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ABSTRACT 

Minimum Shift Keying (MSK) is a bandwidth and power 
efficient modulation scheme. These characteristics, 
combined with a sharp spectral roll-off and 
constant-amplitude envelope make MSK an attractive scheme 
for use in satellite links. MSK is one of a class of 
modulations that can be differentially detected. When 
compared to coherent demodulators, differentially coherent 
demodulators, while having slightly poorer performance, 
have reduced signal acquisition times and decreased circuit 
complexity, both attributable to the lack of carrier 
recovery systems. The differential demodulator, consisting 
primarily of a multiplier and a one-bit-period delay, lends 
itself to simple and low cost implementation. This thesis 
outlines the development of two versions of such a 
demodulator. The first is a standard linear demodulator 
utilizing a charge coupled device delay element and a four 
quadrant multiplier. The second demodulator includes a 
hard-limiter acting on the input signal and uses a shift 
register as the delay element and an exclusive-or gate for 
the multiplier. The performance of the two units is 
compared, and it is concluded that differential MSK 
demodulators can be realized using hard-limiting circuitry 
with little or no performance penalty as compared to linear 
differential demodulators. 
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1. INTRODUCTION 

1.1 Thesis Objective 

The primary objective of this thesis was to 

investigate the performance of linear and hard limiting 

differentially coherent demodulators for differentially 

encoded minimum shift keying (MSK) modulation 

A secondary objective was to develop a circuit that 

could be used as the basis of a practical, low cost modem 

implementation. 

1.2 Introduction 

Minimum shift keying (MSK) is one of several 

modulation methods which are well suited for use over 

satellite links. It exhibits characteristics common to 

several other modulation methods, but includes advantages 

that make it preferrable in many instances. 

MSK has a spectral efficiency (the ratio of digital 

bit rate to the bandwidth of the modulated signal) that is 

similar to comparable modulation schemes'. MSK can provide 

superior performance if the channel is not severly 

band-limited2. In satellite systems, where bandwidth is at 

a premium, the spectral efficiency of the modulation scheme 

is an important consideration. Also relevant for satellite 

channels is the amplitude envelope of the modulated signal. 



MSK has a constant amplitude envelope, and therefore can 

operate with the nonlinear characteristics of the satellite 

transponder with little performance degradation. 

A property related to bandwidth efficiency is the 

spectral roll-off. MSK exhibits fast spectral roll-off 

when compared to other popular modulation schemes such as 

Offset Quaternary Phase Shift Keying (OQPSK)
2
. This 

property affects the level of adjacent channel interference 

that a multi-channel system is subjected to, and for the 

same performance, MSK may require less stringent filtering 

requirements than a scheme such as OQPSK. 

For a system where a single transmitter serves many 

receivers, it is usually desirable to reduce the cost of 

the receiver circuitry, even 

costly or complex transmitter. 

is used at the receiver, where.

at the expense of a more 

Normally coherent detection 

a spectrally clean carrier 

signal is derived from the modulated signal. The incoming 

modulated signal is then compared against this reference to 

detect the modulation. MSK also has the capability of 

being differentially detected, a process where the 

modulated signal is compared with a delayed version of 

itself. This does away with the need for the carrier 

recovery system required in the coherent detector, leading 

to acquisition speed improvements and simplified circuitry. 

The main components of a differentially coherent 



detector are a delay unit and a multiplier. Linear delay 

lines are often impractical because of cost, bandwidth 

restrictions, or simply physical size (in the case of cable 

delays). As well, linear delay units such as L-C delay 

lines or cable lengths may not be sufficiently temperature 

stable or consistent enough to produce in large quantities. 

Clocked analog amplitude delay lines such as Charge Coupled 

Devices (CCDs) have been used, but the cost tends to be 

high. As well, CCDs require careful biasing and amplitude 

control to prevent non-linear effects. This thesis 

investigates the effects of nonlinear channels on the 

performance of the differential demodulator by 

hard-limiting the MSK waveform prior to detection. 

Hard-limiting allows the use of digital circuits for the 

detector delay and multiplier, making it more stable, 

reproducable, and lower in cost. 
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2. BACKGROUND 

2.1 Modulation Techniques 

This thesis deals with the development of a digital 

MSK demodulator. To provide background information on this 

topic, the following section deals with modems and digital 

modulation in general. 

2.1.1 Modems 

A digital modem is used where binary information is to 

be sent over a communications link in a form other than as 

baseband data. At the transmitting end, a modulator is 

used to transform the raw data into a form that the 

communications link is suited to handle. At the other end, 

a demodulator changes the signal back to baseband form. A 

device that includes both a modulator and a demodulator is 

termed a modem. 

The modem can be used as the sole component in a 

communications system. A data link consisting of a long 

cable with a modulator at one end and a demodulator at the 

other end would be such a system. Alternately, the modem 

could act as only a small part of a much more complex 

system, such as a satellite data link. This link might 

consist of a modulator and demodulator, as well as an 

upconverter, downconverter, power amplifier, low noise 

receivers and parabolic antennas, plus such additional 
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systems as oscillators, frequency synthesizers, and control 

circuitry. 

In the case of radio communications links, the 

transmitted signal is generally at a frequency much higher 

than the bit rate of the data. The data is used to modify 

some characteristic of a carrier signal, which is 

invariably a sinusoidal waveform. In this way, the low 

pass spectrum of the baseband data is transformed to a 

bandpass spectrum at some intermediate frequency, or IF. 

The intermediate frequency is the frequency of the 

modulated carrier produced by a modulator, and processed by 

a demodulator. 

In radio systems, the modulated IF signal is multiplied by 

a sinusoidal waveform termed a local oscillator (LO) signal 

to produce the transmitted radio frequency (RF) signal. 

The conversion is usually done in several steps using 

progessively higher LO frequencies. Similarly, in the 

demodulator, the incoming RF signal is translated down to 

an IF that the demodulator can accept. The modulated 

spectrum is translated in frequency but remains unchanged 

in shape at all intermediate frequencies. The modulator 

and demodulator operate at the first and final intermediate 

frequencies respectively, and these are the frequencies 

that will be referred to when the term IF is mentioned in 

the text of this thesis. Figure, 2.1a shows the spectrum of 

random data in a non-return-to-zero pulse format
3
, while 
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2.1b shows the data spectrum after being passed through a 

minimum shift keying modulator
4
. In both cases the 

vertical axis is the power spectral density. 

S(f) 

(a) Baseband spectrum 
(NRZ) 

f
b 

-1.75f
b
-1.25f

b 
-.75f

b 

2f
b 

3f
b Frequency 

(b) Modulated spectrum 
(MSK) 

Frequency 

.75fb 
' 

1.25fb 1.75fb Frequency 

offset 

Fig 2.1 
Baseband and modulated data spectra 

2.1.2 Modulation 

The carrier sinusoid can be defined by two parameters, 

specifically amplitude and angle. The data can be used to 

modulate either one of these attributes, producing 

amplitude modulation (AM) or angle modulation. Angle 

modulation can be further broken down into frequency 

modulation (FM) or phase modulation (PM). Combinations of 
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these modulations are also possible, but tend to be less 

common due to higher complexity. 

In digital amplitude modulation, the data is used to 

control the amplitude of the carrier sinusoid. Typically a 

"one" in the input data would produce the carrier at full 

amplitude at the modulator output, and a "zero" would 

produce no output. This technique is known as on-off 

keying. Simple AM such as this provides poor performance 

when compared to simple FM and PM techniques, with the main 

redeeming feature being simplicity of implementationl. 

More complex varieties of AM with improved performance are 

possible by suppressing the carrier, or using single 

sideband (SSB) techniques, but the advantage of simplicity 

is lost
1
. 

In frequency modulation, the instantaneous frequency 

of the carrier is determined by the data bit. In a simple 

scheme called frequency shift keying (FSK), a data input of 

zero produces an output frequency of f
l' 

while a data one 

produces f2. This modulation scheme is quite popular where 

performance constraints are not tight. The modulation 

index for this FM technique can be defined as 

m = (f
2
-f

1
)/f

b 
(2.1) 

where f
b 
is the data rate in bits/sec. The value of this 

index is a major factor in determining system performance. 

Minimum shift keying can be considered to be a type of 
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FM. In this instance, m = 0.5. The term "minimum" in the 

name minimum Shift Keying refers to this value of 

modulation index as being the lowest that will produce 

orthogonal signalling. The value of m = 0.5 results in an 

output waveform with phase continuity. In this situation, 

the phase of the output sinusoid varies continuously 

through all values from 0° to 360° in each cycle. In angle 

modulation schemes without this property, the phase of the 

modulated sinusoid will typically take a large jump once 

per bit period. The advantage of the continuous phase is 

that it produces lower levels of the harmonics that would 

otherwise be generated by carrier phase changes. This has 

two related advantages; it reduces the level of power in 

unwanted sidebands, and it can allow the modulated spectrum 

to roll off faster, providing a more desirable spectrum. 

In phase modulation, the phase of the carrier is 

dependant on the data bit. A simple form called binary 

phase shift keying (BPSK) produces a carrier with 0° phase 

shift for a data input of 1, and a carrier with 180° phase 

shift for a data input of 0. There are many variations 

possible with PM to improve the performance relative to 

that of BPSK. For example, the number of carrier phases 

can be increased. Quadrature phase shift keying (QPSK) 

uses sets of two data bits to define which of four carrier 

phases (0 , 90° , 180° , and 270°) to select. In this 

scheme,the phase can change 0° ,90°,180°,or 270° every 

1 second bit interval . 



