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LOW-SPEED MODEM SYSTEM DESIGN
USING THE MC6860

GENERAL

Low-speed modem designers will find that the MC6860
MOS LSI Modem with its built-in modulator, demodulator,
and supervisory control will allow the design of a high
performance, low cost 100 Series type modem. The
designer, by selecting from different filter configurations
and some surrounding support circuitry, may design either
an originate only, answer only, or automaticanswerforigi-
nate modem system.

It is the purpose of this note to cover in some detail
these surrounding building blocks that comprise the total
system. To familiarize the reader with the MC6860 chip
operation, a general overview will be included with a more
detailed description to be obtained from the MC6860
data sheet.
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BASIC MC6860 CIRCUIT OPERA nON

As illustrated in Figure I, the MC6860 Modem contains
a digital modulator, demodulator, and a supervisory control
section to handle line disciplines for full duplex originate,
auto-answer, and auto-disconnect operations.

Modulator
The modulator section converts serial digital data into

analog frequencies for output to the telephone network.
The analog output from the modem is a digital synthesized
sinewave having one of four possible frequencies as listed
in Figure 2. The modulation scheme used is frequency
shift keying (FSK), where a logic "0" (space) is the lower
frequency and a logic" I" (mark) is the upper or higher
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VDD = Pin 12
VSS = Pin 1

NOTE 1.

ESD = Enable Space Disconnect

ELS = Enable Long Space Disconnect
ESS = Enable Short Space Disconnect

Self Test 16 22 5 6 ESS (Note 1)
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fully checked and is believed to be entirely reliable. However, no responsibility is assumed for inaccuracies. Furthermore, such information
does not convey to the purchaser of the semiconductor devices described any license under the patent rights of Motorola Inc. or others.



Output Originate Answer

Mark 1270 Hz 2225 Hz

Space 1070 Hz 2025 Hz

frequency of either the originate or answer frequency pairs.
The analog signal output level from the modulator is
typically 350 millivolts (rms) into a load of 100 k ohms;
therefore, for the MC6860 to interface into a 600 ohm
line system such as the telephone network with the
necessary signal magnitude, an external transmit buffer
will be required.

Demodulator
The demodulator section receives either the lower or

upper (answer or originate modem) frequency tone pairs,
and by a technique of digital half-cycle detection deter-
mines the presence of a mark or a space frequency and
will output at the Receive Data pin either a digital logic
"1" or "0" to the terminal or computer equipmen 1. The
incoming analog signal from the line should be bandlimited
(filtered) and limited (amplified/clipped) prior to the
demodulator carrier input to remove interfering signals
and system noise. The limited input signal presented to
the demodulator input should be at 50% duty cycle (±4%)
over the full input signal dynamic range and be at a TTL
compatible input level in order to maiiltain low bit-error-
rate performance.

Supervisory Control
The supervisory control section of the MC6860 contains

the necessary logic to provide initial inter-modem hand-
shaking as well as operational protocol, such as automatic
answer, originate only, initiate disconnect, and automatic
disconnect. A graphical illustration of these controloper-
ations provided by the MC6860 is shown in Figures 3,4,
5, and 6. Signals provided by the MC6860 for interfacing
between a data terminal and either a CBS or a CBT
telephone network data coupler are shown at the top
right of Figure 1. Switch Hook (SR), Ring Indicator (lIT),
and Answer Phone (An Ph) signals will interface directly
with a CBT data coupler, or with a CBS data coupler when
RS-232 interface circuits are used. Both of these data
coupler interface methods will be illustrated in later
system implementation examples.

