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ABSTRACT

The unit to be described differs from present tunable discriminator products chiefly
because it is designed to simultaneously demodulate all the subcarrier channels in a
frequency division multiplex. In addition the demodulated output data is presented in
digital format that is compatible for direct computer entry. The discriminator
implementation techniques will be discussed at the block diagram level. Particular
emphasis will be given to the use of “Finite Impulse Response” filters and also to the
internal tape speed compensation process.

INTRODUCTION

The discriminator to be described herein differs from current tunable discriminators in two
major aspects:

1. It is designed to simultaneously demodulate all the subcarrier channels in a frequency
division multiplex.

2. The output data is in a digital time division multiplex format where each output data
sample is represented by a 12 bit resolution digital word.

FUNCTIONALITY

This unit encompasses a number of functions that are normally provided by separate pieces
of hardware in a typical frequency division multiplex system. Figure 1 shows the range of
equipment that might possibly be replaced by the tunable multiplex discriminator. The first
and most obvious units to be replaced are the modular (1 per subcarrier channel)
discriminators themselves. Along with the modular units it also eliminates the need for
large quantities of extra channel selector and low pass filter plug-in modules. The tunable
mux disciminator (TMD) has its own internal tape speed compensation system. This



capability takes the place of a reference discriminator and multiplex delay line. A
frequency multiplex calibrator is not needed since the TMD uses a master crystal reference
to generate all of the required center frequencies for sampling, down translation and output
format generation. Another set of hardware that the TMD eliminates is the auto-cal
hardware that is sometimes supplied on a per discriminator channel basis. Last but not
least the TMD does away with the requirement for an analog multiplexer and an analog-to-
digital converter. Data output from the TMD is in a bit parallel, word serial sample plan
format and is accompanied by all the timing (WRATE, FRATE, SFRATE etc.) signals that
are appropriate for computer or preprocessor entry.

PERFORMANCE FEATURES

Some noteworthy performance features of the TMD are:

• Up to 24 subcarrier channels can be demodulated simultaneously. Each of the
numerous IRIG recommended multiplex structures can be handled in a single pass.

• Zero and gain stability are crystal controlled. This eliminates the center frequency and
bandedge drift normally caused by component instabilities and temperature
sensitivity. In fact it eliminates the conventional Balance and Bandedge Voltage
controls completely.

• All filters exhibit both absolute linear phase response and constant amplitude
attenuation characteristics. The use of multi tap (multi-coefficient) Finite Impulse
Response filters reduces the dynamic distortion caused by the amplitude and group
delay non-idealities of analog domain filters.

• FM/FM carriers are handled in a single pass. The data contained on the 2nd tier FM
subcarriers is output.

• Automatic normalization permits the discriminator to demodulate VCO outputs whose
center frequency has drifted. The TMD not only corrects output zero and span but it
also corrects its filter tuning to recenter the input subcarrier.

COMPARISON TO A CONVENTIONAL DISCRIMINATOR

Figure 2 is a simplified block diagram that permits us to make a comparison between a
conventional discriminator and a digital realization that performs much the same task. The
major functional block differences between the two approaches are on the input and
output. The TMD input contains an anti-aliasing filter and an analog-to-digital converter.
The TMD output contains a sample plan format generator and ID tag generator. The



similarities between the two approaches lie in the areas of bandpass filtering, detection,
scaling and low pass output filtering.

IMPLEMENTATION

Figure 3 shows a more detailed block diagram of the TMD configuration. It will be used to
discuss the implementation of each of the functional requirements in the discriminator
design.

The block diagram shows the sequence of processes applied to the input multiplex signal
by the TMD. The unit employs digital implementation techniques throughout. Time sharing
of the major functional blocks reduces the total circuit count to manageable numbers. The
block diagram can best be understood by considering a single subcarrier channel applied to
the TMD input.

The input analog signal is first passed through a high order low pass filter. This serves to
eliminate out-of-band frequency components which might produce alias errors in the
sampling process. The next block contains a de-emphasis network and an automatic gain
control function. The de-emphasis network would be used to remove pre-emphasis if
necessary. The purpose of the AGC circuit is to insure that the incoming composite signal
makes efficient use of the dynamic input signal range of the analog-to-digital converter
(ADC). The ADC is a high speed encoding device that provides 8 bit resolution digital
output.

All signal processing in the remainder of the discriminator after the ADC is done in the
digital domain. The ADC sampling rate is set high enough to guarantee a minimum of 3.5
samples per cycle of the highest subcarrier frequency in the multiplex. This sample rate
provides adequate sampling of the highest frequency channels in the multiplex. However, it
grossly oversamples the channels in the lower frequency spectrum of the multiplex. In
order to reduce the load on subsequent processing hardware the samples associated with
the lower frequency channels in the multiplex are decimated in an orderly progression.

The next process that the input data samples are subjected to is complex detranslation to
DC and complex filtering. A crystal controlled center frequency synthesizer generates both
in phase and quadratrue components of the desired subcarrier center frequency. When the
synthesizer outputs are multiplied by the data sample the resultant spectrum contains the
both sum of the input subcarrier frequency and the reference frequency and also the
difference between the two frequencies. Passing this spectrum through the complex low
pass filters yields the desired modulated subcarrier detranslated about dc (zero frequency).
The amount of frequency deviation of the subcarrier is proportional to the originating data
signal amplitude with the rate of deviation being proportional to the data signal frequency



content. At the output of the complex low pass filter only the channel of interest is present
during any single processing interval.