A popular modulation scheme for satellite systems is 

Offset Quadrature Phase Shift Keying (OQPSK), where the two 

phase control bits of normal QPSK are offset in time so 

that the bits change one at a time. This limits phase 

changes to +/- 90
o 
or 0° at the beginning of each bit 

period, which produces a more desirable spectrum. Section 

2.2.1 provides more detail on this subject. 

The choice of the modulation technique, and the 

parameters used in modulating the carrier will define the 

spectral characteristics of the IF waveform, and the 

performance of the data link as a whole. Some of the more 

important characteristics of modulation techniques are 

mentioned here. 

The spectral efficiency of a modulation scheme 

indicates the amount of bandwidth required for the 

modulated signal for a specific digital bit rate. It is 

usually expressed in (bits per second)/Hertzi. The values 

can vary from 0.8 for on-off keying, a simple form of AM, 

to 3 and higher for complex phase shift keying or hybrid 

AM/PM systems1 . For MSK, the efficiency is 1.9 

bits/second/Hertz
1
. For example, a digital bit rate of 

1900 bits/sec could be accomodated in a modulated bandwidth 

of 1 kHz. Since bandwidth in the transmission medium is 

often at a premium, the efficiency of a modulation 

technique is important. 



The spectral characteristics of the IF signal is often 

a concern. In systems where there are multiple channels, 

each at a different frequency, it is necessary for each 

channel spectrum to be confined to it's own allocated 

bandwidth to avoid interference with the other channels. A 

characteristic that affects the amount of interference with 

other channels is the spectral roll-off. This gives an 

indication of how rapidly the signal power drops off as a 

function of the offset from the center frequency

In phase modulated systems, the spectral roll-off is 

dependent on the technique of phase modulation. Abrupt 

phase transitions such as those found in BPSK modulation 

will lead to a gradual roll-off , whereas the continuous 

phase nature of MSK modulation leads to a much faster 

roll-off. The envelope of the sidebands can drop off as 

f
-2 

for some modulation schemes or as fast as f
-4 

for 

others, where f is the offset from the center frequency' . 

If a modulation scheme with inferior roll-off is used 

in a system, the channel spacing must be increased to 

reduce adjacent channel interference. This reduces the 

number of signals which can be carried by the transmission 

system. Alternately the IF signal may be filtered by using 

a band pass filter to reduce the level of the sidelobes 

before channel multiplexing, but this adds cost and usually 

reduces the performance as well7. 
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Another parameter of interest in multi-channel systems 

is the immunity of the modulation technique to interfering 

signals. The performance is usually gauged by the bit 

error rate at a specific carrier power to interference 

power ratio. This characteristic would be of special 

interest in systems subject to jamming. 

A modulation scheme characteristic that often governs 

system design is the bit error rate (BER) of the system at 

a particular input signal to noise ratio (SNR). The bit 

error rate is the average number of errors per bit; a value 

always less than one. For example, if one error occurred 

on average every 1000 bits, the BER would be 1X10
-3

. As 

the signal to noise ratio is decreased i.e. higher noise 

level relative to the signal level, more errors occur and 

the BER increases to a maximum value of 0.5, assuming an 

equal liklihood of ones and zeros. A plot of BER vs. SNR 

is often used as an indicator of performance. Some typical 

curves can be seen in figures 6.1 through 6.4. The errors 

referred to above occur in the demodulation process as the 

demodulator tries to decide whether a received bit was a 

one or a zero. If noise has obscured the signal, this 

decision can be erroneous. 

The cost of using a modulation scheme with poor BER 

performance is the requirement for more signal power to 

boost it further above the noise. Alternately, the SNR can 

be improved by using larger antennas and better receivers 
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in radio links. 

An important practical aspect of modulation schemes is 

the ease of implementation of the modulator and 

demodulator. This will affect the production cost of the 

modem, as well as the development cost, and possibly the 

reliability of the system. 

The importance of modem cost will depend on the cost 

of the modem relative to the complete system. The same can 

be said for the research and development costs required to 

develop an acceptable product. For a system such as a 

computer terminal modem where data is modulated for 

transmission via a wire cable, the electronic circuitry 

could be 50% or more of the entire modem cost, and 

therefore cost savings on the modem would be quite 

benificial. On the other hand, in a satellite system 

costing hundreds of thousands of dollars per station, the 

modem would likely be less than 1% of the cost. The 

reliability, however, is likely to be of considerable 

importance in any system. The modem is the heart of a 

communications link, and must be made at least as reliable 

as the rest of the system's components, or redundant units 

may be required to attain a reasonable level of system 

availability. Since generally, simpler systems are more 

reliable, so modem simplicity may make a particular 

modulation scheme more attractive. 



2.1.3 MSK Characteristics 

MSK is similar to other angle modulation schemes in 

that the amplitude envelope of the modulation waveform is 

constant. The output as viewed from the time domain 

appears as a sequence of tones of either f
1 

or f2. The 

waveform changes smoothly between the two frequencies due 

to the continuous phase nature of MSK as seen in Fig 2.2. 

When viewed from the frequency domain, the MSK signal has a 

main lobe that is 1.5 times as wide as the bit rate, with 

successive nodes spaced at one-half of the bit rate. The 

shape of the spectrum can be seen in Fig. 2.1, and is 

described by
2 

8P T(1 + cos4VIT) 
S(f) -  

Tr
2
(1 - 16T

2
f
2
)
2 

(2.2) 

where T is the bit period, Pc is the power in the modulated 

waveform, and f is the frequency offset from the carrier. 

The majority of the power in the MSK spectrum (99%) is 

confined to a bandwidth of 1.15f
b 
centered at the carrier 

(as opposed to 90% for OQPSK or 83% for BPSK in the same 

bandwidth)
4
. One implication of this is that 

postmodulation filtering of the MSK spectrum has little 

effect on the performance for reasonable values of filter 

bandwidth (1.5f
b 
or greater)

2
'
4
. 

It should be noted that for a random data input to the 

MSK modulator, there are no discrete spectral lines in the 

modulated spectrum. 

MSK is usually considered as a type of phase 
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modulation2'4'7, where the carrier phase is continuous. In 

this interpretation, the carrier phase is advanced or 

retarded uniformly in time exactly 90° with respect to the 

carrier over each bit period, depending on whether the data 

bit is a one or a zero. Thus four phases are possible; 0° , 

90°, 180°, and 270°. To select the four phases, the data 

stream D
n 
(with value +1 or -1 to represent the two binary 

states) is split into two data streams A and B . 

Alternate bits from the data stream are sent to the A
n 

and 

B
n 
lines, resulting in a data rate in these lines of 1/2T 

where T is the input data bit period. In addition, the 

data transitions in the A
n 

and B
n 
lines are staggered by T. 

The two streams of data bits are used to control the phase 

of two quadrature carrier sinusoids. The two modulated 

carrier signals are summed to produce the MSK signal. 

Equation 2.3 describes the MSK waveform with this setup: 

s(t) = A
n
cos(w

c
t)cos(rrt/2T) + B

n
sin(w

c
t)sin(1Tt/2T) (2.3) 

The operation of this type of modulator is explained in 

greater detail in section 2.2.1 

MSK can also be considered as a type of frequency 

shift keying modulation where the phase of the carrier is 

continuous. The modulation index for digital FM is defined 

as m = (f2-f1)/fb where f2 and f1 are the output 

frequencies corresponding respectively to a one and a zero 

data bit, and f
b 
is the bit rate. For MSK, the modulation 

index is 0.5, indicating that the two output frequencies 

differ by one-half the bit rate. 



Equation 2.4a describes the MSK waveform2 when it is 

considered in this light: 

s(t) = cos(wct+fftDn/2T+xn) nT< t <(n+1)T (2.4a) 

X
n 
= X

n-1 
+ (Dn-1 Dn)"/2 

(2.4b)

Here, D
n 
is the data waveform which is assigned the 

values +1 or -1, and Xn is a phase constant valid over the 

nth interval nT <= t <= (n+l)T. X
n 

is selected to ensure a 

continuous phase in the output waveform. For each data 

interval, the value of X
n 
is a constant determined by the 

requirement that the phase of the waveform must be 

continuous at the bit transitions occuring at the times 

t = nT. X
n will take on the values 0 or17', modulo 211". 

2.1.4 Differentially Encoded MSK 

In the standard MSK signalling format, there is no 

direct relationship between input bit polarity and output 

frequency
4
. Some types of demodulators (differentially 

coherent, limiter-discriminator) are unable to operate 

without a direct relationship7'8. Coding the data prior to 

modulation with a differential encoder, however, will 

ensure a direct relationship between input data bit 

polarity and output frequency, allowing the previously 

mentioned demodulators to operate correctly. 

Coherent demodulators are able to operate with the 

standard MSK signal, but the carrier recovery process is 

often subject to a 180° ambiguity1,3,9, allowing the 
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demodulator to produce inverted data. The differential 

encoder is often used to resolve this ambiguity, although a 

corresponding decoder is required after detection. 

The differential encoder translates the input data 

polarity into output data transitions. Typically, the 

polarity of the data at the encoder output would change 

only if the input data bit was a logic "one". No change of 

output polarity would be produced by a logic "zero". 

For the coherent demodulator, the differential decoder 

performs the reverse operation; a transition of data 

polarity between two successive bits on the input produces 

a "one" output bit, while no transition produces a "zero". 

The encoder and decoder can be seen in Fig 2.4, where Dn is 

the normal data stream, and E
n 
is the encoded data stream. 

