the multipath propagation nature of the radio channel.
3. Bandlimiting: This is mostly associated with the receiver IF frequency and phase characteristics.

4. DC drifts: may be caused by a number of factors such as temperature variations, asymmetry of the
frequency response of the receiver, frequency drifts of the receiver local oscillator.

5. Frequency offset: this refers to the receiver carrier frequency drift relative to the frequency transmitted
caused by the finite stability of all the frequency sources in the receiver. The shift is also caused partly by
Doppler shifts which resuit due to the relative transmitter/receiver motion. The frequency offset causes the
received IF signal to be off-center with respect to the IF filter response, and this causes more signal
distortion. The frequency offset also results in a proportional DC component at the discriminator output.

6. Timing errors: The timing reference causes the sampling instants to be offset from the center of the transmit
eye.

Figures 7 & 8 [2] show the theoretical BER performance of GMSK, with the receiver frequency offset as a
parameter and IF filter responses of non-equalized and phase equalized 8-pole Butterworth, respectively.
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Figure 7 - Theoretical Bit Error Rate Performance, Figure 8 - Theoretical Bit Error Rate Performance,
with Carrier Frequency Error as a Parameter [2] with Carrier Frequency Error as a Parameter [2]

VI. MXsCOM GMSK Modem IC's

For optimum performance, the received signal applied to the MX589 for random transmitted data should be as
close as possible to the eye diagrams shown in Figure 9. The eye diagram is a measure of the Inter-Symbol-Interference
(ISl) caused by channel filtering. Of particular importance are general symmetry, cleanliness of the zero crossings, and
— for a BT of 0.3 — the relative amplitude of the inner eye opening.
To achieve this, attention must be paid to:

- Linearity and frequency/phase response of the TX frequency modulator. Unless the transmit data is especially
encoded to remove low frequency components, the modulator frequency response should extend down to a
few Hz, two-point modulation being necessary for synthesized radios.

- Bandwidth and phase response of the RX IF filters.

- Accuracy of the TX and RX carrier frequencies, as any difference will shift the received signal towards one of
the skirts of the IF filter response.

Ideally the RX demodulator should be DC coupled to the MX589 RX Signal In pin (with a DC bias added to center the
signal around V/2), however AC coupling can be used if the following is true:

- The 3 dB cut-off frequency is 20 Hz or below (i.e. a 0.1 puF capacitor in series with 100k<).
- The data does not contain long sequences of consecutive ones or zeroes.

- Sufficient time is allowed after a step change at the discriminator output (resulting from channel changing or
the appearance of an RF carrier) for the voltage into the MX589 to settle before the RXDCacq line is strobed.
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VIl. Data Formats

The receive section of the MX589 works best with data which has a reasonably ‘random’ structure —the data
should contain approximately the same number of ‘ones’ as ‘zeroes’ with no long sequences (>100 bits) of consecutive
‘ones’ or ‘zeroes’.

Several techniques have been devised to randomize the data [5]. For example, a common method is ‘exclusive-
ORing’ it with the output of a binary pseudo-random pattern generator.

Where data is transmitted in bursts, each burst should be preceded by a preamble designed to allow the receive
modem to establish timing and level lock as quickly as possible. This preamble for BT=0.3 should be at least 16 bits
long, and should preferably consist of alternating pairs of ‘1’s and ‘0’s i.e. ‘110011001100 .....’; the eye of pattern
‘10101010 ...."” has the most gradual slope and will yield poor peak levels for the RX circuits. For BT=0.5 the eye pattern
of ‘10101010..." has less intersymbol interference (DC Acq pin should be held high during preamble) and may be used
as the preamble (see Figure 9).

v v BT = 0.5
0.5 05
0 0

Time (bits) I2

-0.5
Figure 9 -- Voltages with respect to V,, /2

VIIl. Acquisition & Hold Modes

The RXDCacq and PLLacq inputs must be held “high” for about 16 bit-times at the start of reception to ensure that
the DC measurement and Timing Extraction circuits lock onto the received signal correctly. Once lock has been
achieved, then the inputs should be taken “low” again.

In most applications, there will be a DC step in the output voltage from the receiver FM discriminator due to carrier
frequency offsets as channels are changed or when the distant transmitter is turned on. The MX589 can tolerate DC
offsets in the received signal of at least +0.5V with respect to V, ,.. However to ensure that the DC offset compensation
circuit operates correctly and with minimum delay, the “low” to “high” transition of the RXDCacq and PLLacq inputs
should occur after the mean input voltage to the MX589 has settled to within about 0.1V of its final value. (Note that this
can place restrictions on the value of any series signal coupling capacitor.)

The RXHold input may be usued to freeze the Level Measuring and Clock Extraction circuits during a fade. It may
also be used in systems which employ a continuously transmitting control channel to freeze the receive circuitry during
transmission of a data packet, allowing reception to resume afterwards without losing bit synchronization. To achieve
this the MX589 Xtal clock needs to be accurate enough that the derived RXClock output does not drift by more than
about 0.1 bit time from the actual received data rate during the time that the RXHold input is “low.” The RXDCacq input,
however, may need to be pulsed “high” to re-establish the level measurements if the RXHold input is “low” for more than
a few hundred bit-times.

The voltages on the Doc1 and Doc2 pins reflect the average peak positive and negative excursions of the (filtered)
receive signal, and could therefore be used to drive a measure of the data signal amplitude. Note, however, that these
pins are driven from very high impedance circuits, so that the DC load presented by any external circuitry should exceed
10 MQ to V,

BIAS®
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IX. Conclusion
The maximum data rate that can be transmitted over a radio channel depends on:

- Channel spacing

- Allowable adjacent channel interference

- TX filter bandwidth (BT)

- Peak carrier deviation (modulation index)

- TX & RX carrier frequency accuracies and stabilities.
- Modulator & Demodulator linearity

- RX IF filter frequency & phase characteristics

- Use of radom data and block interleaving techniques
- Use of error correction techniques

- Acceptable error rate.

As a guide:

- For Mobitex operation, a raw data rate of 8000 bps at 12.5 kHz channel spacing is achievable using at BT of
0.3, +2 kHz maximum deviation and no more than 1500 Hz discrepancy between TX & RX carrier frequencies.

- For CDPD operation, a raw data rate of 19.2 kbps at 30 kHz channel spacing is achievable using at BT of
0.5, +8 kHz maximum deviation and no more than 3 kHz discrepancy between TX & RX carrier frequencies.

- Forward Error Correction (FEC) and interleaving are commonly incorporated in the protocols to reduce the

effect of burst errors.

- Reducing the data rate to 4800 bps is an alternative that would allow the BT to be increased to 0.5, improv-

ing the error rate performance.
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GLOSSARY

AMPS/NAMPS

ANI

ANSI

Asynchronous transmission

Bandwidth

Baseband

Baud

BCD

BER

Bit Rate

Carrier

C-BUS

CCIR

CCITT

CDPD

Channel, Voice Grade

CMOS

MX-COM, INC.

Advanced Mobile Phone Service is a cellular system used in the United
States. NAMPS (Narrow AMPS) uses FDMA techniques to derive three voice
channels from one AMPS channel.

Automatic Number Identification: Identification of the transmitting party by a
preassigned number.

American National Standards Institute: A voluntary organization in the United
States that coordinates standards.

A mode of data transmission in which each bit is not in sync. regarding
frequency or timing. Signals are sent as groups of a specified length with
start and stop bit indicators at the beginning and end of each group.

The range of frequencies within which a device can transmit or receive.

The band of frequencies which is modulated on a carrier or subcarrier in a
wire or radio transmission system to form the transmitted signal.