Additional control signals that are provided for data
terminal control are: Data Terminal Ready (m), crear-
fO-SeriQ (CTS), Receive Break (Rx Brk), Transmit Break
(Tx Brk), and Break Release (BrI<R). The Mode output is
a control function that is system oriented for the sur-
rounding filter block. This output can be used to control
switchable filters to provide a full automatic answer/
originate modem system. A logic low level at the Mode
output pin indicates the demodulator is in the answer
mode of operation and will demodulate 1070 Hz and
1270 Hz incoming signals. When the Mode output is in a
high state, the frequencies demodulated will be 2025 Hz
and 2225 Hz. A design example using switchable filters
will be illustrated in a later section.
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A self test feature is included in the MC6860 for testing
the modulator/demodulator sections. When a low logic
level is applied to the Self Test (Si) input pin, the demodu-
lator is switched to detect the modulator transmitted
frequency pair. Channel establishment obtained during
initial handshaking is not lost, with only the Mode output
changing state during initiation of self test as shown in
Figure 7. This test feature allows the modulator, demodu-
lator, and interval timer circuitry to be checked for proper
operation during diagnostic system test.
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MODEM FILTER DESIGN
Filter networks are among the most important surround-

ing element blocks in a modem system. As shown in Fig-
ure 8, a filter block is used in the receive carrier signal
path and another filter block is used in the transmit
carrier signal path. The transmit carrier filter may not be
required in answer only modem designs but is required
for originate mode operation.

The receive filter must provide sufficient adjacent
channel rejection to provide good bit-error performance.
During answer only operation, the filter must pass the
receive frequencies of 1070 and 1270 Hz, but reject the
adjacent channel local transmit frequencies of 2025 and
2225 Hz.

Typically, the receive carrier bandpass filter should
provide greater than 35 dB attenuation to the adjacent
channel. During full duplex originate operation, the local
transmit signal produces second harmonic energy within
the receive filter bandpass (2 x 1070 Hz = 2140 Hz). To
reduce this frequency component in the receive filter
passband, a transmit carrier filter must be included. This
transmit filter may be either a low pass, a high pass, or a
bandpass filter dependent upon the designed mode of
operation of the modem: originate only, answer only, or
auto answer/originate.

The filter design example presented is a bandpass con-
figuration which could be used in either the transmit or
receive signal paths with only component value changes.
The transmit filter must have a pass frequency of 2025-
2225 Hz when the modem is used as an answer only
modem (receiving frequencies of 1070-1270 Hz). The
opposite configuration is true when the modem is in the
originate only mode of operation (transmit frequencies
of 1070-1270 Hz and receive frequencies of 2025- 2225 Hz).

A design example is presented, with design tables and
equations to solve for the modem system bandpass filter
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component values. A 6-pole answer filter is develope'd in
detail ill"this application note, whereas a 6-pole originate
filter has values tabulated only. Also tabulated are com-
ponent values for 8-pole, 50-dB receive filters and 4-pole,
25-dB transmit filters.

A filter design may take one of many forms. The in-
cluded design examples use a 0.5 dB ripple Chebyshev
approximation. The filter element configuration used is a
multiple feedback bandpass as shown in Figure 9. As indi-
cated in Figure 10, the Chebyshev filter will proVide a high
degree of attenuation in the stop band, but with less
phase linearity than a Butterworth or Bessel filter. Linear
phase or group delay in the passband is an important design
consideration for modem filter design. Error performance
and demodulator phase/bias distortion of the modem
system is affected by unequal delay of data frequencies
within the filter passband. Therefore, it is important to
provide filters that not only provide sharp stopband atten-
uation, but also provide some degree of phase linearity in

Chebyshev
Butterworth
Bessel

Chebyshev
Butterworth

the passband. By designing the Chebyshev filter to have a
wider bandwidth than required for FSK (frequency shift
keyed) data recovery, the designer can maximize phase
linearity within the required passband.



Determining the minimum filter bandwidth comes by
investigating the received signal characteristics. Data com-
munication theory states that data transmitted by FSK
can be recovered by detecting the data carrier and the
first sidebands. At a data rate of 300 bits per second and
a data format of alternate mark and space, the first side-
bands occur ±150 Hz from the carrier which is located
half.way between the mark and space frequencies. There-
fore, the minimum bandwidth for the receive bandpass
filter is 300 Hz. Typically, frequencies within this 300 Hz
bandwidth should undergo no greater than 0.8 millisecond
change in group delay. Group delay is defined by:

6.n. I
td-~----- 6.F 3600/cycle

6.¢ = change in phase in degrees
6.F = change in frequency in Hz

To maintain less than 0.8 millisecond group delay at a
data rate of 300 bits per second requires an overall filter
bandpass of 400 Hz. This results in the low frequency
pair (answer) filter passband being between 970 Hz and
1370 Hz (6-pole, 0.5 dB ripple Chebyshev).