Since the decoder uses a one-bit-period delay to 

compare the previous bit with the present bit, a single 

error in the E
n 
data stream will produce two errors on the 

D
n 
data stream, resulting in slightly poorer performance 

for the encoded system
8
. 

MSK is also known as fast frequency shift keying or 

FFSK. Some references, however
3
, refer to FFSK only as the 

special case of differentially encoded MSK. 

Figure 2.2 illustrates the relationship between the 
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data waveform, the modulated waveform, and the offset from 

carrier phase for differentially encoded MSK modulation. 

The carrier frequency fc need not be generated in some 

types of modulators, and never appears in the modulated 

spectrum in any case. It is, however, numerically centered 

between fl and f2. 

DATA 

1 

MSK 
IF 

SIGNAL 

f
2 

+900

RELATIVE 
PHASE 

-90° 

0 0 1 0 1 

f
1 

Fig 2.2 
MSK modulated data waveforms 

f 
1 

f 
2 

The center frequency can be any value independent of 

the bit rate for MSK modulation, but some types of 

demodulator can be slightly simplified by choosing the 

carrier frequency with a specific relationship to the bit 

rate. For clarity, Figure 2.2 shows fl and f2 with an 

integral number of half-cycles in a bit period. The actual 

requirement2 '8'1° only specifies that f2 is to have one 

more half-cycle than fl in a bit period. 
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2.2 DMSK Modem 

2.2.1 MSK Modulator 

Figure 2.3 shows the standard MSK modulator. This 

configuration is derived from an OQPSK modulator
2
'
10 

In 

the OQPSK format, the carrier is changed abruptly +/- 90°

or 0° at the beginning of each bit period. The addition of 

the first set of multipliers shown in the diagram shapes 

the data bits and causes the carrier phase to be smoothly 

changed +/- 90° over a bit period. The continuous phase is 

the difference between OQPSK and MSK. 

D
n 

A
n 

Fig 2.3 
Block diagram of standard MSK modulator 

MSK 
MODULATED 

CARRIER 

In operation, the data stream Dn with bit period T is 

broken into two half-rate data streams A
n 

and B
n
, which 

receive alternate data bits. Thus A
n 

and B
n 

both have 

transitions which occur every 2T, but the transitions in 

the channels are offset by T. A serial to parallel 
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converter performs this function. This is the block 

labelled S/P in Fig. 2.3. For example, if the data bits 

(D
n
) were numbered consecutively, then An would consist of 

all the even numbered bits. The bit rate of the A
n 

stream 

would consequently be one-half of that of the D
n 

stream 

because A
n 
is composed of only every alternate bit. in 

addition, the bit period of the An data bits would be twice 

that of the D
n 
data bits. The A

n stream 
could change only 

at the beginning of each even numbered Dn bit. 

Similarly, Bn would consist of all the odd numbered 

bits from D . The B
n 
data bits could only change at the 

beginning of the odd D
n 
bits, so the bit transitions in the 

B
n 
stream are offset from those of the A

n 
stream by one D

n 

bit period. 

Both channels are shaped by the first set of 

multipliers. The shaping oscillator runs at one quarter 

he bit rate (f
r 
= 1/4T) and in phase with B

n 
such that the 

ero crossings of fr coincide with the data transitions of 

n' 
The 900 phase shift of f

r 
allows the same relationship 

o hold for the A
n 
data. This way, the digital data is 

hanged from rectangular +/- 1 pulses to positive or 

egative sinusoidal pulses described by equations 2.5a and 

.5b. 

A channel A
n
cosw

r
t (2.5a) 

B channel Bnsinwrt (2.5b)

These pulses are used to modulate the carrier 
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frequency fc, producing sum and difference frequencies fl

A channel A
n
cosw

ct
cosw

r
t (2.6a) 

B channel B
n
sinw

ct
sinw

r
t (2.6b) 

The phase of these signals is determined by the polarity 

of A
n 
and B . Summing the two modulated outputs causes 

cancellation of one of f
1 
or f

2 
and addition of the other. 

The final output is either f
1 
or f

2 
as described in the 

table and equation 2.3, repeated here for convenience. 

A
n
cosw

c
tcosw

r
t + B

n
sinw

c
tsinw

r
t 

A
n 

B
n 

OUTPUT FREQUENCY 

(2.3) 

-1 -1 -cos[(w-wr)t] -f
1 

-1 1 -cos[(wc+wr)t] -f
2 1 -1 cos[(wcc+wr)t] f

1 1 cos[(wc -w )t] f
1 r 

The negative frequencies indicate a 180° phase shift in the 

signal or an inverted polarity. 

2.2.2 Differential encoding 

As discussed in a previous section, MSK is often 

differentially encoded either to allow the use of specific 

types of demodulators, or to resolve detection ambiguities. 

Normally a differential encoder is used, as shown in Figure 

2.4. In this situation, the E
n 
output would be fed to the 

modulator. This encoder translates a "1" to a change of 

output bit polarity, and a "0" to no change. Inverting the 

encoded data stream then has no effect, as the data is 

encoded into polarity changes. At the receive end, a 

"mirror" circuit is used to decode the data. A small 

penalty in terms of poorer error rate performance is paid 

for using this encoding scheme
8
. 
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D
n E

n 
E
n 

T 

(a) Encoder (b) Decoder 

Fig 2.4 
Block diagram of differential encoder and decoder 

With the differentially encoded MSK modulator, a data 

input of a "1" produces +/- fl and a "0" produces +/- f2

where a negative indicates the opposite polarity. The 

polarity of the output signal is determined by the 

requirement for continuous phase. Based on this 

information, a somewhat simpler modulator can be designed. 

2.2.3 Simplified Differentially Encoded MSK Modulator 

For relatively low bit rates (<1 MBit/sec.), digital 

techniques may be used in an MSK modulator. A digital 

approach can avoid the requirement for accurate DC offsets 

and the temperature sensitivities that would be found in a 

linear modulator. Typically in a linear modulator, accurate 

90° phase shifts are required, and the two parallel 

channels must be balanced closely in amplitude to achieve 

good sideband supression. Figure 2.5 shows the 

configuration used to realize a high-performance 

differentially encoded MSK modulator using digital 
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techniques. 

In operation, two dividers with different division 

ratios are used to produce frequencies 10f1 and 10f2 from a 

stable reference source. The input data signal is used to 

switch either frequency into a sinusoidal waveform 

generator which produces as an output a sinusoid at 1/10 of 

the input frequency. 

10f
1 

N 

f
ref 

D
n 

i-M 

10f
2 

SINUSOID 

GENERATOR 

Fig 2.5 
Block diagram of simplified MSK modulator 

with differential encoding 

DMSK 
MODULATED 

CARRIER 

The "memory" of the waveform generator causes the output to 

be phase continuous i.e. when the data bit changes, the new 

input frequency takes over changing the carrier phase where 

the other left off. The output of the waveform generator 

is a step approximation of a sinusoid, which contains 

additional harmonics of the output waveform. An analog low 

pass filter is used to reduce the output harmonics of to an 

acceptable level. (The low pass filter is shown in Fig. 

2.5 as the functional block at the output. The stroked out 

waveform symbol indicates the band that the filter removes. 
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In this case, the filter has a low pass response, and the 

high frequency is shown removed. In the case of a band 

pass filter, three waves would be shown, with the upper and 

lower stroked out.) The operation of the above circuit is 

explained in greater detail in section 4.1.1. This 

modulator requires no adjustment, and will produce 

constant amplitude MSK signal with low spurious outputs. 

2.2.4 Coherent MSK Demodulator 

In a coherent demodulator, a regenerated carrier that 

is (ideally) an exact replica of the transmitted carrier is 

used to detect the MSK signal. The transmitter and 

receiver carriers are said to be coherent as they have the 

same frequency and phase. 

Figure 2.6 illustrates the standard coherent MSK 

demodulator9,11,12,13.
The input signal is first filtered 

to remove out-of-band noise that would otherwise degrade 

the performance of the receiver. This signal is then 

processed by the clock and carrier recovery circuitry to 

recover the carrier frequency f
c
, the quarter-bit-rate 

frequency fr, and the bit rate frequency, fb. 

The demodulator can be seen as essentially the reverse 

of the conventional modulator of Fig. 2.3. The incoming 

signal is split into two paths and mixed down by the 

regenerated carrier, fc. The resulting signals are shaped 

by multiplication with fr, and filtered to remove double 
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frequency components and noise (The multiplication with f
r 

can be omitted with little degradation in performance
11
). 

A decision is then made in each signal path to determine 

the polarity of the incoming bit, and an NRZ data bit is 

produced corresponding to each decision. 

MSK 

IF 
INPUT 

CARRIER 
& CLOCK 
RECOVERY 

P/S 

E
n 

Fig 2.6 
Block diagram of a coherent MSK demodulator 

One data stream is delayed, and then both are combined to 

produce the original encoded data stream, En. The combiner 

is shown in the block diagram labelled P/S for parallel to 

serial converter. This device combines the two half-rate 

data streams into one full-rate data stream. A 

differential decoder follows to produce unencoded data D
n 

from the encoded data stream. 
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MSK 

IF 
INPUT 

  PLL 
2f

1 

PLL 
2f
2 

f
c 

f 

f
r 

Fig 2.7 
Block diagram of carrier and bit clock recovery circuits 

The main feature of a coherent demodulator is good 

performance. This is paid for, however, with complexity. 

Figures 2.6 and 2.7 give an indication of the circuitry 

that would be required to realize a coherent demodulator, 

including clock and carrier recovery systems. 