A unit that measures signaling speed in signal events per second. This may
not be the same as bits per second.

Binary Coded Decimal: A binary (1,0) numbering system in which the digits 0
through 9 are represented by four bits.

Bit Error Rate: A ratio of the number of transmitted bits that are incorrectly
received to the number that are correctly received.

The speed at which bits are transmitted over a data channel, given in bits per
second (bps).

A carrier is a wave capable of being modulated by an information-carrying
signal. The use of multiple carriers permits multiple voice frequency signals in
the same transmission, as in frequency division multiplexing.

MX-COM's serial control bus used to communicate digital information between
a CPu and a peripheral IC such as the MX802, MX803A, MX805A, MX806A
and MX809.

International Radio Consultative Committee, a subisdiary organization of the
International Telegraphic Union dealing in radio standards (CCIR was recently
renamed ITU-T - see ITU-T for more information).

The Consultative Committee on International Telegraph and Telephone is an
international telecommunications standard agency. It was recently renamed
ITU-T (see ITU-T).

Cellular Digital Packet Data - an industry standard for data transmission.
CDPD utilizes the analog cellular networks already in place in the U.S. and
Canada to provide 2-way data communications for users of devices such as
laptops and PDAs.

A channel with a frequency range of about 300 to 3400 Hz which is suitable
for transmission of data or speech in analog form.

Complementary Metal-Oxide Semiconductor (an integrated circuit manufactur-
ing process). MX-COM uses both Metal gate CMOS and Silicon gate CMOS
processes.
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GLOSSARY

CODEC

Compander

Concatenation
Crosstalk
CS

CTCSS

CvVSsD

DCE

DSP
DCS/CDCSS

DTMF

DVSR
ECPA

EIA

Eye Pattern/Eye Diagram

FSK

FFSK
Full-Duplex
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A single device comprising both an Encoder and a Decoder.

Acronym for Compressor-Expander, a circuit that compresses the dynamic
range of an input signal and expands it almost back to its original form on the
output.

Combining multiple data packets or frames in a contiguous series.
Undesired crossover of voice transmissions from one circuit to another.

Carrier Sense, a logic level supplied by the radio when an RF carrier is de-
tected.

Continuous Tone-Controlled Squelch System: A type of tone coding used in
two-way radio systems in which a sub-audible tone, taken from a field of 32 or
more in the 67 to 250Hz range, is multiplexed continuously with speech to
engage repeaters and allocate traffic among talk groups on shared channels.
Trademarked by Motorola as Private Line or PL.

Continuously Variable Slope Delta Modulation: A method by which a voice
signal is digitized for transmission, and then changed back to the analog voice
signal for reception.

Data Communications Equipment or Data Circuit-Terminating Equipment.
This equipment functions to establish and maintain a connection, and provides
signal conversion between a terminal and data or telephone line.

Digital Signal Processing.

Digital Coded Squelch (similar to CTCSS, but digital). Trademarked by
Motorola as Digital Private Line or DPL.

Dual Tone Multi-Frequency: a telephone signaling system employing four
tones from a low group and three or four from a high group comprising twelve
to sixteen unique tone pairs. Radio applications of DTMF should avoid “twist”
(differences in level between tone pairs) and time-limit digits to prevent signal-
ing errors caused by fades.

Data/Voice Storage & Retrieval, or at MX*COM, INC., Radio MailVox™.

Electronic Communications Privacy Act of 1986: This amendment to Section
2510 of title 18, United States Code, established the illegality of intercepting
protected (i.e., scrambled) communications.

Electronics Industry Association: A United States Manufacturer's group which,
as part of its function, sets and publishes electronics standards.

An oscilloscope display of the detector voltage waveform in a modem. The
openness of the eye gives a representation of the bit error rate (the more
open, the less distortion).

Frequency Shift Keying: A form of frequency modulation used to transmit two
states of a signal as two separate frequencies. FSK is characterized by
frequency spacing of 1.

Fast Frequency Shift Keying. See MSK.

Simultaneous two-way communication.
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GLOSSARY

Gaussian Filter

GMSK

GPS

Half-duplex

HSC

IEEE

ITU-T

Jitter

LMR

LSl

LTR™
MOBITEX
MODEM
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A filter having the symmetrical bell shape of a Gaussian curve (normal distri-
bution).

Gaussian Minimum Shift Keying: A type of FSK that uses premodulation
Gaussian filtering to achieve high data rates in an FM communication channel
bandwidth.

Gilobal Positioning System.

Communications in which both transmit and receive occur, but not at the
same time.

Hexadecimal Sequential Coding, a tone signaling protocol comprising 16 tone
states. Ten represent decimals 0-9, a NOTONE, a Repeat tone, a Group tone,
an address/DATA frame Delineator, plus Reset and Control -- totaling 16 tone-
coded logic states. HSC operation is predicated on a decoding technique able
to detect tones in random order. These must be contained within a frame
preceded and concluded by NOTONE.

HSC tonesets:

HSC-A: USA or Metropage™ A Motorola radio paging system
employing sequential tones comprising ten decimal and two special
function tones (“R” for repeat and “X” as an alternate address) and
NOTONE in a predictive code format.

HSC-C: CCIR toneset. A toneset developed by the International Radio
Consultative Committee (see separate listing under CCIR).

HSC-E: EEA toneset, An EEA (UK) variation of the CCIR HSC toneset
in which the lowest frequency tone is 930Hz, and the highest is 2247Hz.
Duration is 40ms.

HSC-Z: The ZVEIl German HSC toneset.
HSC-ZS: SZVEI or Suppressed ZVEI HSC toneset.

The Institute of Electrical and Electronics Engineers: one of the functions of
this association of engineers is to publish standards defining technical terms.

International Telegraphic Union - Telecommunications (includes the CCITT
and CCIR) is an international telecommunications standards agency.

Small, abrupt, spurious variations in a waveform due to time, amplitude,
frequency or phase.

Land Mobile Radio System.

Large-Scale Integration.

EF Johnson trademarked trunking system.

A data transmission protocol developed by Swedish Telecom.

Modulator/Demodulator: This is a type of DCE that connects data terminal
equipment to a communication line/channel. It converts data to and from the
signal form needed for the communication channel.
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GLOSSARY

Modulation

Monolithic

MSK

Multiplexing

NMT

PABX
PCM

PCMCIA

PDA

PL
PSK

Psophometric
PTM/PTL

PTT

PSTN
Pvt SQUELCH

QAM

Quick Call lII™

R2000
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The process of modulating a carrier or signal for transmission, also the result
of this process.

Constructed from a single crystal or piece of material.

Minimum Shift Keying: continuous phase FSK modulation (also called FFSK)
used to transmit two states of a signal as two separate frequencies using
coherent detection and a frequency spacing of 0.5.

Combining multiple signals for transmission as a group over a single transmis-
sion facility.

Nordic Mobile Telephone is a cellular communications system used primarily
in Europe.

Private Automatic Branch Exchange.

Pulse Code Modulation: A process in which an analog signal is sampled and
converted to a binary code for transmission.

Personal Computer Memory Card International Association: This association
defines and promotes an interchangeable standard for PC memory and
expansion cards. The PCMCIA standard applies to 68-pin 1/O or interchange
type cards.

Personal Digital Assistant: A handheld computer that provides functions like a
notepad or messagepad. PDAs often include data transmission capabilities.

Private Line (a Motorola trademarked name for CTCSS).

Phase Shift Keying: A form of phase modulation requiring coherent detection.
The most straightforward type of PSK shifts the carrier by 0° or 180°.

A weighting curve used to represent the energy density of speech.

“Push to Monitor” or “Push to Listen” is a control on two-way portable and
mobile radios that allows channel monitoring.