Filter Design Steps
The modem bandpass filter examples will be designed

using the following procedural steps:

(I) Determine the required prototype low pass filter
shape factor from the passband width and stop-
band attenuation.

(2) Enter Table 1 with the shape factor, passband
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ripple (Amax), and stopband attenuation (Amin),
to determine the order of the prototype lowpass
filter.

(3) From Table 2, determine the location of the pro-
totype low pass filter poles opposite the deter-
mined filter order.

(4) From the low pass filter poles, determine their
natural frequency (w) and damping factor (~).

(5) Transform the low pass filter section parameters
to cascaded second order bandpass ftlter design
section Q and center frequency values.

(6) Determine the active element operational ampli-
fier gain by solving for center frequency loss and
system filter passband gain (AVO).

(7) Use each section Q, frequency, and gain to solve
for the bandpass filter passive component values.

Step (l) - Filter Shape Factor
Figure 11 shows a design example for a typical 6-pole

answer modem receive filter design. From this data, it is
possible to calculate the filter shape factor (ns) for the
prototype filter.

n =F4-F3 2225-115
s F2-FI 1370-970

n =2110 =5.28
s 400

TABLE 2 - Pole Locations and Quadratic Factors
(s2 + a,s + ao) for Chebyshev 0.5 dB Ripple Filter

0.5 dB Ripple

Order Poles ao a,
2 -0.71281 ± j 1.00404 1.51620 1.42562

3 -0.31323 ± j 1.02193 1.14245 0.62646
-0.62646

4 -0.17535 ± j 1.01625 1.06352 0.35071
-0.42334 ± j 0.42095 0.35641 0.84668

5 -0.11196 ± j 1.01156 1.03578 0.22393
-0.29312 ± j 0.62518 0.47677 0.58625
-0.36232

6 -0.07765 ± j 1.00846 1.02302 0.15530
-0.21214 ± j 0.73824 0.59001 0.42429
-0.28979 ± j 0.27022 0.15700 0.57959

7 -0.05700 ± j 1.00641 1.01611 0.11401
-0.15972 ± j 0.80708 0.67688 0.31944
-0.23080 ± j 0.44789 0.25388 0.46160
-0.25617

8 -0.04362 ± j 1.00500 1.01193 0.08724
-0.12422 ± j 0.85200 0.74133 0.24844
-0.18591 ± j 0.56929 0.35865 0.37182
-0.21929 ± j 0.19991 0.08805 0.43859

9 -0.03445 ± j 1.00400 1.00921 0.06891
-0.09920 ± j 0.88291 0.78936 0.19841
-0.15199 ±j 0.65532 0.45254 0.30397
-0.18644 ± j 0.34869 0.15634 0.37288
-0.19841

10 -0.02790 ± j 1.00327 1.00734 0.05580
-0.08097 ± j 0.90507 0.82570 0.16193
-0.12611 ± j 0.71826 0.53181 0.25222
-0.15891 ± j 0.4611 5 0.23791 0.31781
-0.17615 ±j 0.15890 0.05628 0.35230
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where:

FI = lower passband frequency in Hz
F2 = upper passband frequency in Hz
F3 = lower stopband frequency in Hz
F4 = upper stopband frequency in Hz

FI and F2 are ripple bandwidth frequencies,
i.e., gain down 0.5 dB.

Steps (2) and (3) - Filter Order and Pole Location
The second step of the filter design process was to deter-

mine'the complexity of the filter. To determine this com-
plexity, the following information is required:

I. The passband ripple, Amax.
2. The minimum stopband attenuation, Amin.
3. The ratio of the ripple bandwidth and the first fre-

quency of minimum attenuation, shape factor ns.