2.2.5 Differential Detection 

MSK is one of a family of modulation schemes that can 

be differentially detected7'8. In this scheme, it is not 

the absolute carrier phase that is detected, but rather the 

'difference in carrier phase between two instants. Figure 

2.8 shows the basic differentially coherent demodulator, 

while Figure 2.9 illustrates the associated waveforms. 

This is known as a DMSK demodulator, and must be used with 

differentially encoded MSK. 
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MSK 

IF 
INPUT 

DATA 

+180°

+90°

PHASE 

-90°

+90°

DELAYED 
PHASE 

0 

-90°

PHASE +90°

DIFFERENCE -90°

+1 

MULTIPLIER 
OUTPUT 

-1 

RECOVERED 
DATA 

CLOCK 
RECOVERY 

T 

Fig 2.8 
Block diagram of a differentially 

coherent MSK demodulator 

D
n 

Fig 2.9 
Differentially coherent demodulator waveforms 

In this system, the incoming signal is multiplied (the 

phase is compared) with a version of the input signal 
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delayed by one bit period, T. Thus the phase reference 

with which the signal is compared is the signal itself, one 

bit period earlier. The output is then a function of the 

difference in MSK signal phase between successive 

, bits78,14

It should be noted that in addition to detecting the 

differentially encoded MSK signal, the receiver acts as a 

differential decoder, and thus the output is unencoded 

data, Dn. 

In the presence of additive noise on the transmission 

channel, the signal becomes noisy, meaning that the phase 

reference also becomes noisy. This results in poorer 

performance for this type of demodulator as compared to a 

coherent demodulator, which generates a clean, stable 

reference. 

The circuitry of the demodulator can be greatly 

simplified from the coherent version, but performance is 

traded for this simplicity. 

This performance penalty for a practical demodulator is 

, on the order of 3 dB5,6,16 meaning that a DMSK demodulator 

must operate with a 3 dB better SNR than a coherent MSK 

demodulator to achieve the same bit error rate. 

The performance degradation can be broken down into 
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two components. The smaller of the two is the penalty 

introduced by differential demodulation8. This is the same 

effect that results due to differential decoding (as 

discussed earlier) which results in an approximate doubling 

of the error rate. From the 
Eb/No 

vs. BER curves at 

BER = 10
-4

, the doubled error rate is equivalent to 

approximately 0.5 dB in terms of Eb/No.

The larger source of degradation is due to intersymbol 

interference produced by the IF bandpass filter. 

Intersymbol interference (ISI) occurs when the energy from 

a data symbol is delayed in some device (typically a 

filter) so that it interferes with successive symbols. In 

selecting the IF filter for a DMSK demodulator, a narrow 

bandwidth is desired in order to remove as much noise as 

possible. On the other hand, narrow filters produce more 

ISI than wide filters. An optimum bandwidth can be found 

where the sum of the performance degradations from the ISI 

and the noise are minimized. This usually results in an 

additional 2.5 dB degradation in performance
7
'
14 dependant 

on filter shape and error rate. 

In many systems this may not be acceptable as it would 

result in the loss of 3 dB of operating margin which would 

have to be made up elsewhere. In a satellite 

communications system, this could require the use of a 

larger antenna, a receiver with a better noise figure, or 

an increased power level in the uplink, any of which is 
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likely to cost more than any potential savings from 

demodulator simplification. On the other hand, in a system 

composed of a single transmitter and multiple receivers, it 

may be practical to provide sufficient uplink power to 

satisfactorily operate with a differential demodulator 

since the demodulator savings would be multiplied by the 

number of receiving stations. 

Improved performance can be obtained by using the 

single-error correcting scheme proposed by Masamura, et 

a18. An improvement of approximately 1 dB can be realized 

with the use of this scheme7. It can be implemented with 

no change to the normal differentially encoded MSK 

modulator. The correction scheme makes use of the 

differentially encoded MSK property that the difference in 

phase between alternate data bits is the parity checksum of 

the preceeding two data bits. When a single error occurs, 

the parity data can be used to correct the erroneous data 

bit. 

A simple DMSK demodulator is shown in block diagram 

form in Figure 2.8. In a more general case of the DMSK 

demodulator, there would be a phase shifting element added 

to the delayed signal line. This would shift the phase of 

the delayed signal by an amount that will be designated 0. 
This is typically shown as 90° in most of the existing 

literature. This, however, implies a specific relationship 

between the bit rate f
b 
and the center frequency fc. In 
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the general case of MSK modulation, the center frequency 

need have no specific relationship to the bit rate, and the 

modulation needs only to satisfy 2.7
1,4,7

. 

f
2 
- f

l 
f
b
/2 (2.7) 

The detection action in the DMSK demodulator is 

provided by multiplying the MSK input signal with the same 

signal delayed one bit period in time. The multiplier 

output is a maximum when the two inputs have 0° or 180°

phase relationship (which can only occur when two or more 

successive data bits are similar). To meet the maximum 

output condition for both f1 and f2, the delay plus any 

phase shift must be equal to an integer number of 

half-cyclesofbothfl andf,in length. Note that because 

of the relationship of f
1 

and f
2 

stated in 2.7, a 

one-bit-period 

equal to n + 1 

half-cycles of 

then it can be 

delay equal to n half-cycles of .fl will be 

half-cycles of f2. If n is the number of 

f
1 

in the delay T plus the phase shift 0, 

calculated as 

n= 2(Tf 1 + 0/2fY) = 2f
1
/f

b 

The carrier frequency fc

between f 1 and f
2' 

1Since f and f 

means that f
c 

differs 

relationship with f
1 is 

+ 0/fr (2.8) 

is numerically centered 

differ by Tb/2, this 

from. f 1 and f2 by fb/4. The 

f =f 1 +f /4 (2.9) 

For the case of a 90° phase shift in the delayed path, 

0 =1Y/2 and the relationship between the center frequency 

and the bit rate can be calculated from 2.8 as follows 

n = 2f
1
/f

b 
+ Tr/2/ir 
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Substituting in 2.9 and solving for f
c 

produces equation 

2.10. 

f
c 
= fb/2 (2.10) 

Again, the n in this equation is the number of 

`half-cycles of f
1 
in a bit period plus the phase shift, and 

must be an integer for correct performance of the 

demodulator. 

In the more general case of MSK modulation, the phase 

shift can be calculated as a function of the center 

frequency and the bit rate. This can be done by 

substituting equation 2.9 into equation 2.8 and solving for 

the phase shift 0. 

n = 2/fb(fc - fb/4) + 0/4y 

0 =14(n - 2fc/fb + 0.5) (2.11) 

In this equation, the factor n is not a parameter, but is 

calculated from the center frequency fc. This can be done 

by calculating the value n as the number of complete 

half-cycles of fl in a bit period. Rearranging equation 

2.9 will allow fl to be expressed in terms of fc and fb

f
l 
= f

c 
- f

b
/4 

The number of half-cycles of fl in a bit period can be 

found by finding twice the ratio of the period of f to the 

period of the bit rate, and the number of complete 

half-cycles is found by taking the nearest lower integer 

n = Int(2f1/fb) = Int(2fc/fb - 0.5) (2.12) 

The phase shifting element should provide a constant 

phase shift at all frequencies that pass through. it (the 
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entire IF bandwidth). If the carrier frequency is much 

larger than the bit rate, then the IF bandwidth is narrow, 

and the phase 

correspondingly 

shifting action 

this delay can 

shifting action needs to operate over a 

narrow bandwidth. In this case, the phase 

can be approximated by a time delay, and 

be incorporated into the one-bit-period 

delay in the demodulator by lengthening it slightly. For a 

time delay, the phase shift can be calculated by finding 

the portion of the period of the waveform that the delay 

represents. To find 

shift 0 at frequency 

0 = T1 f c2f1' 

Solving for T1 produces 

a delay T
1 

corresponding to a phase 

fc; 

T1 = 0/21/'fc (2.13) 

To simplify the demodulator, it is possible to choose 

the center frequency (or demodulator final IF) such that a 

phase shift of 00 is required. To do this, the value of 0 

in 2.8 is set to zero and f
c 
is once again solved for. In 

this case 

n = 2f
1
/f

b 

Substituting 2.9 into this equation and solving for f
c 

produces equation 2.14. 

f
c 
= f

b
(n/2 + 0.25) 

where n is selected as some suitable integer 

(2.14) 

The differential demodulator employs two filters which 

act on the data. The first is an IF filter at the input. 

This is a bandpass filter centered at the IF which removes 
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out-of-band noise and interference. The second is the data 

filter following the phase detector which attenuates double 

frequency components. In most demodulator designs, a 

compromise is struck between IF filter and data filter 

bandwidth where each does a portion of the noise filtering. 

Published results7'14 indicate that one of the optimum 

combinations of filters for differential DMSK demodulators 

is a high order Butterworth filter with BT = 1.2 at IF, and 

a lowpass filter at baseband to remove the double frequency 

components of the mixing operation. The factor BT is the 

product of the filter 3 dB bandwidth and the bit period. 

For the modem in this work, the IF bandwidth was set to 

48 kHz resulting in BT = 1.20. Filters with wider 

bandwidths will let more noise into the demodulator 

relative to the amount of additional signal, causing poorer 

performance, while filters with a narrower bandwidth will 

cause excessive intersymbol interference, and also result 

in degraded performance as discussed earlier. 

The differential detector requires a one bit-period 

delay for the IF signal. Several possibilities exist for 

realizing this delay, including cable lengths, L-C delay 

lines, surface accoustic wave (SAW) and charge coupled 

device (CCD) delay lines, as well as digital techniques. 