“Push to talk” is a control on two-way portable and mobile radios that enables
transmission.

Public Switched Telephone Network.

MX-COM's combination of CTCSS and voice inversion to provide voice pri-
vacy.

Quadrature Amplitude Modulation: A hybrid amplitude/phase modulation
technique that allows the transmission of four bits of information during a
signaling interval, and therefore requires less bandwidth than normal amplitude
or phase modulation techniques.

A Motorola trademarked 2-Tone sequential signaling format comprising 80
tones arranged in eight tone groups.

R2000 is a trunked communication system used in France.
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GLOSSARY

RD-LAP™

Repeater

SAT
SIGATE

Simplex
SINAD

SMD/SMT
SMR
SS

Synchronous transmission

TACS/ETACS

TIA

Type 99™

Trunking
VCO
VLSI
VOGAD

VOX
VSB
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A FM radio data system that operates at 9.6 and 19.2 kbps. (RD-LAP is a
trademark of Motorola, Inc.)

A device used as an intermediate point in a communications system to
receive and retransmit signals, often for the purpose of extending range.

Supervisory Audio Tone used in cellular systems.

Silicon Gate: a CMOS process used in manufacturing ICs that is smaller and
more modern than metal gate.

A circuit which can communicate information in one direction only.

A ratio of the total output power to the power of noise plus distortion only:
signal + noise + distortion
noise + distortion.

Surface Mount Device / Surface Mount Technology.
Specialized Mobile Radio system.

Spread Spectrum: The spreading of a signal over a wider bandwidth than the
minimum required for transmission of the information.

A type of data transmission in which the sending and receiving ends operate
continuously at the same frequency and in phase.

Total Access Communication System is a cellular system used in the U.K.
ETACS is used in Europe and Japan.

Telecommunications Industry Association: A United States Manufacturer's
group which, as part of its function, sets and publishes telecommunications
standards.

A General Electric trademarked 2-Tone sequential format comprising 30
tones.

A system sharing communication channels.
Voltage Controlled Oscillator.
Very Large Scale Integration.

Voice Operated Gain Adjusting Device, similar in concept to an AGC (Auto-
matic Gain Control) amplifier, used to ensure full modulation of all speech
levels.

Voice Operated Switching.

Variable Split Band: A type of high-level analog voice scrambling which splits
and inverts the voice band. VSB is utilized in MX*COM's IC and board level
products (see MX214/224).
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Appendix

Packaging & Handling

The following section gives guidelines for the proper handling of MXeCOM
integrated circuits.

It also contains illustrations and measurements of MXeCOM's package
offerings. Both standard and special styles are included.

IC's may be shipped in anti-static tubes, conducting foam, or tape and reel.
Tape and reel packaging information begins on page 611.
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Handling Precautions for Semiconductor Components

To minimize the risk of ESD-induced device damage, the
following handling precautions are strongly recommended:

1) Upon removal from their shipping material (anti-static
tubes, conducting foam or tape and reel), CMOS IC's
should be placed leads down on a grounded surface.
Under no circumstances should they be placed in polysty-
rene foam or non-conducting plastic.

2) Individuals and tools should be grounded before
coming in contact with CMOS IC's.

3) Do not insert or remove devices in sockets with power
applied. Ensure that power supply transients, such as
occur during power turn-on or off, do not exceed maxi-
mum ratings.

4) In the system, all unused inputs must be grounded or
otherwise connected to a constant, unvarying input volt-
age level.

5) After assembly on PC boards, ensure that static
discharge cannot occur during handling, storage, or main-
tenance. Boards may be stored with their connectors
surrounded with conductive foam.

Soldering PLCC Packages

1. By hand-held soldering iron or pulse-heated
solder tool.

Apply the heating tool to the flat part of the lead only.
Contact time must be limited to 10 seconds at up to 300°C.

2. By wave.

Maximum permissable solder temperature is 260°C, and
maximum duration of package immersion in solder bath is
10 seconds, if allowed to cool to less than 150°C within 6
seconds. Typical dwell time is 4 seconds at 250°C.

3. By solder paste refiow.

Reflow soldering requires the solder paste (a suspension
of fine solder particles, flux and binding agent) to be

MX-COM, INC.

applied to the substrate by screen printing or pressure-
syringe dispensing before device displacement.

Several techniques exist for reflowing, for example, ther-
mal conduction by heated belt, infrared, and vapor-phase
reflow. Dwell times vary between 8 and 60 seconds
according to method. Typical reflow temperatures range
from 215 to 250°C.

Pre-heating is necessary to dry paste and evaporate
binding agent, and to reduce thermal shock on entry to
reflow zone.

4. Repairing soldered joints.
The same precautions and limits apply as in (1) above.

Source: Signetics Corp.
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NUMBER OF DEVICES SHIPPED PER REEL/TUBE/TRAY

Number of packaged ICs on a reel:

Package Style Qty.
LH 700
DW-16 1200
DW-24 1200
Number of packaged ICs in a tube:
Package Style Qty.
LH 45
LH8 28
DW-14 46
DW-16 46
DW-24 30
J-14 25
J-16 25
J-22 18
J-24 15
P-14 25
P-16 25
P-22 18
P-24 15

Number of die in “waffle packs™:

Most waffle packs contain 50 components.
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PACKAGE/PRODUCT CROSS-REFERENCE GUIDE

PINS PRODUCTS DIMENSIONS

I. PLASTIC DUAL IN-LINE (PDIP)

14 MX315AP, MX326P, MX613P p
16 MX105P, MX109P, MX118P, MX128P, MX316P, MX386P, MX623P, MX631P  p.
18 MX366P p.
22 MX214P, MX336P, MX406P, MX439P, MX609P p.
24 MX009P, MX014P, MX203Q*P, MX224P, MX346P, MX365AP, p.
28 MX375P, MX709P p.
40 MX939P p
Il. CERAMIC DUAL IN-LINE (CDIP)
14 MX315AJ p
16 MX019J, MX029J, MX102J, MX105J, MX109J, MX316J p
22 MX214J, MX336J, MX406J, MX439J, MX469J, MX609J, p.
MX619J, MX629J )
24 MX203Q*J, MX803AJ, MX014J, MX224J, MX346J, MX365AJ, MX429J p.
MX529J, MX806AJ, MX009J, MX589J, MX809J, MX909J, MX919J, MX929,
28 MX375J, MX709J, MX802J, MX812J, MX816J, MX826J, MX836J p.
Ill. PLASTIC J-LEADED CHIP CARRIER (PLCC)
24 MX009LH, MX013Q*LH, MX014LH, MX165BLH, MX165CLH, MX203Q*LH, p.