With Amax = 0.5 dB, Amin = -35 dB, and ns = 5.28
enter the nomograph in Table I to determine the filter
complexity or order.

The nomograph is used by locating the passband ripple
Amax and the minimum stopband attenuation Amin and
drawing a line from Amax through Amin to the left-hand
side of the graph. From this point, a horizontal line is
drawn to an intersection of the vertical line value of ns.
The minimum complexity or order, n, will be the n curve
that passes through or above this intersection. In our ex-
ample, the order n equals 3. This implies that the low pass
prototype filter will have 3 poles and, consequently, the
final bandpass filter will have 3 pole-pairs.

Table 2 gives the pole locations and quadratic factors
for a third order 0.5 dB passband ripple Chebyshev low
pass filter.

The values obtained from Table 2 are:

-0.31323 ±j1.02193 Complex conjugate pole
-0.62646 + jO Real pole
ao = 1.14245 Characteristic of non s term
al = 0.62646 Characteristic of s term
where the s term equation = (s2 + a I s + ao)

Step (4) - Lowpass Prototype Filter Natural Fre-
quencies and Damping Factors
Using the following relationships, solve for the natural

frequencies (w) and damping factors (~):

P1*--- +j 1.02193

I
I
I

w2 I

-0.31323

Ir- w1S"1

I
P2)IE- - --

WI2 = (1.02193)2+(-0.31323)2
WI = 1.069

also, WI ~I = 0.31323
I: 0.31323
<;1 1.069

~ I = 0.293
w22 = (0)2 + (-0.62646)2

W2 = 0.62646

also, w2 ~2 = 0.62646
~2 = I

Step (5) - Filter Section Q and Center Frequency
The complex conjugate pole of the low pass prototype

is transformed into a pair of complex conjugate bandpass
poles, whereas the real pole of the low pass prototype is
transformed into a complex conjugate pair of bandpass
poles.

p12 X
Xp3,

BANDPASS

The bandpass filter will take on a form of three 2-pole
bandpass filter sections in cascade. When bandpass sections
are cascaded, each section center frequency and Q must be
determined from the low pass damping factors (~) and
natural frequencies (w).

Given:
WI
FI

Then:
FO
QO

Qo

= 1.069, h = 0.293
= 970 Hz, F2 = 1370 Hz

= "jFI F2 = 1152.78 Hz (geometric center) (4)

FO = 1152.78 Hz (Filter Q) (5)
F2 - FI 400

= 2.8819



Section Q:

Ql = (6)

~

2 Jl 2 2 2 jl/2
[(~) + 2J+ {[(~) + ~ +2} -4(~) + 2

2C~6~1) 2
Yielding:

Ql = 9.345

Section 2 is a reflected image about FO of section 1 for
a 3 section cascaded filter (odd order). Recall that a third
order low pass when transformed to a bandpass results in
two pairs of complex poles (sections 1 and 2) from the
low pass complex pole and one pair of complex poles
(section 3) from the low pass real pole.

Q1 = Q2 = 9.345

For section 3:

2.882
(1) (0.627) = 4.596

Center Frequencies:

F1 = MFO

M=~lW1Q1 + f~lw1Q1\2 -1
Qo V\ Qo ]

M - (0.293) (1.069) (9.345)
- 2.882 +

hO.293) (1.069) (9.345) J 2 -1
V t 2.882

M=1.l932

F1 = (1.1932) (1152.78) = 1375.52 Hz

BUFFER

200 k

VTx a =
I 0.2 Vrms _

I
I
I
I
I
I
I
I

Rx
Demodulator Car

The image F 2 becomes:
1 1152.78

F2 = M FO = 1.1932 = 966.1 Hz

Step (6) - Center Frequency Loss and Filter Passband
Gain

The gain produced by the active elements in the band-
pass filter should overcome loss due to the stagger tuned
filter sections. Each section of a cascade bandpass filter,
except the section centered about wo, has a loss as repre-
sented by Equation 12. The overall filter center angular
frequency wo (Equation 13), section Q, and section center
angular frequency Wn (Equation 14) are required to deter-
mine each section's center frequency loss. Once the indi-
vidual losses are determined, they are summed to arrive
at the total cascaded filter loss AyO GwO).

