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Scope of work:

1.Demodulation
Discuss several noncoherent detection options including:
- Synetcom's baseline approach
- Trade-off of filter-implemented versus differential
delay implemented noncoherent discriminator design
from the DSP point of view

2.Bit Synchronization
Discuss available options

3.Definitive Design
-Propose design for demodulator and bit synchronizer
~-Assess performance in terms of bit synchronizer lock and
BER versus E, /N,

Before launching into item 1, a couple of points arose
while reading the RAM specification [1]. First of all,
referring to Figure 4 of [1], bit error rate (BER) is given as
a function of receiver input signal power. Without knowledge
of the receiver noise figure, it is not possible to uncover
just what level of performance with respect to E /N, RAM is
anticipating. In that regard, no real performance objectives
have been levied, other than the normal "make it as good as
possible." Some guestimates are in order.
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The peak frequency deviation for the system is 2 KHz
corresponding to a modulation index of 0.5 since the data rate
is 8 Kb/s [1]. If we arbitrarily choose a very wide receiver
bandwidth, say 10 KHz, which is clearly unnecessary, with a
conservative receiver noise figure of 6 dB, the effective
input signal to noise ratio at -115 dBm ([1], Figure 4) is

SNR = -115 dBm - [ -174 dBm/Hz + 10 Log( 10 kHz ) + 6 dB ]

(1)
13 dB

This is far more SNR than is required to meet the 5.10°% BER
requirement, even with the crude parameter choices used in
(1) . Therefore, unless the receiver noise figure is terrible
by today's standards, the BER requirements ([1] Figure 4) are
certainly attainable.

A second opening issue concerns frame synchronization as
defined on page MTS17.2 in [1]. The block is 16 bits long and
frame synch is only established if there is no more than 1 bit
in error. Therefore, the probability of a successful frame
acquisition (given that proper bit synchronization has
occurred) is

P, = (1-p)*¢ + 16p(1-p)*° (2)
where p is the probability of a single bit error. It 1is

insightful to evaluate (2) for a number of bit error
probabilities as done in Table I.

Bit Error Prob. of Successful
Probability p Frame Acg. P,
20% 47.85%
10 51.47
5 81.08
2 96.01
1 98.91
0.5 99.71
0.2 99.95
0.1 99.988

Table I Successful frame synchronization probability versus
bit error rate.

At the higher bit error rates, it is important to
recognize that the true probability of frame acquisition given
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that a synchronization signal is in fact present is given by

Pacor = Pa; Pps; (3)

where PBs1 is the probability of properly acquiring bit
synchronization.

Although not mentioned at any time, false acquisitions
when no signal is in fact present should be of some concern at
the system level. For completely random data bits, the
probability of erroneously obtalnlng frame synch (after
erroneously obtaining bit synch) is

Py, = (.5)* +16(.5) (1-0.5)% = (0.5)% x 17 = 0.00026 (4)

At 8 kbps, this translates to a false alarm rate somewhere
between once every 0.5 to 7.7 seconds. In my estimation, this
is quite poor. The overall false alarm probability is in fact

Pacor = Pap Paso (5)

where Py, 1is the probability of the bit synchronizer
erroneously synchronizing. If the bit synchronizer also
extracts an indication of whether it has attained lock or not,
then (5) indeed applies. The drawback here is that rellable
determination of whether the bit synchronizer has locked or
not is itself a difficult task on such a short preamble. The
scheme increasingly appears targeted for only high SNR
application.