The selection of the type of delay to be used can be 

simplified by first eliminating those that are impractical. 

For low bit-rate systems, the delay required is 

correspondingly lengthy. a delay of 25 is corresponding to 
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a bit rate of 40 kBits/sec is simply not available in SAW 

devices, and would require an unwieldy length 

(approximately 5 km) of cable. Special delay cables are 

available, but these would not be practical for a 25 ps 

delay. 

A limitation of many long delay elements is the 

bandwidth. It is difficult to find components with a 

bandwidth that is more than once or twice the inverse of 

the delay time. For example, an L-C delay line can be 

realized with a 25 is delay, but may be able to pass 

signals up to only 30 or 50 kHz. While the final IF in the 

demodulator can be set to essentially any value, it has a 

lower limit which, if violated could cause significant 

performance degradation. For the system in question,the 

lower limit is on the order of 100 kHz. It can be seen 

that by cascading shorter delay lines, the bandwidth could 

be increased to the required value. However, this is 

likely to aggravate an undesirable characteristic of such 

delay lines which is a frequency-dependant delay. As well, 

the absolute and temperature dependant accuracy of the 

delay time of such devices is often not good. Based on the 

above discussion, it can be seen that while such devices as 

L-C delays and all-pass filters may be usable, they are not 

necessarily practical. 

For long, accurate delays, CCD delay lines are often 

suitable. These are linear, quantized time devices whose 
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delay is set by the clocking rate. Excellent accuracy in 

delay can be obtained by using a crystal stabilized clock, 

and units are available with clock rates up to 20 MHz. The 

CCD stores a sample of the waveform amplitude in each 

clocking interval and shifts it internally the length of 

the delay. With a CCD, the IF waveform would be sampled 

several times per cycle to obtain an accurate estimate of 

phase. 

While CCDs can be used successfully in low bit-rate 

demodulators, they require the normal accompanying circuits 

found in conventional demodulators. These include 

automatic level control (ALC) detectors and amplifiers used 

to keep the demodulator level constant in the presence of 

input level variations, and a linear four-quadrant 

multiplier for the demodulator. For multiplication at low 

frequency, this is usually an integrated circuit which 

requires a DC offset adjustment for proper operation. 

A significant simplification could be realized if the 

differential detector did not have to be linear. If the 

MSK signal could be hard-limited, a digital delay could be 

used in the detector. This would represent a cost and 

complexity savings as compared to the CCD delay. Equally 

significant would be the reduced complexity or even 

elimination of the automatic level control circuits. 

Another implication of using a hard-limited (digital) 

signal is that the detector multiplier may also be digital. 
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If the digital signal is assigned the values of +1 and -1, 

an exclusive NOR gate can be seen to be the digital 

equivalent of a four quadrant multiplier, as shown in table 

2.1. An exclusive OR gate can be used if an inverted 

output is acceptable. 

Table 2.1 
Digital multiplier 

2.2.6 Alternate Demodulators 

Coherent and differentially coherent detectors for MSK 

have been discussed, but other types of detectors may also 

be used. A recent paper by Simon, et a115 suggests that 

the use of a limiter-discriminator demodulator for 

differentially encoded MSK will give performance equal to 

that of the differentially coherent demodulator. 

In a limiter-discriminator, the MSK signal is passed 

through a hard-limiter before being applied to the 

discriminator, a device that 

that is related to the 

way, the two distinct 

signal are translated 

produces an output voltage 

input signal frequency. In this 

frequencies that compose the MSK 

into two distinct voltage levels 

which are then sampled in the same manner as in the DMSK 

demodulator. 



-37-

An advantage of the limiter-discriminator demodulator 

is that it is simpler to construct than either a coherent 

or a DMSK demodulator. In addition, the technology is 

mature, as this type of demodulator has been the standard 

for use with analog FM for a large number of years. 

Superior performance, however, is still available with 

the coherent demodulator, or with a DMSK demodulator 

utilizing the single-error-correcting circuit discussed 

earlier. 
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3. MODEM DEVELOPMENT PLAN 

In brief, the modem development plan consisted of 

building one differentially encoded MSK modulator, one 

linear DMSK demodulator, and one hard-limited DMSK 

demodulator. The performance of the two demodulators was 

then compared, using a common modulator. 

3.1 Modulator 

The modulator was designed with low implementation 

margin as the primary goal. Three separate modulator 

designs were investigated, and an all digital version with 

synthesized sinusoid was used because of good performance 

and consistency. This modulator turned out to be a 

practical design for low bit-rate systems, but since the 

main thesis thrust was in the area of demodulation, little 

time was spent optimizing the design past the point of 

adequate operation. 

3.2 Modem Test Circuits 

Several circuits were built to aid in the testing of 

the modem, including clock and data delays and an error 

detector. The clock delay was used to allign the hardwired 

transmit clock with the received data from the demodulator 

to compensate for the delay in the modem. Similarly, the 

data delay alligned the transmitted and received data so 

that the error detector could detect differences between 

the transmitted and received data due to errors produced in 
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the demodulator. 

3.3 Common Demodulator Circuitry 

Both the linear and hard-limited demodulators require 

IF and data filters, and data detection circuitry. Since 

the circuits required for the two demodulators are the 

same, only one set was built. This set was used in both 

demodulators so that the only differences between them 

would be the delay and multiply circuits. 

3.4 Linear Demodulator 

The delay of the 

delay line clocked by 

to the unavailability 

linear demodulator consisted of a CCD 

a crystal controlled oscillator. Due 

of appropriate devices, the 25 las 

delay was formed as the difference of two longer delays; 

two identical CCDs were used with different clock rates. 

The CCD delay element, while linear, is a clocked device. 

Thus the phase of the input signal was quantized. The 

sample rate of the CCDs was set to be approximately equal 

to that of the hard-limited demodulator. This allowed a 

performance comparison between the demodulators on an equal 

footing, assuming that the degradation in the two 

demodulators due to the finite sample rate is roughly 

equal. At any rate, the performance results indicate that 

there was little degradation in either of the demodulators. 

A low pass filter was used at the output to remove the 

clocking frequency signal. The phase detector was a four 
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quadrant analog multiplier. 

3.5 Digital Demodulator 

The DMSK signal at the input of the demodulator was 

hard-limited using a comparator such that a negative input 

signal produced a digital zero, and a positive polarity 

produced a one. This digital waveform was sampled many 

times per cycle and stored in a shift register acting as 

the delay element. As with the CCD, the shift register was 

clocked by a crystal clock. The delayed and undelayed 

signals 

gate. 

were multiplied together using an exclusive-OR 

3.6 Modem Parameters 

The bit rate for the modem was chosen to be 40 kb/s. 

This is a rate which would allow a standard data rate of 

38.4 kb/s throughput with some overhead, and is also high 

enough to handle a single digitized voice channel. Both of 

the above would find application in terminals using 

low-cost modems. 

The carrier frequency was chosen to be 110 kHz. With 

a 40 kb/s data rate, this resulted in values of f1 and f2 

of 100 kHz and 120 kHz respectively. This frequency is 

lower than what is usually found in modems of this type, 

but it is a frequency range that is convenient to work with 

(no special considerations such as matched impedance 

required), and allowed the use of a high quality digital 
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modulator. 

No conversions of frequency were performed in this 

system. Thus the 110 kHz carrier frequency was also the 

demodulator IF frequency, and the output of the modulator 

was fed directly into the input of the demodulator. 
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4. HARDWARE DEVELOPMENT 

4.1 MSK Modulator 

4.1.1 Description 

A detailed block diagram of the differentially encoded 

MSK modulator is shown in Fig 4.1, while Figure A2.1 is the 

modulator schematic. A 6 MHz crystal oscillator (U7) 

produces the frequency reference by which the data rate and 

the carrier frequency are set. 

OSC. 
6 MHz 

DATA 
IN 

+5 
10f

2 

=6 

10f
1
/10f

2 

SINUSOID 

GENERATOR 

RESET 

f1
/f
2 

10f 

+25 

RESET 

CIRCUITS 

MSK MODULATED 

CARRIER 

40 KHz CLOCK 

Figure 4.1 
Block diagram of digital MSK modulator 

The 40 kHz bit rate is derived from this reference 

through a division by 150. This is accomplished by using 

three separate dividers; U2, U3, and U4, dividing by 6, 5, 

and 5 respectively as shown in Fig A2.1. This clock is 

used to drive external data generation circuitry, as well 
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as to reclock the incoming data, to ensure that the data is 

aligned with the system clock. 

The 6'MHz clock is divided by 6 using U2 to produce 

10f
1 
at 1.0 MHz. Similarly, Ul is used as a modulo five 

divider to produce 10f2 at 1.2 MHz. The data is used to 

switch between these two frequencies using multiplexer U5. 

A low will select 10f1 while a high will select 10f2. 

A sinusoid is synthesized through the use of U6 and a 

resistor network. U6 is a five stage Johnson counter set 

to divide by 10. This produces a sinusoid of frequency f
1 

or f
2 
at the output for input frequencies of 10f

1 
and 10f

2' 

Figure 4.2 illustrates the waveforms associated with the 

synthesizer. 