This value is used in determining filter section gain such
that the designed bandpass filter meets design gain goals.
The receive filter block must amplify the minimum input
line signal to a minimum required limiter input signal.

WnwO0;-
AYOn GWO) dB loss = 20 10~

(wn2 _ w02) 2 +( WnWO )2
Qn

(12)

wO=2rr..JF'lF2

wn=2rrFn

(13)

(14)

The following will illustrate the use of Equation 12 to
solve for the center frequency loss of the modem answer
filter example.

DUPLEXER

~

6dB
600

VRx L = -12 dBm to -48 dBmU-VTx L = -12 dBm@ 2225 HzDTl
_ ~ +6dB 600

10k 'I r DR LINE

~VRx 0 = -6 dBm to -42 dBm
~

VTx 0 = -16 dBm-~~--
-18 dB @2225 Hz

VRx F = -25 dBmmin @ 1070 ·1270 Hz
(Minimum Limiter Input)



WO = 2rr y(970) (1370) = 7.2431 x 103 rad/s (15)

WI = 2rr (1375.52) = 8.6426 x 103 rad/s (16)

Ql =9.345

t
(8.6426 x 103) (7.243 x 103) J

9.345
I dB loss = 20 log -=========================

J~8.642 x 103) 2 -(7.243 x 103) 2J 2 + ~8.642 x 1O~~3~75243x 103~ 2

IAVOI OWO) I dB loss = 20 log (0.2886)

IAVOl OWO) I dB loss = -10.794 dB

Figure 12 illustrates the design goals that are used to
determine the receive filter passband gain for the answer
only modem system. The answer filter provides 35 dB of
attenuation to 2225 Hz relative to the filter passband.
This results in -34 dBm of unwanted signal level being
present at the limiter input. To maintain a probability of
error (Pe) ~ 1 x 10-5, a signal-to-noise ratio at the limiter
input must be greater than +12.12 dB. The theoretical
probability of error (Pe) curve for non-coherent FSK is
determined by:

WO= 7.243 x 103 rad/s

w2 = 27T(966.1) = 6.07 x 103 rad/s

Q2 = 9.345

IAV02 OWO) I dB loss = 20 log (0.2886)
IAV02 OWO) I dB loss = -10.794 dB

WO = 7.243 x 103 rad/s
w3 = 7.243 x 103 rad/s
Q3 = 4.596

IAV03 OWO) I dB loss = 20 log (1)
IAV03 OWO) I dB loss = 0 dB, due to Wn = wo

where Vs = signal level
Vn = noise level
BWn = noise bandwidth (400 Hz)
BWs = signal bandwidth (300 Hz)

IAVO OWO) I dB loss = (-10.79 dB) +
(-1O.79dB)+(OdB) (18)

In calculating the voltage gain required by the receive
active filter block, the following constraints should be
considered:

(a) The signal to noise performance reqUired by the
modem system.

(b) The receive limiter minimum input level while
providing less than ±4% deviation from a 50%
output duty cycle.

(c) The worst case receive input line levels.

The total filter center frequency loss is equal to the
sum of all sectional losses.



(d) At the maximum input line levels, the designed
filter gain should not saturate any active stage of
the filter.
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The use of the MLM311 as a receive signal limiter
provides 40 dB of signal gain while maintaining a limited
output level having less than ±2% deviation from a 50%
duty cycle with a -25 dBm applied input level (VRx F).

The telephone line receive level for the answer only
example ranges between -12 dBm and -48 dBm. An active
duplexer provides 6 dB of signal gain to these line levels
resulting in filter input levels (VRx 0) between -6 dBm
and -42 dBm.

From the above information, the active filter must
provide the following passband gain.

AVO = IVRx omin I-I VRx Fmax I (20)
AVO = 42 dB -25 dB = 17 dB passband gain

The amount of operational amplifier gain used in the
filter design is based on both the passband gain require-
ments and the filter center frequency loss.