Let's look more closely at the bit synchronization
preamble. It is a total of 16 symbol periods long with an
alternating 11 and 00 pattern (i.e. 0022002Z...){1l]. Proper
bit synchronization is equivalent to obtaining an accurate
estimate of the symbol epoch. For this data pattern, the
problem can be further equlvalenced to estimating the phase of
a sinusoid of known frequency in noise. Gaussian noise will
be assumed for simplicity (even though the noise out of the FM
demodulator is neither Gaussian nor white). Many techniques
primarily based upon estimation theory have been proposed for
this task (e.g. [2-4]). The variance of the epoch estimation
error for a sinusoid embedded in additive white Gaussian noise
(AWGN) can be bounded by using the Cramer-Rao bound [2,3,5] as



Or 1 1 (6)

where a./T Normalized time epoch estimation variance
for 1010... sine wave
P Signal to noise ratio out of demodulator
(Noise BW taken as 1/T)
n Number of symbol periods observed

The real result is 2X as bad since the aforementioned sine
wave formula was based upon a 0Z0Z sequence whereas the
present preamble pattern has a period 2 times as long.

Using n=16, and including this additional factor of 2 in
(6),

(7)

which is the estimate error standard deviation in terms of
true symbol periods. Equation (7) may be expressed in terms
of the input signal to noise ratio, (p;), by including the so
called FM improvement factor. For the 1100... case

B = Af _ 2KHz _
£, 8KHz (8)
4

From [37], the FM improvement factor (for the sinusoidal case)
is 38" or 3 here in which case (7) becomes

i (9)

This is, of course, a lower bound. Therefore, without further
justification, the value in (9) will be increased by a factor
of |2 or equivalently 3dB.

For NRZ symbols in AWGN, a o0,;/T value of 0.05 leads to
roughly 1 4B from theory degradation due to timing errors
whereas o;/T = 0.07 causes a 4.5 dB departure from theory (6].
Although these values pertain to steady-state operation with
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square NRZ pulses in AWGN, I believe that they are still
fairly representative. Therefore, a realistic goal for o,/T
is 0.05. Using (9) and the {2 factor, the required input
signal to noise ratio is therefore p; 2 5.3 dB.

This is not to say that bit synchronization at fairly low
SNR is taken care of because this result applies to a parallel
maximum likelihood receiver, not a serial loop implementation.
Limiting the implementation of the synchronizer to realistic
serial loop approaches probably restricts reliable operation
to considerably higher SNRs.

One alternative for improving the system performance
substantially with the present waveforms is this
aforementioned parallel processing approach. If we view the
bit synchronization and frame synchronization frames jointly
rather than separately, a number of things work in our favor.
There are other complications which arise also, but I will
dismiss these for now.

The basic idea is that we perform bit synchronization and
frame synchronization jointly by operating the TMS320 as a
matched filter receiver, matched to the bit sync and frame
synchronization blocks as shown in Figure 1. Using this
approach, bit and frame synchronization are achieved at the
same instant (at least to within 1/6 symbol since you're
sampling 6x per baud). Since many more symbols are involved,
both the symbol epoch estimate and the false-alarm rate would
be significantly improved. My one real concern is that you
may not have adequate processor throughput for this approach.

There are other issues to address also. Ideally, the
frame synchronization bit patterns would be selected from a
family of low cross-correlation codes (e.g. Gold,Barker) to
prevent false-alarms on correlation sidelobes. Once a
detection threshold crossing has occurred, the last 16 bits
could be examined per the one-bit error dismissal criterion
for achieving frame synchronization. Ideally, intersymbol
interference (ISI) effects would be eliminated prior to
examining the actual frame synchronization bits, but here
again, processor throughput is the chief concern.

Before leaving this area of discussion, a rough estimate
of the bit synchronizer's transient response (serial) impact
on things can be made as follows. Assume that the 1loop
requires 4 "loop time constants" to sufficiently settle. The
"loop time constant" for a classical second-order system is
given by
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Figure 1 - Bit and Frame Synchronization



T, = (Bwy) ™

where §{ 1is the damping factor and w, is the loop natural
frequency in radians/second. The loop bandwidth B, is = 2{w, /27
Hz. Using this,

t, = (nB,) ™

Given the 16 symbol periods available for bit synchronization
and the 47, criteria above, the loop bandwidth must be > 640
Hz. This is substantial, but still a fairly small fraction of
the 8 Kb/s data rate so my guarded pessimism is probably a bit
over done. The false-alarm rate remains a problem, but that
will be (must be) resolved outside the (DSP portion of the)
demodulator. Hence, all in all, this looks pretty good.