.976 

.794 

.500 

.206 

.024 

CLOCK @ f 

SYNTHESIZED SINUSOID AT f/10 

WEIGHT 

Ql 0 0 1 1 1 1 1 0 0 0 0 .182 
Q2 0 1 1 1 1 1 0 0 0 0 0 .294 
Q3 1 1 1 1 1 0 0 0 0 0 1 .294 
Q4 1 1 1 1 0 0 0 0 0 1 1 .182 

Q5 1 1 1 0 0 0 0 0 1 1 1 0 
STATE 1 2 3 4 5 6 7 8 9 10 1 

Figure 4.2 
Sinusoidal synthesizer waveforms 

Four of the five outputs from the counter drive a 
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resistor network composed of R3 through R6. The outputs 

will be either high or low at approximately 5 V or 0 V 

respectively. The operation is best understood by 

considering grounding resistor R7 to have a low value of 

resistance compared to weighting resistors R3 through R6. 

In this case, the resistor network output voltage is quite 

low compared to the "high" level driving voltage, so the 

counter output and resistor combinations approximate 

current sources. The output weighting is then the inverse 

of the series resistor value. The desired weighting is 

.294 and .182 for a sinusoid with peak-to-peak output 

amplitude of 1.0. The weighting can be calculated by 

breaking the step approximation of the sinusoid down into 

discrete steps that the resistors are selected to provide. 

The individual desired step amplitudes are calculated 

merely by finding the amplitude of a sinusoid at ten equal 

points in the waveform (0° to 360° in 36° steps). The 

weights are approximated with 20kn and 33ksk resistors. 

When an output is in a "low" state, the weight of that 

branch of the network is zero. The effect of increasing 

the value of R7 is to change the symmetry of the "positive" 

and "negative" portions of the output sinusoid. Modest 

values of R7 (10knor less) will affect the weights by less 

than 1%. In the modulator prototype, R7 is used as an 

amplitude adjustment. It was set to approximately lkn 

resistance. 

The resulting sinusoid is of high purity, with the 
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first significant harmonic measured being the 11
th 

at more 

than 30 dB below the fundamental. Using this system, the 

output is a continuous phase sinusoid because as the clock 

input is switched from one frequency to another, the new 

frequency continues stepping the sinusoid generator phase 

from where the previous frequency left off. 

The output signal is passed through a Butterworth low 

pass filter to reduce the harmonics of the output waveform. 

Op amps Ulib and Ullc form a fifth order Butterworth low 

pass filter with a -3 dB cutoff of 300 kHz. 

The remaining circuitry acts as support for the 

modulator. Ulla is an inverting amp with a gain of 6 dB, 

which acts as a buffer for the synthesizer output. 

Flip-flop U9b, inverter Ulf, and associated circuitry reset 

the sinusoid generator to keep the zero crossings of the 

output signal aligned with the transitions of the input 

data. At a 40 kHz rate, a reset pulse clears the D 

flip-flop U9b, and causes the waveform generator U6 to be 

reset to the "zero" value (state 1 on Fig. 4.2). The data 

transitions (and the reset pulses) can occur when the 

waveform generator is in either state 1 or state 6. To 

avoid jumping from state 6 to state 1 because of a reset 

pulse, a polarity sensing circuit composed of op amp Ulld 

and RC delay R9/C3 inhibits the reset flip-flop U9b untill 

the output waveform is negative, indicating that the 

upcoming zero-crossing state is indeed state 1. 
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Without the alignment circuitry, the data stream 

transitions and 

would have a 

factors present 

the zero crossings of the output waveforms 

phase relationship determined by random 

when the modulator was activated. With the 

circuitry in place, the zero crossings of the output 

waveform correspond to transitions in the input data. In 

this way, the output waveform changes frequency only at the 

zero crossings. While the absence of this circuit may 

cause only minimal variations in circuit consistency, it 

was simple enough to warrant inclusion. 

At a 40 kHz rate,the dividers Ul and U2 are reset from 

counter U4 via gates U8a and U8b. This locks dividers Ul 

and U2 together so that at a data transition, both counters 

begin counting down from their maximum values. This 

ensures that the first pulse to the sinusoid generator 

after a data transition is the correct width. 

Due to the differing modulus values on dividers Ul and 

U2, the output waveforms are not identical in shape. Ul 

divides by five, and the output waveform following a reset 

pulse is high for two 6 MHz clock cycles and low for three 

cycles. On the other hand, the output of modulo-six 

counter U2 is high for three cycles and low for three 

cycles. The sinusoid generator is clocked on the negative 

edges of the output waveform from the counters. Therefore, 

after a reset pulse (which occurs each data bit) the first 
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step of the output waveform will occur either two or three 

6 MHz cycles later, depending on whether the data bit was a 

one or a zero. To make the operation consistent, 

one-cycle delay is added to the modulo-five counter output 

so that the synthesizer clocking edge occurs three cycles 

after the reset pulse independent of which counter is 

selected. Flip-flop U10 and an OR gate composed of Ul2c, 

Ul2d, and U8c were added to accomplish this. 

The use of a dual modulus counter (+5/6) in place of 

Ul and U2 would conceptually simplify the circuit, but in 

the case of the prototype, the +6 function of U2 was also 

required to produce the 40 kHz clock, and so little circuit 

simplification would have resulted. 

4.1.2 Performance 

The modulator appeared to operate well judging by 

observations made on the output waveform. In the time 

domain, the output was seen to be a sinusoid with no 

discernable phase discontinuities and little amplitude

modulation or phase distortion. To check the frequency 

domain, the MSK output spectrum was measured with a 

frequency selective voltmeter, and no harmonic or spurious 

signals were found to more than 50 dB below the carrier 

level. The shape of the spectrum was compared with the 

theoretical shape described by equation 2.2. The main lobe 

(where more than 99% of the signal power resides) was found 

to agree with theory to within the measurement uncertainty. 



4.2 DMSK Demodulator 

4.2.1 Common Circuitry 

Both the analog and digital demodulators use the same 

circuitry for IF filtering, baseband filtering, and bit 

detection. Figure A2.2 shows the common circuitry. 

The IF filter is a fourth order Butterworth bandpass 

with a -3 dB bandwidth of 48 kHz. This is a passive filter 

composed of C3-C8 and Ll-L4. This filter was designed for 

a 5011 impedance and a 50 kHz bandwidth using reference 16. 

The resulting bandwidth was found to be 48 kHz. Because of 

component inaccuracies and finite-Q components, the input 

impedance was found to be close to 10011. (a reasonable 

value for a filter of this type). A 1001/ driving 

impedance was used to match the driver to the filter to 

produce a flat filter response. The filter terminating 

impedance remained at 50n. 

An input buffer consisting of emitter follower Ql 

associated components provides sufficient current gain 

drive the IF filter from the modulator (op amp) outpu 

Because of the resistive terminations on the filter, ti e

loss is approximately 7 dB. Op amp Ul is used in 

inverting amplifier configuration to compensate for th 

loss. 

The baseband filter follows the multiplier in 
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demodulator to remove unwanted mixing components. The 

filter is a third order Butterworth low pass with a 

measured -3 dB point of 52 kHz. It is composed of op amp 

U8b and associated resistors and capacitors. The output, 

when displayed in the time domain and synchronized with the 

data clock, is termed an eye diagram. 

The bit detection circuitry consists of comparator U3 

and latch U4. The comparator is used to detect the 

polarity of the baseband filter output. The reference 

level is set by DC offset adjustment R18. This is used to 

compensate for DC offsets in the system that would bias the 

comparator more towards one polarity than the other. The 

comparator produces untimed data as an output, which is 

sampled by latch U4. The clock pulse to the latch is 

derived from the transmitter and is timed to correspond to 

the center of the received data bit such that the bit is 

sampled at the maximum voltage point. The output of the 

latch is the received data. 

4.2.2 Linear Demodulator 

The linear demodulator employs a linear, quantized 

time delay unit, and a linear, four quadrant multiplier. 

Figure 4.3 is a block diagram of the demodulator, and 

figure A2.4 is the circuit schematic. 

Because of the limitations on available CCD devices, 

the 25 ps delay was realized using two delays, one 25 ps 

longer than the other. The reference delay (line R) is 
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88 ps long, while the delayed line (line D) is 25 ps 

longer, at 113 ps. Both delays are realized using 455 

stage CCDs. Both were realized using Fairchild CCD32lA 

devices. The "delayed" CCD is clocked at a lower rate than 

the "reference" CCD to produce the time difference. 

88 pS 

5.17 MHz 

4 MHz 

"REFERENCE" 

MULTIPLIED 

OUTPUT 

 ,1 CLOCK 
CONDITIONING 

"DELAYED" 

Figure 4.3 
Block diagram of linear DMSK demodulator 

The delay elements are Ul and U2 in Fig A2.4. The 

reference CCD, Ul is buffered at the output with emitter 

follower Ql. The sampling clock feedthrough at 5.2 MHz is 

attenuated by a low pass filter formed by R9 and C4. The 

-3 dB point of this filter is approximately 270 kHz. The 

phase distortion introduced by this filter is compensated 

by a similar filter in the "delayed" line. Amplifiers U8a 

and U8b follow to increase the signal to a level suitable 



-51-

for driving the multiplier. 

The CCDs require two-phase, non-overlapping clocks at 

15 V logic levels. The clock signals for Ul are generated 

by the series of gates of U3 and U4 and driver transistors 

Q2 and Q3. The input clock is 

and is changed to a 15 V logic 

speed-up capacitor on the base 

buffered with U3a and U4b 

level with Q3. Q3 employs a 

as well as a Schottky diode 

to prevent saturation. The 01A input is merely an inverted 

version of the 5.2 MHz input clock. The clock is also 

delayed through U3c, U3f, U3e, U4d, and U4c and is OR'ed 

with an inverted version of itself. This produces a narrow 

(50 ns) low pulse which is inverted by Q2 and fed to the 

ORA and OSA inputs of the CCD. Due to the delay through OR 

gate U4a, this pulse does not overlap the clock edge at 

input 01A. 