AVOtotal = IAVO (passband)1 +
IAvo (center frequency 10ss)1 (21)

AVOtotal = 17 dB + 21.58 dB = +38.58 dB
This requires that each of the three filter sections pro-

vide a gain of:

+38.58 dB
AVO = 3 = +12.86 dB or 4.41 volts/volt. (22)

Step (7) - Filter Component Values
Now that each section gain, center frequency, and

design Q is known, the actual filter component values can
be calculated (reference Figure 9).

FI = 1375.52 Hz
WI = 8.6426 x 103 rad/s
QI = 9.345
AVOI = 4.41 (gain of section)

C3 = C4 = 0.01 p.F (using equal value capacitors)

R5 (uncorrected) = 2QI = 2 (9.35)
WIC 21T(1375.5) (1 x 10'-8)

RI (uncorrected) = R5 _ 216.4 k
2 AVOI - 2(4.41)

R2 (uncorrected) = R21R5
4Ql RI-R5

(24.5 k)(216.4 k)
4(9.35)2(24.5 k) -216.4 k

These three resistor values, if used to initially imple-
ment the first bandpass section, would not produce exact
design goals. Filter response will shift due to non-ideal
operational amplifier parameters such as dc gain (AVOU,
gain bandwidth product (GBW), and input impedance (Zin).

To offset any shift in filter response, new values for
selection Q, gain and frequency should be calculated taking
into account the operational amplifier parameters. These
corrected values will be used to obtain new values for
R5, RI, and R2, resulting in a filter response very near
design goals.

Corrected values for Wn, Qn, and AVO are calculated
using the following MC1458 operational a~plifier param-
eters.

AVOL = 1 x 105 volts/volt
GBW = 1 x 106 Hz, 6.283 x 106 rad/s
zin = 1 x 106 ohms

WC = WI

1 1 - Ql (G~~)
wCl = 8.755 x 103 rad/s, 1393.4 Hz

Q Ql

Cl [2Ql (R5 ~l-Ql ~-+--1
AVOL zin

Plugging in values we obtain:

WI JGBW

QCl =9.27

A - AVO 1
VOCl- [2QI (R5)l-Ql--+-

AVOL zin

AVOCI =4.43



Using these corrected values of section center frequency,
Q, and section gain, solve for the corrected values of
Rl, R2, and R5:

2QCI
R5=--

wCIC

R - 2 (9.27)
5 - (8.755 x 103)(1 x 10-8)

R - R5
I - 2AVOC

R - 2.117 x 105
1 - 2 (4.43)

R2 = Rl R5 (31)
4QC12Rl - R5

R - (2.389 x lQ4)(2.117 x 105)
2 - 4(9.27) 2 (2.389 x 104) - 2.117 x 105

R2 = 632.2 n

F2 = 966.1 Hz
w2 = 6.07 x 103 rad/s
Q2 = 9.345
AV02 =4.43
C3 = C4 = 1 x 10-8 F

Solving as in Section I using Equations 23 through 31,
we obtain:

wC2 = 6.1255 x 103 rad/s, 974.9 Hz
QC2 = 9.30
AVOC2 = 4.43
R5 = 303.75 kn
Rl = 34.28 kn
R2 = 900.5 n

Section 3:
F3 = 1152.73 Hz
W3 = 7.243 x 103 rad/s
Q3 = 4.596
AV03 = 4.41
C3 = C4 = 1 x 10-8 F

Solving as in section 1 and 2, we obtain:
wC3 = 7.281 x 103 rad/s, 1158.87 Hz
QC3 = 4.58
AVOC3 = 4.41
R5 = 125.72 kn
Rl = 14.24 kn
R2 = 1676.9 n

The complete answer filter is shown in Figure 13a with
the filter response and envelope delay curves shown in
Figure 13b. If the filter is not optimum after construction,
it may be fine tuned by the following method.