MX214LH, MX224LH, MX275LH, MX316LH, MX336LH, MX346LH,

MX365ALH, MX375LH, MX406LH, MX429LH, MX439LH, MX469LH, MX529LH,
MX609LH, MX619LH, MX629LH, MX802LH, MX803ALH, MX805ALH, MX806ALH,
MX809LH, MX909LH, MX919LH, MX929LH

28 MX375LH8, MX709LH8, MX802LH8 p.

IV. SMALL OUTLINE IC (SOIC)

16 MX019DW, MX029DW, MX102DW, MX109DW, MX118DW, MX128DW, p.
MX315ADW, MX386DW, MX609DW, MX613DW, MX631DW

20 MX366DW p.

24 MX165BDW, MX165CDW, MX365ADW, MX439DW, MX469DW, MX589DW,  p.

MX641DW, MX806ADW

28 MX812DW, MX816DW, MX826DW, MX836DW p.

V. SPECIAL PACKAGES

16 Pin Hybrid (MX003Q)

16 Pin Dual In-Line Side Braize (MX503)
16 Pin Thin Shrink Small Outline Package
28 Pin Thin Shrink Small Outline Package
48 Pin Thin Quad Flat Pack (MX939TG)

MX-COM, INC.
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14 PIN PLASTIC DUAL IN-LINE

<A —>
AN ANV AN LN NS

AT T T TR VR TETY

Pin 1

IIPII

I

Package Tolerances

Dimension Min. Max.
in, (mm)
\ I l A .740 (18.796) .770 (19.558)
E B .240 (6.096) .260 (6.604)
j_ C .290 (7.366 .310 (7.874)
K D .330 (8.382 .370 (9.398)
—'}\ vy E .150 (8.175 .200 (5.080)
_FJL F .125 (3.175) .150 (3.810)
"’H(_ G .015 (0.381 .020 (0.508)
I<>| >l H .090 (2.286 .110 (2.794)
G H J .040 (1.016) .065 (1.651)
K .020 (0.508) .070 (1.778)
16 PIN PLASTIC DUAL IN-LINE "P"

AN AN LA

° B

Y Y Y YW v Y

Pin 1

1L}

Package Tolerances

Dimension Min. Max.
in, (mm)
Y A 740 518.796) 770 (19.558)
l \ B .240 (6.096) .260 €6.604)
E C .290 (7.366) 310 (7.874)
v D 330 (8.382)  .370 29.398)
ﬁL K E .150 (3.175; .200 (5.080)
. \ A F 125 (3.175 .150 (3.810)
Ty G .015 (0.381) .020 (0.508)
_>H(__ l l H .090 (2.286) .110 (2.794
—>|J J .040 (1.016) .065 (1.651
G H K .020 (0.508) .070 (1.778)
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< A >
| l

Pk Wl W Y i W o WY WY i Wl O Y

18-PIN PLASTIC DUAL IN-LINE "P"

A >

hNAANANAANAANNAN ]

U
w

Y Y VvYvYyYyyyy

E
B
I
¢
Pin 1
Package Tolerances
Dimension Min. Max.
- < in, (mm)
A .830 (19.1) .880 (22.35)
B .240 (6.096) .260 (6.604)
c D C .290 (7.366) .310 57.874)
D .330 (8.382g .370 9.398;
E .150 (3.175 .200 (5.080
v F 125 (3.175) .150 (3.810,
E— G .015 (0.381) .020 (0.508
H .090 (2.286) 110 %2.794§
J .040 (1.016) .065 (1.651
K .020 (0.508) .070 (1.778)
22 PIN PLASTIC DUAL IN-LINE "P"

1L}

Package Tolerances

Pin 1 Dimension  Min. Max.
[in. (mm)]

A 1.080 (27.432)  1.10 (27.940)

A B 0.330 (8.382)  0.360 (8.382)
E i C 0.390 (9.906)  0.410 (10.414)
—Y K D 0.430 (10.922) 0.470 (11.938)
E 0.150 (3.175)  0.200 (5.080)

F A F 0125 (3.175)  0.160 (4.064)

G 0015 (381)  0.020 (0.508

),“‘p H —>|J l<- H 0.040 (1.016)  0.065 (1.651

J 0.090 (2.286; 0.110 (2.794)

G K 0.020 (0.508)  0.070 (1.778)
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24 PIN PLASTIC DUAL IN-LINE "P"

| >
Y A »~

P T Yl Y Vel Yoo ' Yl T2 VA Y c I D

pJ B -

Y VYA YAV A AV A VAV VA TY

oo 1 Package Tolerances
Dimension  Min. Max.
[in. (mm)]

- A 1.23 (31.24) 1.26 (32.004)
E E B 0.53 (13.46) 0.55 (13.97)
Y i C 0.59 (14.98) 0.610 (15.49)

K D 0.63 (16.002) 0.67 (17.018)
FQ A E 0.170 (4.318)  0.220 ( 5.588)

F 0.125 (3.175)  0.160 (4.064)

,“<L G 0.015 (.381) 0.020 (.508)

H 0.040 (1.016) 0.065 (1.651)

G J 0.090 (2.286) 0.110 (2.794)

K 0.015 (0.381)  0.065 (.165)

28 PIN PLASTIC DUAL IN-LINE "P"

r ) "
AN AYANAVAVAVAVAVAVAVAVAVAN

N Y Y Y A Y Y A Y YA YA YA YA YA YA
pi: 1 Package Tolerances
Dimension Min. Min.
in,(mm)
A/ \ A 1.44 (36.58) 1.47 (37.338)
i B 0.530 (13.46) 0.550 (13.970)
Cc 0.590 (14.986) 0.610 (15.494)
F}: D 0.630 (16.002) 0.670 (17.018)
)M‘ E 0.170 (4.318) 0.220 (5.588)
> F 0.125 (3.175) 0.160 (4.064)
H G 0.090 (2.286) 0.110 (2.794)
H 0.015 (0.381) 0.020 (.508)

J 0.040 51.016) 0.065 (1.651)
K 0.015 (.381) 0.065 (1.651)

MX-COM, INC.
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40 PIN PLASTIC DUAL IN-LINE

- A
|

AW AR AWAN AW AN AW AN AN AW AN ANAWAWAWAWAWSWAWA

b

(YAYAYAVAVEVAVEVAVAVEAVAVEAVAVEAVEVEVAYAVAY)

Pin1

FoIr

IIPII

Package Tolerances

E [ ] ¥ Dimension  Min. Max.
X -—T—K in. (mm) in. (mm)
——:— S A 2.04(51.82)  2.06(52.32)
G <« "IJl“ B .53 (13.46) 55 (13.97)
H c 595 (15.11) 625 (15.88)
D 600 (15.24)  .660 (16.76)
E 310 (7.87)
F 128 (3.25) -
G .018 (.457) typical
H .050 (1.27) typical
J 100 (2.54) typical
K 015 (0.381) -
14 PIN CERAMIC DUAL IN-LINE "J"
yD
_ { A
|(——*A I
PNP.NPINP.NP.NP.SP1S c E
B - - A
Package Tolerances
Pin 1 Dimension Min. Max.
in,(mm)
A .754 (19.15) .766 (19.45)
FA | | B 24 (6.22 25 (6.38)
C .31 (7.75 .315 (8.00)
¥, D 0098 (25) typical
Y E .38 (9.65) 42 (10.67)
t 2omen e
. . ICal
! > > H 1005 oo
J .60 (15.24) typical
J K .018 (.46) typical
L .015 (.38) typical
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A

<———A—>
DA SN A

16 PIN CERAMIC DUAL IN-LINE

Y VY Vv Y Y

Pin 1

IIJII

(e}

Package Tolerances

<€

»

A —>

NP LN NI NP NP | NI NP LN LN

Pin 1

YV Y Y YWY W

il
xd

> e
F

>

o

Dimension  Min. Max.
in,(mm)
i A 753 (19.12) 767 (19.48)
— B 1285 (7.04) 290 (7.40)
I A c 30 (7.80) .31 (8.00)
D .70 (17.78) typical
—>H<— E .10 (2.54) typical
, o kil vl
. . Ical
D H 168 (497  topical
J 1020 (0.50) v
22 PIN CERAMIC DUAL IN-LINE "J"

Package Tolerances

Min.

1.06 (26.98)
0.376 (9.55)
0.410 (10.40)
0.996 (25.30)
0.10 (2.54)

0.018 (0.46)
0.171 (4.35)
0.157 (3.99)
0.020 (0.50)

Dimension
in,(mm)

CcITIOTMMOOWX>

Max.