The support circuitry for U2 is similar to that for 

Ul. The delaying gate chain includes a resistor-capacitor 

combination to increase the gate delay and therefore the 

width of the OSB clock pulse. (The capacitor value is 

estimated, and consists of the parasitic capacitance of the 

board used in the construction of the circuit). This was 

found to be necessary only with U2, suggesting that it was 

a function of layout. 

The reference and delayed signals are fed to the four 

quadrant multiplier, U7. The multiplier output, which is 
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the product of the two signals, is fed to the data filter 

and bit detection circuitry. 

The clocking rate for the CCDs was chosen to be 

sufficiently high so that sampling effects would be small. 

The sample rate for the CCD with the longer delay was set 

to 4 MHz, producing approximately 36 samples per cycle of 

the carrier waveform. The shorter CCD delay was clocked at 

5.17 MHz, which provided 47 samples per cycle. In 

7 
addition, amplitude and symmetry adjustments were set for 

minimum distortion of the signal, and the clocking 

frequencies were set for the optimum delay difference, 

using the symmetry of the eye diagram as a guide. 

Although some nonlinear effects due to the limited 

dynamic range of the CCDs undoubtably occured, they were 

not observable and did not appear to affect the performance 

of the system. 

4.2.3 Hard-limited Demodulator 

The block diagram of the hard-limited demodulator is 

shown in Fig 4.4, and the schematic in Fig A2.5. 

In operation, the demodulator uses comparator Ula to 

determine the polarity of the input signal. The polarity 

is sampled at a rate of 5 MHz and is stored in a shift 

register with 125 stages. The circuit samples the input 

carrier phase approximately 47 times per cycle. In the 
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prototype circuit, two shift registers were used; U3a and 

U4. U3a provided a fixed 64 stages, while U4 was 

adjustable from 1 to 64 stages. During normal operation, 

the delay in U4 is set to 60, for a total delay of 125 

(latch U2b provides the additional stage of delay). The 

resolution of the delay unit is 1 part in 125 or .08% of 

the total delay. 

5 MHz 

MSK 

INPUT SHIFT 
REGISTER  p)) 

2) MULTIPLIED 

Figure 4.4 
Block diagram of hard-limiting (digital) 

DMSK demodulator 

OUTPUT 

The delayed and reference streams are multiplied using 

an exclusive-OR gate, U7a. The output of this gate is a 

pulse-width modulated waveform containing the data and 

higher frequency mixing products. The XOR gate is followed 

by the same data filter which was used in the linear 

demodulator. The filtered demodulator signal is presented 

to a comparator with has an adjustable threshold which is 

used to set the slicing level to the center of the received 

eye. This is shown in Fig. A2.2. With a good quality 

comparator and a sufficiently large input signal 

(>100 mV P-P), this adjustment would likely not be required. 

In the prototype unit, the clock delay in the test circuit 
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was set so that the sampling instant occured in the center 

of the eye. 

A simple crystal stabilized clock oscillator is also 

included in the demodulator circuit of Fig. A2.5, composed 

of inverter U5, crystal Xl, and related components. 
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5. PERFORMANCE EVALUATION 

5.1 Test Philosophy 

The performance of the DMSK modem is judged by 

evaluating the bit error rate (BER) over a range of 

signal-to-noise ratios. From these measurements, a plot of 

E
b
/N
o 

vs. BER is obtained. The position of this curve 

relative to the ideal curve indicates how well the modem is 

operating. The separation of the ideal curve and the 

measured curve is termed the implementation margin, which 

is expressed in decibels. The implementation margin 

indicates the increase in E
b
/N
o 

required to obtain 

performance with the actual system equivalent to that of an 

ideal system at a specific error rate. 

5.2 Test Setup 

The test setup used for performance evaluation of the 

modem is shown in block diagram form in Fig 5.1. At the 

transmit end, a 40 kHz clock was generated in the 

modulator, and was used to clock a pseudo-random data 

generator to produce test data. The length of the test 

sequence was 220-1 bits. 

The modulator produced a 40 kb/s MSK data signal by 

modulating an IF carrier with 110 kHz center frequency. 

Random noise, flat over the band of interest, was added to 

the IF signal to simulate the noise picked up on the 

transmission channel of an actual system. The noise plus 
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signal was fed to the DMSK demodulator consisting of IF 

filter, differential demodulator, data filter, and bit 

detection circuitry. In the case of the hard-limiting 

demodulator, a 5 MHz fixed clock was used for timing, while 

with the linear version, an additional 5.17 MHz clock was 

required for the second delay line. A variable signal 

generator was used to generate the 5.17 MHz clock. 

NOISE 
GENERATOR 

NOISE 

DMSK 
MODULATOR 

SIGNAL 

RMS 
VOLTMETER 

IF 
FILTER 

DATA 

GENERATOR 

C> 
DATA 
FILTER 

TX DATA 

CLOCK 

BIT 
DETECTION 

DMSK 

DEMODULATOR 

4 
I ( LINEAR DEMOD. 

ONLY) 

CLOCK 
GENERATOR 

OSCILLOSCOPE 

(EYE MONITOR) 

ERROR 
DETECTION 

Figure 5.1 
Modem test setup 

EVENT 
COUNTER 
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The digital data from the demodulator was directly 

compared with the transmitted data to detect errors. Each 

error produced a single pulse which was accumulated by a 

frequency counter in event counting mode. After a specific 

length of time, the number of errors was noted, and the 

information used to calculate the bit error rate. 

The demodulator used a hard-wired clock from the 

modulator circuitry. In order to have the phase of the 

clock set for optimum sampling of the raw data, an 

adjustable clock delay with a resolution of 3.6° was used. 

This delay was adjusted to compensate for the time delay in 

the modulator and demodulator. The transmit data was 

delayed so that it was in phase with the received data for 

comparison purposes in the error detection circuitry. 

The raw data was observed on an oscilloscope as an eye 

diagram at the output of the data filter. The oscilloscope 

displayed the filter output while being triggered from the 

transmit clock. 

5.3 Calculations 

At the beginning of a test, the signal and noise 

powers were measured, and the event (error) counter was 

reset. After some length of time, t, the number of errors 

N
e 
that had accumulated was noted. 

from 5.1: 

BER = N
e
/N
t 

The BER was calculated 

(5.1) 
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This has the units of errors/bit where N
t 

is the total 

number of bits in the time interval t, and is calculated as 

N
t 
= tfb. The value N

o 
is the energy spectral density of 

the noise and was calculated from 5.2: 

N
o 
= P

n
/B

n (5.2) 

This has the units of Watts/Hertz. P
n 
is the power of 

the noise measured in a bandwidth B
n
, the noise bandwidth 

of the IF filter. 

An RMS voltmeter was used to measure signal and noise 

power at the output of the IF filter. To measure noise, 

the MSK signal was removed while the filter power output 

was measured. Similarly, for signal power, the noise input 

was removed. 

The final factor, Eb, is the energy per bit in the 

modulated signal which has the units of Watts/bits/second. 

It was calculated from 5.3: 

Eb = Ps/fb (5.3) 

Here P
s 
is the total power of the signal and f

b 
is the 

bit rate. 

In the system under discussion, the signal power was 

actually measured following the IF filter. The filtering 

action removes a approximately 0.5% of the signal, but this 

portion is small enough so that it makes negligible 

difference (0.02 dB) to the 
Eb/No 

measurement. Eb /No can 

be calculated from 5.4: 
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E
b
/N

o 
= P

s
B
n
/P

n
f
b 

(5.4) 

5.4 Hardware 

The auxiliary circuits used to aid in the measurement 

of the performance of the modem are shown here for 

completeness, but are not an integral part of the modem. 

The modem test circuits include a clock delay to align 

the hardwired transmit clock with the received data, and a 

data delay and error detector to allign and compare the 

received data with the transmitted data. Fig. A2.3 is the 

schematic of the test circuits. The clock delay function 

is performed by a shift register with selectable taps. The 

modulator 40 kHz clock is applied to the input of shift 

register U6 while the output is delayed a number of stages 

determined by the settings of SW3 through SW8. The shift 

register is clocked at a 5 MHz rate, providing 0.08% 

resolution on the data clock delay. As 64 stages of delay 

provide only 51.2% of a clock period, SW9 is used to select 

the polarity of the input signal to provide adjustability 

over a full cycle of the clock period (an inversion is 

equivalent to a 50% clock period delay). The delay is set 

to align the edge of the transmit clock with the center of 

the data eye in the demodulator in order to sample the 

bits. 

The data delay function is performed by shift register 

U2. It delays the transmitted data for a predetermined 
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number of bits to bring it in to coarse alignment with the 

received data. Shift register U2 is clocked from the 

normal or inverted data clock, selected with SW2. 

Selecting the inverted clock is equivalent to adding an 

additional half-bit-period delay. 

shifted through U2 and taken from 

position of the jumper. The data 

The transmitted data is 

the tap determined by the 

from the demodulator (Rx 

data) is aligned with the data clock using flip-flop Ui, 

and is compared with the transmitted data in exclusive-OR 

gate U4. AND gate U5 is used to provide a single pulse on 

the output for each error. 