In tuning filters, one of the most useful parameters is
the sensitivity of the filter to element variations. Sensitivity
is defined as a measure of the dependence of a network
upon the change of some parameter of the network. The
sensitivities of importance to the multiple-feedback band-
pass filter must relate Rl, R2, and R5 to their effect upon
wo and Q. These sensitivities are:

swo = -1/2 (ratio, no units) (32)
R5

swo -1
(33)

RI 2(wO)2RIR5C3C4

SWO -1
(34)

R2 2(wO)2R2R5 C3C4

S~1
R I -1/2 (35)

2(Rl + R2)

S~2 = R2 -1/2 (36)
2(Rl + R2)

S~5 = + 1/2 (37)

In practice, Rl ~ R2 such that

SQ~o
Rl

SQ~-1/2
R2

These sensitivities imply that to change section Q, R2
should be adjusted. If R2 were increased, for example
20%, section Q will decrease 10%. Notice that the sensi-
tivity of Q to changes in R2 and R5 is equal and opposite
in magnitude. This implies that if R2 and R5 are changed
by the same percentage, but in opposite directions, section
Q will not change. Also, as R5 is adjusted, it changes the
section center frequency by a ratio of -1/2.

Filter Tuning Procedure
Section Center Frequency:
(a) Increase/decrease R5 for a corresponding de-

crease/increase in section center frequency wOo
(b) Increase/decrease R2 by the same percentage of

increase/decrease applied to R5 in step (a) to
maintain constant sectionQ.

Section Q:
(a) Increase/decrease R2 for a corresponding de-

crease/increase in section Q.

ORIGINATE FILTER DESIGN
Basically, the originate receiving filter design procedures

are identical to the answer filter example. The one major
difference is that the filter center frequency is shifted
to accept 2025 - 2225 Hz signals. One might also note
that the second harmonics of the local transmit signals in
the originate mode (1070 - 1270 Hz) fall within and just



outside of the passband for the originate receive filter. For
this reason, the originate only modem designer may want
to provide a transmit bandpass filter to suppress harmonics
produced by the local transmit carrier (see Figure 15).

The three section design parameters and component
values for the 6-pole originate receive filter are:
Section 1:

Fl = 2425.81 Hz
Ql = 16.56
AVOI = 4.48
C3 = C4 = 1 x 1O-8F
Rl = 24.26 kS1
R2 = 199.76 S1
R5 = 217.258 kS1

Section2:
F2 = 1985.62 Hz
Q2 = 16.67
AVOy4.48
C3 = C4 = 1 x 10-8 F
Rl = 29.85 k
R2 = 242.36 S1
R5 = 267.23 kS1

Section 3:

F3 = 2154.01 Hz
Q3 = 8.32
AV03= 4.43
C3 = C4 = 1 x 10-8F
Rl = 13.88 kS1
R2 = 458.85 S1
R5 = 122.913 kS1

The complete 6-pole receive originate filter is shown
in Figure 14a, with the response and envelope delay curves
shown in Figure 14b.

8-POLE, -50 dB RECEIVE AND 4-POLE, -25 dB
TRANSMIT FILTER DESIGN

A complete full duplex modem system will most likely
require operation with input signals down to -50 dBm at
the line input. This requires a receive filter network having
at least 8 poles to provide the necessary attenuation to
adjacent duplex channel interference and a local transmit
filter having 4 poles to provide 25 dB local transmit signal
harmonic rejection. The construction of an 8-pole or 4-pole
filter takes on the same cascaded form as the illustrated

6-pole design example. Therefore, only the component
values for the 8-pole and 4-pole filters are tabulated in
Figure 15 without the individual circuit diagrams.
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Section 1 2 3 4
Rl (Do) 31.42k 39.54 k 14.71 k 16.1 k
R2 (Do) 146.8 181.15 396.29 432.32
R5 (Do) 288.64 k 363.27 k 132.15k 144.66 k