Demodulation

Synetcom's Baseline Approach

My understanding of the baseline approach is sketched in
Figure 2 following ([7]. One immediate concern with the
baseline approach as described in (7] is the hard-limiter
implementation. As nonlinearities go, detailed analysis is
quite time consuming and will not be undertaken here. The
primary point is best made with reference to Figure 3.

Admittedly, the signal ahead of the hard-limiter has been
filtered and 1is clearly band-limited. Regardless, the
sampling rate of 48 kHz compared to the 8 kHz center frequency
introduces coherent and/or random phase modulation of the
effective zero crossings of +2w/12 or *30° if hardlimiting is
used in the DSP algorithms. This amount of phase jitter is of
concern to me unless fairly exhaustive analysis were first
performed to assess its effects.

Oon the subject of differential versus discriminator
detection, a fair amount of discussion has appeared in the
literature. A fairly exhaustive treatment has been given in
chapter 10 of ([8]. Somewhat surprisingly, much of the
applicable material from [8] is nearly word for word from [9].
There seems little point in going through many of the details
aside from stating a summary position on the approach to be
taken herein. Suffice it to quote:

"The error-rate performance of differential
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detection is inferior to that of discriminator detection
irrespective of the modulation index" in a fast Rayleigh
fading environment [9].

Since the differential approach introduces memory into <the
demodulator by design which may be very long compared to the
channel dynamics (particularly at low data rates), it is not
recommended. Even for slow Rayleigh quasi-static fading,
discriminator detection was found to be only =0.7 dB inferior
to differential at 10 BER (9] and I believe that this
difference may be eliminated in what I have to propose later
herein.

If complex signal notation is employed, the differential
and discriminator outputs may be represented by

Rel[-72*(t)Z(¢t)]

v(t)
1z (¢t) |2

discriminator (10)

v(t) = Re[-7Z(t)Z*(t-T)] differential (11)

from [8]. The demodulator memory is clearly visible in (11).
Although the derivative in (10) requires a time delay as well,
it can be made << T.

Although the baseline I will propose is based upon a form
of discriminator, several other FM demodulation techniques are
worthy of mention. Some are not that suitable for
implementation in our case but the references are provided
just the same [10-13].

During this phase of the project, detailed fading
research is a secondary issue aside from choosing a fade-
resilient approach. Should this issue later be raised, a
number of references have been identified to date [14-23]. No
further explicit consideration will be made in the balance of
this memo on fading.

Bit Synchronization

Many different methods are available for performing the

bit synchronization function. Reliable determination of
synchronization is an equally difficult problem given the
short bit synchronization frame. Extraction of good data

estimates is also a very important element of the overall
system and is, or can be, viewed as a problem separate from
the clock recovery problem. Due to the large amount of
material on the subject, I will be brief and will only address
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schemes which are suitable for DSP implementation.

A nice introduction to optimal bit synchronization can be
found in ([24-28] just to name a few. Gardner divides the
subject into estimation theoretic (e.g. maximum likelihood),
early-late gate, transition tracking, and other. The early-
late gate approach is primarily intended for use with square
pulses where the SNR is very high. Holmes [24] itemizes a
number of suboptimal bit synchronizers which are based upon
either delay-and-multiply methods or wupon the use of a
nonlinearity to obtain a clock component. Ad-hoc methods
abound and will not be considered here. We will examine the
primary options very briefly.

Estimation Theoretic

Methods grouped into this category are generally capable
of near optimal performance and are primarily based upon
maximum-likelihood (ML) or maximum a posteriori (MAP)
criteria. The MAP-based synchronizer (no ISI) is developed in
great detail in [25] and an actual detailed implementation
provided in [36]. A fairly broad range of theoretic
synchronizers are derived in [29-36].