1.08 (27.38)
0.384 (9.75)
0.417 (10.60)
1.00 (25.50)
typical
typical
typical

0.170 (4.27)

MX-COM, INC.
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‘4——— A—m—>
SN ANNANANANN

p)

NNV NN NN NN N

Pin 1

24 PIN CERAMIC DUAL IN-LINE

IIJII

(¢}

Package Tolerances

Dimension Min. Max.
l | in. (mm)]
H A 1.24 (31.50) 1.26 (32.03)
B 0.514 (13.06) 0.583 (14.81)
- C 0.60 (15.14) 0.615 (15.61)
G D 1.10 (27.84) 1.11 (28.04)
= E .100 (2.54)  typical
F .018 (0.46) typical
G 171 (4.35) pical
H 171 (4.35) 196 (4.99)
J 020 (0.50) - —
28 PIN CERAMIC DUAL IN-LINE "J"
| A [ A
]‘H\H\H\/\/\AH\H\H\A/\/\/\/\’I J K
_ Y]
L
B Y Y YA VAV A VA VA Y V%
. Package Tolerances
Pin 1
Dimension Min. Max.
| | in,(mm)
CI A 1.44 (36.58) 1.46 (37.05)
iH B 0.51 (13.06) 0.53 (13.36
} x C 0.18 (4.49)  0.220 (5.57
)H* D 0.12 (3.0) 0.15 (3.81)
el i o E 0.10 (2.54)  typical
E F F 0.018 (0.45) typical
G 0.055 (1.39) pical
H 0.02 (.50) 0.05 (1.30)
J 0.61 (1550) 0.62 (15.70)
K 0.670 (17.0) typ!cal
L 0.009 (0.25) typical
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24 LEAD PLASTIC LEADED CHIP CARRIER

oMM

ooonon

OoOoOo0ooOod

l€e—————> ——>
<« —>

[«

Dimension
in,(mm)

AXeITMmMOOwW>

n LH 1]
Package Tolerances

Min. Max.
.382 (9.7) .410 (10.40)
417 (10.60)  .435 (11.05)
.045 (1.15)x45 typlcal
.050 (1.27) typical
.366 (9.30) typical
.018 (0.45) .022 (.55)
.250 (6.35) typical
.128 (3.25) .146 (3.70)
.007 (.17) .011 (.27)

28 LEAD PLASTIC LEADED CHIP CARRIER "LH8"

q n |

E | T

[y 0 A

E0<(——-pin 1 n G

; ; LA

o] -
i i :g A
e~ Package Tolerances
Dimension Min. Max.
in,(mm)

A 450 (11.43)  .453 (11.51)
B 485 (12.32) 495 (12.57)
C .045x45° typical
D .165 (4.20) .180 (4.57)
E .026 (0.66)  .030 (0.76)
F .017 (0.43) .021 (0.53)
G 410 (10.41)  .430 (10.92)
H 050 (1.27)"  typical
J .070 (1.78) .085 (2.16)

MX-COM, INC.
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A

HHHHAAAA

ALEEEEEL

Pin 1

K| <L L MP 4
Jf_j—y(\ — ’N

%‘

16-PIN SMALL OUTLINE INTEGRATED CIRCUIT "DW"

—

| <

4
v

e ->|F|<— > [«

Package Tolerances

Dimension  Min. Max.
in,(mm)

A 0.398 (10.11) 0.406 (10.31)
B 0.291 (7.39) 0.299 (7.59)
C 0.092 (2.33 typical
D 0.004 (0.102) 0.012 (0.304)
E 0.014 (0.36) 0.018 (0.46)
F 0.050 (1.27) typlcal
G 0.026 (0.66) typical
H 0.096 (2.43) 0.104 (2 64)
J 5° typical
K 0.020 (0.51) 0.040 (1.02)
L 0.025 (0.63) typical
M 0.041 (1.04) typical
N 0.009 (0.23) 0.011 (0.28)
P 0.39 (9.91) 0.414 (10.51)

FTTLITII T
TERLLLL
-
N T
1 »/P|«

20-PIN SMALL OUTLINE INTEGRATED CIRCUIT "DW*"

cI */

DF |
E

Package Tolerances

Dimension  Min. Max.
in,(mm)

A 0.496 (12.62) 0.506 §12.87)
B 0.291 (7.39) 0.299 (7.59)
C 0.092 (2.33) typical

D 0.004 (0.102) 0.012 (0.304)
E 0.014 (0.36) 0.018 (0.46)
F 0.050 (1.27) typlcal

G 0.026 (0.66) typical

H 0.096 (2.43) 0.104 (2 64)
J 5° typical

K 0.020 (0.51) 0.040 (1.02)
L 0.025 €0463) typlcal

M 0.041 (1.04) typical

N 0.009 (0.23) 0.011 (0 28)
P 5° typica

R 0.39 (9.91) 0.414 (10 51)
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24-PIN SMALL OUTLINE INTEGRATED CIRCUIT "DW"

' gRAAAAAARRA

T

'EELEEELELEL

Pin 1

_.’ |._
-«

; "\K\ MYy

-_fN

%

Loy b

Package Tolerances

Dimension  Min.
in,(mm)

A 0.598 (15.19)
B 0.291 (7.39)
C 0.092 (2.33)
D 0.004 (0.102)
E 0.014 (0.36)
F 0.050 (1.27;
G 0.026 (0.66
H 0.096 (2.43)
J 5°

K 0.020 (0.51)
L 0.025 (0.63)
M 0.041 (1.04)
N 0.009 (0.23)
P 5°

R 0.39 (9.91)

Max.

0.606 (15.41)
0.299 (7.59)

typical
0.012 (0.304)
0.018 (0.46)
typical
typical
0.104 (2.64)
typical
0.040 (1.02)
typical
typical
0.011 (0.28)
typical
0.414 (10.51)

28-PIN SMALL OUTLINE INTEGRATED CIRCUIT "DW"

c

Package Tolerances

"IRRARARAAARAAR

EHHHHHHHHHHHHH'

Pin 1

- |L""
-

Dimension  Min.
in,(mm)

A 0.698 (17.72)
B 0.291 (7.39)
C 0.092 (2.33)
D 0.004 (0.102)
E 0.014 (0.36)
F 0.050 (1.27)
G 0.026 (0.66)
H 0.096 (2.43)
J 5°

K 0.020 (0.51)
L 0.025 (0.63)
M 0.041 (1.04)
N 0.009 (0.23)
P [e]

R 0.39 (9.91)

Max.

0.706 (17.97)
0.299 (7.59)
typical
0.012 (0.304)
0.018 (0.46)
typical
typical
0.104 (2.64)
typical
0.040 (1.02)
typical
typical
0.011 (0.28)

typical
0.414 (10.51)

MX-COM, INC.
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16 LEAD DUAL IN-LINE HYBRID

s I e I e 9 e B s B e 18 e B e

—>|D¢—

il

Nominal Package Dimensions
Dimension

Cc—TOTMOQOmT>

E
y

Y

in. (mm)

.80 (20.32)
59 (15.0)
77 (19.56)
11 (2.79)
01 (0.25)
30 (7.62)
70 (17.78)
10 (2.54)
1018 (0.46)
155 (3.94)

16 LEAD DUAL IN-LINE SIDE-BRAIZE

<«—C —>

>em

Nominal Package Dimensions

Dimension

C—TITOHMMUOD>

in. (mm)

81 (20.6)
.30 (7.60)
5 (12.7)

A1 (2.79)
01 (0.25)
26 (6.6)

70 (17.78)
10 (2.54)
.018 (0.46)
13 (3.3)
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16-PIN THIN SHRINK SMALL OUTLINE PACKAGE "TS"