Section 1 2 3 4
R1 (Do) 31.08 k 46.34 k 14.51 k 17.1 k

R2(n) 468.48 690.57 1397.94 1643.88

R5(n) 283.33 k 422.31 k 131.38 k 154.8 k

Section 1 2
R1 (Do) 15.73 k 20.56 k

R2 (Do) 1218.55 1586.55

R5 (n) 130.47 k 170.47 k

Section 1 2

R1 (Do) 16.17 k 18.78 k

R2 (Do) 366.95 423.79

R5 (Do) 133.25 k 154.81 k

FIGURE 15 - a·Pole, -50 dB Receive and 4-Pole,
-25 dB Transmit Filter Values



AUTOMATIC ANSWER/ORIGINATE MODEM SYSTEM
The filter design for a fully automatic answer/originate

modem system must have switch able bandpass character-
istics. By tabulating the previous component values for
both the answer and originate filters, one can draw some
conclusions on how to best switch the filter from one range
to the other. The following example uses the previous
derived values for the 6-pole receive filter. Figure 16 indi-
cates that switching in different values of R2 for all three
sections and a different value for RS in the second section
would provide the required switchable answer/originate
filter. By adjusting the non-switched resistors to the average
value between the answer and originate filter values, the
more accurate the first switchable filter prototype will be.
A semiconductor switch is used to switch values of R2, and
operates in shunt to ground. The best choice for the shunt
switch is to use a low on-resistance bipolar device such as
the 2N3904. For switching RS of section 2, a high off
resistance device is required due to the high series resistance
in the feedback path of the operational amplifier. An
MFE200S N-channel junction FET was selected to do this
job. Figure 17a illustrates the fully automatic answer/
originate switchable filter system. Also shown are the
transmit buffer, duplexer, threshold detector, limiter, and
mode control level translator sections. The level translator,
which provides the correct on/off voltage levels to the
bipolar FET switches, receives its answer/originate com-
mand from the MC6860 modem mode control output pin.

The measured response and envelope delay for the switch-
able 6-pole receive filter design is shown in Figure 17b.

Figure 18 illustrates the complete modem system with
the RS-232 interface to the CBS data coupler, and the
direct interface to a CBT data coupler. Automatic dis-
connect option inputs are handled by PC board mounted
switches. The complete automatic modem, less the power
supply, may be easily constructed on a single 4 x 5 prin ted
circuit board.

CONCLUSION
A low-speed modem design has been presented using

the MC6860 LSI MOS digital Modem integrated circuit.
Included has been a system design example using filter
design tables and equations to develop a complete modem
system. Also included have been component values for
filter designs which may be used to develop full duplex
modem systems.

The availability of this LSI modem circuit along with
the presented filter designs should provide a very useful
building block for the OEM modem and terminal designers
by providing him precise digital modulation, demodulation,
and supervisory control. The modem designer will find
that a design approach using the MC6860 modem will
also provide an impressive system size reduction as well as
a better price-performance choice for his present and
future low speed modem designs.

Average
Answer Originate or Answer Originate

Resistor 1070-1270 Hz 2025-2225 Hz !>Value Switched Switched

R 11 23.89 k 24.26 k 24.08 k 24.1 k 24.1 k

R21 632.2 199.76 {; 432.4 632 200

R51 211.7 k 217.26 k 214.48 k 214.5 k 214.5 k
R12 34.28 k 29.85 k 32.07 k 32.1 k 32.1 k
R22 900.5 242.36 {; 658.2 900 242
R52 303.75 k 267.23 k {; 36.5 k 304 k 267 k
R13 14.24 k 13.88 k 14.06 k 14.06 k 14.06 k
R23 1676.9 458.85 1218.05 1677 459

R53 125.72 k 122.91 k 124.32 k 124.3 k 124.3 k
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FIGURE 17b - Switchable Filter Response

All Capacitors are in J,lF.
C3n' C4n = 0.01 J,lF± 1%.
Resistors R11 thru R53 are ±1%.

R11 = 24.1 k11
R21A = 20011
R21B=43211
R51 = 214.5 k11

R12 = 32.1 k11
R22A = 242 11
R22B = 65811
R52A = 267 k11

R52B = 37 k11
R13 = 14.06 k11
R23A = 459 11
R23B = 1218 11
R53 = 124.3 k11
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