5.5 Measurement Error 

Several sources of error in the test setup will 

contribute to the overall error of the measurements. A 

list of the major sources of error and the magnitude of 

each can be found in Appendix I. The errors fall into two 

categories; those that effect the measurement of Eb/No, and 

those that affect the measurement of BER. For ease of 

interpretation, the BER measurement uncertainty has been 

expressed in terms of Eb/No error, based on an error rate 

of 5 X 10
-4
. To accomplish this, the E

b
/N
o 

change 

corresponding to a specific BER change was estimated from 

the curve of Fig. 6.1. The total measurement uncertainty 

was found to have the limits +/- 1.16 dB. 

For comparison of the performance of the two different 

demodulators, certain errors will be common to both sets of 
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measurements, and will -therefore not be reflected in the 

difference between them. These include the RMS voltmeter 

inaccuracies and the IF filter bandwidth measurement. Thus 

for comparison of the two performance curves, the 

difference between them will be subject to only a 

+/- 0.52 dB maximum uncertainty. 
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6. RESULTS AND OBSERVATIONS 

6.1 Linear vs. Hard-limited Performance 

As mentioned in previous sections, the delay and 

multiplier functions were constructed in two versions; one 

with linear circuitry, and the other with a hard-limiting 

input and digital circuitry (to be referred to as the 

digital version). Common circuitry was used for the 

remainder of the modem. 

All of the following results are of course subject to 

the error magnitudes mentioned in section 5.5 

The performance of the two versions of the demodulator 

is shown in Fig 6.1. There is no appreciable difference in 

performance between the linear and the hard-limited 

versions. 

In a separate test, the linear modem was modified so 

that one or both of the channels (reference or delayed) 

could store a hard-limited version of the signal. The 

fully linear modem was first tested to provide a benchmark 

performance. Next, the signal in the delayed channel was 

hard-limited, while the reference channel remained 

unchanged, and the performance was again measured. Then 

the signal was hard-limited in both channels, and the 

performance once again checked. In all cases, a linear 

multiplier was used. 
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Performance effects of hard-limiting 
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The three performance curves are shown in Fig 6.2. It 

can be seen that there are no significant variations in the 

performance of the modified modems. This confirms the 

result arrived at with a totally digital modem. 

6.2 Modem Implementation Margin 

In order to have confidence in the results of this 

study, it was necessary to have the modem operating with a 

low implementation margin. The first step was to establish 

the optimal performance curve so that comparisons could be 

made. 

6.2.1 Optimal performance 

The performance of DMSK modems is often referenced to 

the performance of a coherent MSK modem
7
'
8
'
11

'
12

'
13 

This 

is curve (a) in Fig 6.3. If the differentially encoded MSK 

signal format was of a nature where a matched filter could 

be used at the receiver, the best performance of the 

differential demodulator
7 

would be that of curve (b) of Fig 

6.3. However, DMSK does not possess this property, and the 

use of non-Nyquist filtering at the receiver results in 

intersymbol interference (ISI) which degrades the 

performance
7
. 

Studies have been completed which use computer 

simulation to predict the performance of DMSK modems
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using various types of filtering. The results indicate 

that for the five types of IF filter simulated (Gaussian, 

Bessel, Butterworth, Chebyshev, and brickwall) the best 

performance is obtained with Butterworth or 0.1 dB ripple 

Chebyshev, both fourth order. The same performance was 

obtained with brickwall filters, which would tend to 

indicate that high order filters are not necessary. In 

each case, a zonal low pass filter was used at baseband to 

remove the sum frequency components of the mixing process. 

The first of the simulations (reference 5) predicted a 

3.15 dB degradation relative to coherent MSK modulation 

with an unequalized fourth order Butterworth filter. The 

degradation with a brickwall filter or an equalized fourth 

order Butterworth with a BT product of 1.1 was predicted to 

be 2.9 dB. The degradations were calculated at a BER of 

5 X 10
-4

. The second simulation (reference 14) predicted 

2.4 dB degradation with a fourth order Butterworth with 

BT = 1.2 or a 0.1 dB ripple Chebyshev filter with BT = 1.0. 

This degradation was calculated at BER = 1 X 10
-3

. The 

corresponding simulation results are plotted as points (c) 

and (d) on Fig 6.3 

The demodulator in this work uses a fourth order 

Butterworth filter of BT = 1.20, unequalized. 

The performance of the DMSK demodulator has also been 

theoretically analysed, with the results presented in 
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reference 15. The IF filter shape used in this study was 

Gaussian. A predicted performance curve was presented and 

has been plotted in Fig. 6.3 as curve (e). The shape of 

this curve can be seen to agree quite closely with the 

experimental results. The data may not be directly 

comparable due to the use of different filter shapes, 

however the results of studies in references 7 and 14 

indicate that the use of the Gaussian filter was expected 

to result in somewhat poorer performance, and this is 

confirmed by the theoretical study. 

6.2.2 Implementation margin 

Curve (f) is the measured modem performance. It can 

be seen to lie roughly 0.2 to 0.5 dB from the simulation 

points. These margins are subject to the +/- 1.16 dB 

measurement uncertainty in the test setup. 

This result indicates that the modem is likely 

operating with a low implementation margin and that the 

comparison tests were done using a correctly operating 

modem. 

6.2.3 Sources of performance degradation 

In the digital demodulator, several factors can 

contribute to modem performance degradation. These include 

(a) phase quantization due to finite sample rate, (b) 

inaccuracies in the total delay, (c) inaccuracies in the 

bit sample time, and (d) ISI due to baseband filtering. 
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The corresponding performance degradations have not been 

quantified, however of these five contributors, (a) is felt 

to be the most significant. 

Tests with varying sample rate were performed with the 

hard-limiting demodulator. The IF sample rate was varied 

between 2 MHz and 5 MHz (18 and 45 samples per cycle of the 

110 kHz carrier). Fig 6.4 compares the performance at four 

sample rates. The performance is seen to improve with each 

increase in sample rate. The highest sample rate of 5 MHz 

was the highest frequency at which the shift registers in 

the demodulator would reliably operate. 

Since the performance improvement from 4 MHz to 5 MHz 

is similar to the improvements from 2 MHz to 3 MHz and 

3 MHz to 4 MHz, this would tend to indicate that there is 

further room for improvement at sample rates above 5 MHz. 

This implies that the 5 MHz sample rate is lower than 

optimum for this demodulator and that some performance 

degradation is due to the phase quantization. 

It should be noted that the linear demodulator also 

used a 4 MHz sample rate, and was therefore subject to a 

comparable level of degradation. 
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7. CONCLUSIONS AND DISCUSSION 

7.1 Conclusions 

The results of tests performed in the course of this 

study indicate that there are no significant performance 

differences between linear and hard-limiting versions of an 

MSK differential demodulator, based on 
Eb/No 

vs. BER 

performance. 

Furthermore, prototype modem performance was found to 

be close to simulation results published in the literature. 

7.2 Discussion 

As a result of tests performed on linear and 

hard-limiting demodulators, it was found that the two types 

of demodulators have similar performance. There is an 

advantage to be gained in some cases by using a 

hard-limiting demodulator because of circuit simplicity, 

potential for LSI implementation, and stable performance. 

A demodulator utilizing a digital delay is somewhat 

limited in use with respect to bit rate and IF due to the 

limited speed of the circuits and the amount of storage 

required. It may be feasible in some cases to use a hybrid 

demodulator where a linear delay is used followed by 

hard-limiting circuitry and a digital multiplier. This 

would replace the linear multiplier with more stable, 

repeatable and lower cost digital circuits, and allow the 
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use of intermediate frequencies up to and beyond 10 MHz. 

It has already been shown that a hard-limiting 

coherent demodulator for MSK could be made with good 

performance
12

, but this work has shown that a hard-limiting 

demodulator for MSK can also be made with good performance. 

The implementation used .for this work requires only one 

oscillator and a relatively non-critical analog output 

filter. Like the demodulator, it is stable, repeatable, 

and requires no adjustment, but is limited to relatively 

low bit rates and output frequencies. 
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APPENDIX I 

TEST SETUP MEASUREMENT ERROR 

MEASUREMENT ERROR 

1) Power readings; Ps and P
n 

Meter accuracy +/-0.2dB 
Reading error +/-0.2dB typical (random) 

2) IF filter noise bandwidth measurement; Bn

Meter accuracy 
Reading error 
Frequency error 

+/-0.2dB 
+/-0.1dB typical (random) 
<<1% 

3) Error accumulation time; t 

Counting interval +/-2.5% max. This is equivalent 
to +/-0.02dB at BER=1X10 . (random) 

4) Error count; N 

Number of errors +/-5% max. This is equivalent 
to +/-0.04dB at BER=1X10 3

. (random) 

TOTAL ERROR 

E
b
/N

o 
= P

s 
- P

n 
+ B

n 
- f

b 
for all variables in dB. 

Let K
e 

be the error in E
b
/N

o 

So K
e 
= +/-0.4dB + +/-0.4dB + +/-0.3dB = +/-1.1dB (+/-0.5dB 

random) 

BER = N/t/fb or BER = N - t - f
b 

for values in dB. 

Let K
b 

be the error in BER 

So Kb = +/-0.04dB + +/-0.02dB = +/-0.06dB (all random) 

So total expected error is E o  = K + Kb =+/-1.16 dB 
maximum. This is equal to +7-0.6 dg fixed error and +/-0.56 
dB random error maxima. 
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APPENDIX II 

CIRCUIT SCHEMATICS 

FIGURE 

A2.1 

A2.2 

A2.3 

A2.4 

A2.5 

MSK modulator 

Demodulator common circuitry 

Modem test circuits 

Linear DMSK demodulator 

Digital DMSK demodulator 
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