I(MHHHH

Package Tolerances

0.0047 (0.12) 0.0062 (0.16)
0.355 (9.02) 0.371 29.42
0.00 0.004

Dimension  Min.
in,(mm) "
A 0.240 (6.1 .266-(6.51
B 0.295 (7.49 0.305 (7:75
[} 0.035 (0.90 0.043 (1.10
K D 0.0004 (0.01 0.006 (0.15
E 0.0086 (0.22 0.015 (0.38
v v F 0.0256 (0.65 typical
J T — M G 0.037 (0.95) typical
X K H e 0.047 (1.20)
> L J 5° typical
K 0.014 (0.35; 0.0256 (0.65)
L 0.024 (0.60 0.039 (1.00)
M
N
P

0.10

28-PIN THIN SHRINK SMALL OUTLINE PACKAGE "TS"

nannanaEEn

Package Toleranoes
S Dimension  Min. Max o

in,(mm) ) EEPE
A 0.394 (10.01 0410 10. 1 -
) ( 4
B 0.295 (7.49 0.305 (7.75)
C 0.035 (0.90, 0.043 (1.10)
K D 0.0004 (0.01 0.006 (0.15
E 0.0086 (0.22 0.015 (0.38
v v F 8.8%57)6(0%25)5 typncal
i — M G . . typu
H 047 (1 20)
r," J 50 typica
K 0.014 0.35; 00256 (0.65)
L 0.024 (0.60 0.039 (1.00)
M 0.0047 (0.12) 0.0062 (0.16)
N 0.355 (9.02) 0.371 29 42
P 0.00 0.004 (0.10
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48 PIN THIN QUAD FLAT PACKAGE "TG"

.008 (0.20)
ref.

1 typical
.020 (0.50) typical

.014 (0.35) .026 (0.65)

ZZr R ITOMMOIO!
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MX-COM Tape and Reel Specifications

1. Scope

The specification relates to the tape packaging of integrated circuits suitable for use in “surface mount”
assembly. It includes only those dimensions which are essential for the purchaser to use the product.

2. Dimensions (Refer to Figure 1)

2.1 Tape Width

2.2 Carrier Tape Thickness

2.3 Pitch of Sprocket Holes

2.4 Diameter of Sprocket Holes

2.5 Distance

2.6 Distance, center to center

LG, LH, DW-24
DW-16

DW-16, DW-24
LG, LH

DW-16, DW-24

LG, LH

LG, LH, DW-24
DW-16

2.7 Dimension, center of pocket to center of divider

271
2.7.2
2.7.3
2.7.4

2.8 Embossed Pocket Dimension Ao and Bo
2.8.1
2.8.2
2.8.3
2.8.4
2.8.5
2.8.6
2.8.7
2.8.8

2.9 Embossed Tape Dimension K
2.9.1
2.9.2
293
294

2.10 Pitch of Component Compartments
2.10.1
2.10.2
2.10.3
2.10.4

MX-COM, INC.

LG

DW-16
DW-24

W=24+03mm
W =16 £+ 0.3 mm

t = 0.3 mm max.
t=0.3+0.05mm

Po=4.0+0.1 mm

D=15+05mm
=15-0.0mm
D=15+0.1mm

E=175+0.1 mm

11.5+ 0.1 mm
7.7 £ 0.1 mm

F
F

P2 =10+ 0.1 mm
P2 =8+ 0.1 mm
P2=6+0.1 mm
P2 =6+ 0.1 mm

Ao =158+ 0.1 mm
Bo =15.8 + 0.1 mm
Ao=11.5+0.1 mm
Bo=11.5+ 0.1 mm
Ao =109+ 0.1 mm
Bo =10.7 £+ 0.1 mm
Ao =109 = 0.1 mm
Bo =16.0 £ 0.1 mm

K=29+0.1mm
K=4.1+0.1 mm
K=3.0x0.1 mm
K=3.0x0.1 mm

P=20+0.1 mm
P=16+0.1 mm
P=12+0.1 mm
P=12+0.1 mm
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2.11 Outside Dimension of Pocket

2.11.1 LG B1=16.5+0.2 mm
2.11.2 LH B1=124+0.1 mm
2113 DW-16 B1=113+0.1 mm
2.11.4 DWwW-24 B1=16.2+0.1 mm

2.12 Pocket Center Holes

2121 LG D1 =1.55 +1.0/-0.05 mm
2.12.2 LH D1 = 1.55 +1.0/-0.05 mm
2.12.3 DW-16 D1 = 2.0 mm min

2124 DW-24 D1 =2.0 mm min

3. Polarity and Orientation of Components in Tape
3.1 All components will be placed so that Pin 1 is adjacent to the sprocket holes. (See Fig. 6.)

3.2 The mounting side of the component will be oriented to the bottom side of the tape. (See Fig. 2.)

4. Fixing of Components in Tape
4.1 Cover tapes will not cover the sprocket holes.
4.2 Tapes in adjacent layers will not stick together in the packing.

4.3 The adhesive of the cover tape will not adversely effect the mechanical and electrical characteristics
and marking of the components.

4.4 Components will not stick to the carrier tape or the cover tape.
4.5 The tapes will be suitable to withstand storage of the taped components without danger or migration
of the terminations or the giving off of vapors which would impair soldering or deteriorate the component

properties or termination by chemical action.

4.6 When the tape is bent with a minimum radius (See Fig. 5) of 30 mm, the tape shall not be damaged
and the components shall remain in their position and orientation in the tape.

4.7 Carrier tape will be conductive.
4.8 Cover tape will be anti-static.

4.9 The peel strength of the cover tape will be 70 + 40 grams measured at 175° to 180° with respect to
the carrier tape along its longitudinal axis. The peel speed will be 240mm/min.

4.10 After baking at 60° for 24 hours or storage in ideal condition for two months, the peel strength shall
remain within the specified limits.
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5. Packaging

5.1 Tape will be wound on plastic reels (See Fig. 4).

Dimensions
A C N w1 w2
51.1 330mm 12.7mm 62.5mm 24.5mm 28.8mm
51.2 180mm 12.7mm 62.5mm 24.5mm 28.8mm

5.2 There will be a leader of 230mm min. followed by a minimum of 40 empty compartments at the start
of each carrier tape (See Fig. 3).

5.3 There will be no missing components between the first and last part of working tape in any reel.

5.4 At the end of the tape there will be a trailer of a minimum of 75 empty compartments (cover tape
sealed). (See Fig. 3.)

5.5 The tape will release from the reel hub as the last portion of the carrier tape unwinds from the reel.

5.6 Components on a reel.

13"
5.6.1 LG 700
5.6.2 LH 700
5.6.3 DW-16 1200
5.6.4 DW-24 1200

5.7 The tape will be prevented from unreeling by winding a paper tape around the reel and fixing with
adhesive tape.

5.8 All reels will display the following:
Manufacturer’s device type number
Quantity on reel
Date code
A static hazard warning label

5.9 Ideal storage conditions are 15° to 20°C with a relative humidity of 60-70%.

6.0 Maximum estimated shelf life when stored as above: 6 months.

Package Types
LG: 24-lead Plastic Gull Wing Package
LH: 24-lead Plastic Leaded Chip Carrier (PLCC)
DW-16: 16-lead Small Outline IC (SOIC)
DW-24: 24-lead Small Outline IC (SOIC)
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Embossed Carrier Dimensions
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Direction of unreeling
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REPLACEMENT PRODUCT GUIDE
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Device Description a8 o sa 26 cc

o

MX003 Selective Call Tone Decoder v MX203/803A
MX004 Voice Band Inverter v MX014
MX103 Address Selector v v

MX165 CTCSS Encoder/Decoder with Audio Filter v v MX165C
MX205 Tone Generator v| MX805A
MX265 CTCSS Encoder/Decoder 4 MX165C
MX313/323 MUX/Display Driver v 4

MX315 CTCSS Encoder v v MX315A
MX326 Audio Bandpass Filter (4

MX335 CTCSS Encoder/Decoder v v MX165C/805
MX355 CTCSS Encoder/Decoder v MX165C
MX365 CTCSS Encoder/Decoder v v MX165C
MX403 Sequential Tone Transponder (4 v

MX409 1200 bps MSK Modem v MX469
MX419/519 1200 bps MSK Modem v v MX469
MX489 19.2 k bps GMSK Modem (4 MX589
MX611 SPM Detector v MX631
MX621 Low-Power SPM Detector v MX631
MX803 Audio Signaling Processor 4 v MX803A
MX805 Sub-Audio Signaling Processor v MX805A
MX806 Audio Processor v MX806A
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Manufacturers of Compatible Xtals
for use with MX-COM IC's

This is not a complete list of xtal manufacturers, but it should provide a few sources for xtals that
can be used with MXsCOM ICs.