Figure 4 depicts a scheme for combining the complex filter output signals and manipulating
them to produce the desired FM detected output. The quadrature outputs of the two filters
are applied to a divider which outputs the tangent of the angle of the carrier, i.e.
Asin 2/Acos 2 = tan 2. The tangent value out of the divider is connected to an arc tangent
converter which in turn outputs the instantaneous value of phase of the input subcarrier. As
a result of these calculation the phase difference between successive output samples is
known. The time difference between successive samples of the same subcarrier is also
known. Therefore, the detected frequency can be estimated as the derivative of phase
approximated by finite differences.

Again, looking at figure 3 shows that the detected samples are applied to a low pass output
filter circuit. Data sample decimation can also occur at this filter input. The output data
sample rate need only be high enough to provide at least 3.5 samples per cycle of the
equivalent modulation index of one (MI=1) frequency. The filter is bandwidth limited,
allowing only the desired output data signal to pass. Amplitude scaling is then performed.
The scale factor is determined by the specified peak deviation of the channel of interest.

For data channels, the samples out of the low pass filter and scaler are applied to the
output formatter. The formatter’s function is to create a predetermined output sample plan
and also to assign ID tags to the individual data samples. The formatter must generate the
word rate, frame rate, subframe rate and other timing signals required by the system. The
formatter also supplies the status bits and the handshake signals required for an orderly
data handoff to such other devices as digital-to-analog converters, preprocessors and host
computers.

For quick-look purposes a single DAC, switchable to any input channel, is provided. The
analog data out of the DAC can be used to drive a strip chart or other recording device for
performance verification.

TAPE SPEED COMPENSATION

The tunable multiplex discriminator demodulates a tape speed reference subcarrier in the
same manner that it demodulates data subcarriers. The reference subcarrier can be
recorded with the multiplex or can be taken from a separate track of the recorder. The
reference subcarrier can be any channel in the multiplex, assuming that it has sufficient
data bandwidth to accommodate the tape speed error signal. There is one restriction; if the
reference subcarrier is recorded on a separate track it can not overlay any of the
subcarriers in the spectrum of the data multiplex.



Once the tape speed error signal is available at the low pass filter output it is run through a
special per channel scaling circuit. The output is then fed back to the complex center
frequency synthesizer at the TMD input. The tape speed error signal is used to modulate
the individual subcarrier center frequencies that are generated by the complex synthesizer.
This process would result in cancellation of the wow and flutter errors that occur in the
data channels if the reference subcarrier processing delay were equalized. The required
delay equalization is provided by holding the data subcarrier samples in shift registers. The
data samples are output from the shift registers after the appropriate number of reference
subcarrier processing cycles have elapsed. In this fashion the data samples and the
modulated synthesizer samples arrive at the detranslator multipliers in the proper phase
relationship to insure that tape speed error compensation is accomplished.

DIGITAL FILTERING

Traditionally, frequency division multiplexing system design parameters have been
constrained by the limitations of bandpass and low pass filter designs. Interchannel
spacing, crosstalk, signal-to-noise ratio and dynamic distortion are some of the
performance characteristics that are filter dependent. Filter designs arrived at by frequency
domain synthesis leave a lot to be desired when compared to an ideal filter. The ideal, but
not physically realizable filter, would have a flat passband amplitude response plus flat
group delay in the passband, combined with zero transmission in the stop band. Digital
filter designs, developed in the past 8 to 10 years, have resulted in a class of filters that do
permit a more idealized realization. The use of digital filter techniques in the TMD has
played a large part in making the design task feasible.

To readily obtain a linear phase and an equi-ripple amplitude response, a finite impulse
response (FIR) type digit filter is used. The number of coefficients to adequately
characterize the impulse response of the desired filter is first determined. Optimization
programs allow computer design of the impulse response coefficients to meet specific
criteria, such as cutoff frequency, transition bandwidth, out-of-band attenuation, etc. The
impulse response is forced to be symmetrical in order to guarantee linear phase response.

Figure 5 shows the basic functional configuration to implement a FIR digital filter. The
filtering action involves the discrete convolution of N successive samples of the subcarrier
input signal with N coefficients of the desired impulse response. Figure 5 depicts the
convolution at time tn for an N sample impulse response. As each sample of the data signal
is shifted into the register the convolution operation is performed again. A forty (40)
coefficient impulse response is often used to implement a useful filter function. The
resulting multiply rates get very large when you consider the number of samples per
subcarrier processed each second multiplied by the number of subcarriers in the multiplex.
The multiply rates get even higher because multiple filter processes are being carried out



simultaneously. High speed, low power multiplier circuits play a very crucial role in the
overall discriminator design. Filter related functions comprise roughly 50% of the circuitry
in the TMD.

CONCLUSION

This paper has attempted to highlight the aspects of the TMD design that were
straightforward and fairly easy to portray. However, there is another aspect of the TMD
design task that almost defies explanation. The problem associated with control timing,
and data handling were inded difficult to solve. The author wishes to thank his fellow
engineers Joe Lehmann, Gene Schroeder and Bill Waggener for making it possible to write
and present this paper.



FIGURE 1.  TYPICAL FM DEMODULATION & DIGITIZING SYSTEM
ALTERNATIVE CONFIGURATIONS



FIGURE 2.  CONFIGURATION COMPARISON



FIGURE 3.  TMD BLOCK DIAGRAM



FIGURE 4.  DEMODULATION SCHEME



FIGURE 5.  FINITE IMPULSE RESPONSE (FIR) DIGITAL FILTER