As stated earlier, derivation of a MAP-based synchronizer
is given in [25]. A very concise implementation of a MAP
synchronizer for NRZ data is given in [36] and is shown in
Figure 4. It is quite straight forward to show (36] that the
log-likelihood function in this case is given by

A(t) =¢, T 1n cosh[--z-‘zm (12)

Ny

where C, a constant
A Peak signal amplitude, volts
Ny One sided noise power spectral density
y(r) Sampled output of matched filter matched to
the symbol s(t)
and

T,

y (1) =fo *z(t)h(t-nT-t)dt (13)
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where T Timing estimation error

Z2(t) Input signal

h(t) Matched filter impulse response
T Symbol period

T Observation time

S

It is very simple to maximize the likelihood ratio (since 1ln()
is a monotonic function) simply by a differentiating (12) to
give

A _ oy 22 22, ) -
5 = Y N, v(t) tanh( Noy(r) ) 0 (14)

n

The loop configuration shown in Figure 4 clearly drives
JdA(T) /0T to zero.

The cited reference [36] used 8 samples per bit period.
The derivative was implemented as

y=clylt) -y(t-T,) 1 (15)

where T, is the sampling period (T/8).

The modified maximum 1likelihood (MML) synchronizer is
discussed in [33] and is sketched out in Figure 5. Hy
represents the matched filter, whereas H(f) is a filter
designed to extract the data sampling clock. In cases where
the matched filter output pulse shape is Nyquist, the data
reconstructor is nothing more than a comparator. Filter H(f)
is given by

H(f) = Hp(f)| janf - E _ff(_{%e-jznfmr (16)

which is nothing more than the derivative of the matched
filter output followed by a transversal filter. In the case
where r' (mT) .0 V m, this reduces to the ML synchronizer.
Time permlttlng, (16) will be derived in detail.
‘ The minimum-mean-square-error synchronizer is shown in
Figure 6. In this case, Hp(f) eliminates ISI as well as
maximizes the SNR at its output Since the ISI has been
eliminated, the data reconstruction is very simple. If the
output pulse is again Nyquist, H,(f) reduces to the matched
filter H,(f).

Between MML and MMSE methods, the MMSE is to be much
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Figure 5 - The MML Synchronizer
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preferred since the bandwidths involved here in our situation
are considerably less than Nyquist [33].

The data-aided ML and non-data-aided ML synchronizers are
analyzed in ([35) and are shown 1in Figures 7a and 7b
respectively. When there is no ISI at the output of the
matched filter, the ML Data Reconstructor reduces to a simple
comparator in which this case looks quite similar to Figure 6.

These previous 4 synchronizer types are compared in [34]
for the case of raised-cosine symbols. Unlike in the cited
references, [34] considered using each synchronizer presented
to perform the timing recovery (only) and the data estimates
were made using a matched filter followed by a maximum-
likelihood sequence estimator [40]. As far as data
estimation, this is optimal.

For the small excess bandwidth case which is applicable
for us, the smallest mean-square synchronization error for low
SNR occurs for the DA-ML synchronizer [34]. Although this may
be true, further examination of other plots in [34] show that
much larger synchronizer loop bandwidths may be used for the
MML and MMSE synchronizers. Comparing Figures 5 and 6 of
[34], there is not much question that the MMSE synchronizer is
the best performer given our circumstances.

Selection of the MMSE type as it is presented in [33] is
attractive from a DSP standpoint. All of the so-called data
reconstructors (Figures 5, 7) are maximum-likelihood sequence
estimators (MLSE) which would require more code to implement.
Unfortunately, the bit error rate has not been evaluated in
{33], only the tracking variance. Exclusion of the MLSE with
the MMSE synchronizer will be somewhat suboptimal, but just
how much is unknown. I'll have more to say on this in my
proposed baseline section.

Performance of these various synchronizers in a fading
environment is unknown and would require significant effort to
assess.
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