CTS Corporation

1201 Cumberland Ave.
West Lafayette, IN 47906
Phone: 317-463-2565

Ecliptek Corporation

3545-B Cadillac Ave.

Costa Mesa, CA 92626-1401
Phone: 714-433-1200

Relm Communications
7707 Records St.
Indiannapolis, IN 46226
Phone: 800-228-8108
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INDEX BY PART NUMBER

MX009
MX013
MX014
MX019
MX029
MX102
MX105
MX109
MX118
MX128
MX165B
MX165C

MX203
MX214
MX224
MX275

MX315A
MX316
MX336
MX346
MX365A
MX366
MX375
MX386

MX429
MX439

MX469

MX503
MX529
MX589
MX609

MX613
MX619
MX629
MX623
MX631
MX641

MX-COM, INC.

Octal Digital Control Amplifier

HSC Tone DECOTET ......coviiiriieeier et

Voice Band INVerter ...

Quad Digital Control Amplifier .........cccoeoerioiniiiiiceee p. 455
Dual Digital Control Amplifier ..........cccoveveiniiiciennceececeen, p. 460
AULOCOITEIALOT ...iieeieieie et e ettt e s p- 503
TONE DELECIOT ...t e p. 509
Full Duplex CVSD Codec with Serial Control ............ccccceevrrnnee. p. 377
Full-Duplex Scrambler for Cordless Telephones.............c.ccoe..... p. 360
Full-Duplex Scrambler for Cordless Telephones..........cccceueeee. p. 366
CTCSS Encoder/Decoder with Audio Filter .... ..p. 160
CTCSS Encoder/Decoder with Audio Filter ..........cccccceveevrreennnnn. p. 169
Selective Call COAEC .......uouiriiiciieiieiienite et p. 234
VSB INVEMET ..ot p. 351
VSB INVEIET ..ottt p. 351
Pvt SQUELCH™ CTCSS Encoder/Decoder .........ccccoveverinecnnne p. 187
CTCSS ENCOUET ..ottt s p. 155
NMT Audio FIREr AITaY ...c.cooveiieeeeeecieeeeecee e p. 267
Audio/Subaudio Filter Array ....... . p. 272
Cellular Audio Processing Array .......c.cccccceeeviineeneenenieeseneeeen, p. 278
CTCSS Encoder/Decoder with Audio Filter ...........ccccovvvenencne p. 178
Quad Filter Array (NAMPS/ETACS) ....c.coooureerirrireeeeeesee e p. 285
Pvt SQUELCH™ CTCSS Encoder/DeCOdEr ........cceevreeererenenns p. 195
Q-ad Filter Array (NAMPS/TACS/AMPS/ACSB) ....cccovveennennene p. 291
1200 bps MSK Modem with Parallel BUS Control..........ccccocoeeenee p. 15
1200 bps MSK Modem with Serial Control .............ccccovvvviniiinens p. 29
An RS-232 Asynchronous Modem using the MX439................... p. 567
1200/2400 bps MSK Modem with Serial Control ............ccceceeene p. 35
Sequential Tone ENCOAEr .......cccveiiiiircnenie e p. 242
1200 bps MSK Modem with Parallel BUS Control...........c.ccccuo.e. p. 15
40k bps GMSK Modem with Serial Control ..........c.cccceevieninne. p. 43
Full Duplex CVSD Codec with Companding ..........cccccceevnevininns p. 384
An Audio Delay Circuit Based on the MX609 ...........cccovvvrurinenene p. 558
Global Call Progress Detector .........cocvvvieeiieeiceceirere e p. 469
Delta Modulation Codec..........ccccovnirniiniiiiiiiesiineee s p. 391
Delta Modulation COEC ........covecierieieieiniinireeee e p. 391
Line-Powered Call Progress Detector ..........ccoceevvienecenicnncnne. p. 477
Low-Power SPM Detector .......cccooeieirnerecireeeeieie e p. 483

Dual SPM Detector ........cccuvvriierieicirere et p. 490
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MX709 Voice Storage and Retrieval (VSR) Codec w/ SRAM ................. p. 403

MX802 Full Duplex VSR Codec with DRAM Control ..........ccccoeveeereneannne p. 420
MX812 Half Duplex VSR Codec with DRAM Control ...........cccoeeurerinnnne p. 434
MX803A Audio Signaling ProCESSOr .........cceiriinieirirerescsieee e seeseese s
MX805A Sub-Audio Signaling Processor

MX806A AUAIO PrOCESSOT ...t
MX809 1200 bps MSK Modem with C-BUS Control ...........ccceeerereneeene p. 57
MX816 NMT AudiO PrOCESSON .....oovvieiriieicirieiercrs et e p. 307
MX826 AMPS/NAMPS AudiO PrOCESSON .....c.ooueereiiiriircreeresieieseesienennne p. 319
MX836 R2000 Audio ProCessor ...........cccuvvviriiniiiiecicieses e p. 331
MX909 High-Speed and MOBITEX GMSK Modem .........cccocvvvviernennen p. 70
MX919 High-Speed 4-Level FSK Modem/ARDIS .......c.cccocvieeeeiienineeene p. 103
MX929 High-Speed 4-Level FSK Modem/ARDIS .........ccoovveiivieneeennn p. 103
MX939 CDPD/AMPS-WBD Full-Duplex Modem ........ccccooevvenincnriennne. p. 140

Application Information:

CVSD CODEGC OVEIVIEW ......cuiuriirieiieeiecreeeee e esessess e sre e seses e e sre e s esssannan p. 374
Crystal OSCillator CirCUIS .........cccvriereriiereee et eeene p. 560
DBS800 C-BUS System Development ... p. 523
DefiNtiONS e e e p. 590
Error Detection & Correction of MPT1327 Formatted Messages ..........ccccecevvvervcennnne p. 571
Generation of Non-Standard CTCSS TONES ......ccccecvviviecrieccieciesie et se v p. 538
GMSK IC Modems

HSC ProduCt OVEIVIEW ......couicieiieeeieiieieeicetie e ae et sae e sae e aseesase s e e beenneassesnns p. 223
Packaging and Handling ..ot p. 591
Product Replacement GUIE ............ccocirereiieniriee et p.617
Pvt SQUELCH: Combining CTCSS with Voice Band Inversion .............cccccovvinnenicnns p. 534
Standards and REfEIrENCES ..........ccoeeiiiiiciiaiii ettt p.519
Switched Capacitor INterfacing ........c..ocoeeirerrie i p. 549
Variable Split Band Scrambling .........c.cooeeiiiiicie e p. 543
Wireless Data Modems: Getting the Best Performance .........c..cooovivenincccncccnnne p. 562
Wireless MOdem GUIGE .....c.couevieierieccre et nee e en p. 14
Xtals Compatible With MX-COM ICS ........c.cceieriiiner et err et p.619
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MX-COM, INC. ICs are available throughout the world:

M In Korea
S-TEC INTERNATIONAL CO., LTD.
Yoido P.O. Box 577

Room #1301-1, Yoido Department Store Bldg.
36-2, Yoido Dong, Yeongdeungpo-Ku

Seoul, 150-010, Korea
Phone: (02) 784-6800
Fax: (02) 784-8600
Telex: K23456 STECI

M In Taiwan
MITRONICS INTERNATIONAL CORP.
7F, No. 104 Tung Hua South Road
Section 2
Taipei, Taiwan, R.0.C.
Phone: (02) 709-7626
Fax: (02) 755-3394

H In Hong Kong
TEKCOMP ELECTRONICS, LTD.
913-4 Bank Centre,

636 Nathan Rd.
Kowloon, Hong Kong
Phone: (852) 710-8121
Fax: (852) 710-9220
Telex: 38513 TEKHL HX

M In Australia & New Zealand
VELTEK PTY LTD.

18 Harker St.
Burwood, Victoria 3125 Australia
Phone: 61-3-808-7511
Fax: 61-3-808-5473

M In Israel
ELINA ELECTRONICS, LTD.
14, Raoul Wallenberg St.
P.0.B. 13190
Tel-Aviv 61131 lIsrael
Phone: (972) 3-498543/4
Fax: (972) 3-498745

M In Japan
TEKSEL CO., LTD.

TBC, Higashi 2-27-10
Shibuya-ku, Tokyo 150 Japan
Phone: (03) 5467-9000
Fax: (03) 5467-0777

Osaka Office
2-20-10 Minamikaneda,
Suita-shi, Osaka-fu 564 Japan
Phone: (06) 368-9000
Fax: (06) 368-8880

Kyusyu Office
Nichiei-Ohkusu Bldg., 3F

2-6-9 Ohkusu, Minami-ku
Fukuoka-shi,
Fukuoka-ken 815 Japan
Phone: (092) 524-6401
Fax: (092)524-6566

Nagano Office
OAU Bldg., 3F

2-1-22 Tenjin, Ueda-shi,
Nagano-ken 386 Japan

Phone: (0268) 23-7411
Fax: (0268) 23-7412

Nagoya Office
Wakayama Bldg.,

1-8-11 Ikeshita, Chikusa-ku,
Nagoya-shi, Aichi-ken 464 Japan
Phone: (052) 762-1355
Fax: (052) 761-9883

MX-COM,INLC.

4800 Bethania Station Rd.
Winston-Salem, NC 27105-1201
United States of America

Phone: (910) 744-5050
(800) 638-5577
Fax: (910) 744-5054

M In Turkey
OAKDALE/HANKUR LTD.
Catal Cesme Sok No. 27

Cagaloglu, Istanbul Turkey
Phone: 5270057
Fax: 5110952

B In Pakistan
OAKDALE/NADEEM TRADERS
Gul Plaza,Charsadda Road
Peshawar, Pakistan
Phone: 241958
Fax: 241977

M In lllinois USA
PHASE Il MARKETING, INC.
2220 Hicks Rd., Suite 206
Rolling Meadows, IL 60008 USA
Phone: (708) 577-9401
Fax: (708) 577-9491

M In Northeast USA
HARWOOD ASSOCIATES
25 High Street
Huntington, NY 11743 USA
Phone: (516) 673-1900
Fax: (516) 673-2848

M in Northwest USA
SPS ELECTRONICS
128 North Shore Circle
Lake Oswego, OR 97034 USA
Phone: (503) 697-7768
Fax: (603) 697-7764

Washington Office
21303 52nd West C-216

Mountlake Terrace, WA 98043 USA
Phone: (206) 323-4140
Fax: (206) 672-8766
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MX836
The Controlling System

C-BUS is designed for low IC pin-count, flexibility in handling variable amounts of data, and simplicity of system
design and pController software. It may be used with any uController, and can, if desired, take advantage of the
hardware and serial I/O functions built into many types of uController. Because of this flexibility and because the BUS
data rate is determined solely by the pController, the system designer has complete freedom to choose a pController
appropriate to the overall system processing requirements.

Control of the functions and levels within the MX836 R2000 Audio Processor is by a group of Address/Commands
and appended data instructions from the system microcontroller. The use of these instructions is detailed in the
following paragraphs and tables.

General Reset 01 00000O00O0H1

Configuration Command 10 00010000 + 1 byte 2
TX Gain & Mod. Command 11 00010001 + 1 byte 3
RX Gain & LS Vol. 12 00010010 + 1 byte 4
LF Data Gain & Ear Vol. 13 00010011 + 1 byte 5

Table 1 - C-BUS Address/Commands

In C-BUS protocol the MX836 is allocated Address/ recognized the first byte after Chip Select (logic 0) as an
Command values 10,,to 13,,. Configuration, TX/RX Gains, ~Address/Command. Function or Level control data, which
and SAT/Powersave assignments and data requirements  is detailed in Tables 2, 3, 4, and 5, is acted upon at the end

are given in Table 1. of the loaded instruction. See Timing Diagrams, Figures
Each instruction consists of an Address/Command 5 and 6.

(A/C) byte followed by a data instruction formulated from Upon power-up the value of the “bits” in this device will

the following tables. be random (either “0” or “1”). A General Reset Command

Commands and Data are only to be loaded in the (01,) is required to set all MX816 registers to 00,,.
group configurations detailed, as the C-BUS interface

Configuration Command (Preceded by A/C 10,)  TX Gain & Mod. Command (Preceded by A/C 11,)
E“:i‘*
(MSB) Transmitted First (MSB) Transmitted First
Bit 7 RX Gain Element 7 6 5 4 o1';X (MOdi Level)
0 P 0O 0 0 O F(Low Zto V
] Bt 00 0 1 5608
0 0 1 0 -5.2dB
. 00 1 1 -4.8dB
6 All Functions 0O 1 0 0 -4.4dB
(except RX Gain Element) 8 ] ? (1) -g.ggg
? P°é":1er§fve 0 1 1 1 -3.2dB
able 10 0 0 -2.8dB
1 0 0 1 -2.4dB
5 SW5 Expander 1 0 1 0 -2.0dB
0 Expander Bypass } f1J (1) 8 -1 ggg
1 Expander Route 11 o0 1 0848
. 11 1 0 -0.4dB
4 SW4 TX/RX Audio 1101 1 0dB
0 TX Store/Audio i
1 RX Store/Audio 3 2 10 TX Input Gain
0 0 0 O -2.6533
P 0 0 0 1 -2.05
3 SW3 Dev. Limiter 00 1 0 T500B
0 Dev. Limiter Bypass 0o 0 1 1 -0.95dB
1 Dev. Limiter Route o 1 0 o0 -0.45dB
o1 0 1 0dB
2 SW1 Mic. Inputs 01 10 0.45dB
0 Mic. 1 Input o1 1 1 0.85dB
) 1 0 0 O 1.25dB
1 Mic. 2 Input 10 0 1 1.65dB
i 1 0 1 0 2.05dB
1 0 SW2 TX Function 10 1 1 2.40dB
0 0 DTMF In 11 0 O 2.7038
11 0 1 3.050dB
0 1 Compressor In 11 10 33508
1 0 Compressor Bypass 11 1 1 3.65dB
1 1 MSK/Play In
Table 2 - Configuration Commands Table 3 - TX Gain & Mod. Commands
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