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SOME MODELING ASPECTS IN THE
SIMULATION OF DIGITAL LINKS

Michel C. Jeruchim
General Electric Company, Space Division

Valley Forge Space Center, Philadelphia, PA 19101

ABSTRACT

Computer simulation of satellite digital links has become a useful tool for the accurate
estimation of system bit error rate (BER) performance. This paper describes a simulation
facility developed for such a purpose, and in particular discusses two aspects of modeling
that bear on the accuracy of the system representation, namely the inclusion of uplink noise
and the treatment of carrier phase tracking.

INTRODUCTION

Recent trends in digital communication by satellite have generally been toward ever-
increasing data rates. Because of bandwidth constraints of various sorts, this trend has
necessitated more efficient usage of the bandwidth that is available, where efficiency is
measured in terms of “packing density”, or “bits/Hz”. Implicit in determining the ultimate
data rate limitation of a given system and modulation scheme is a sufficient degree of
accuracy to ensure reasonably high confidence in the calculations. For the typical satellite
link, involving nonlinearities, these calculations typically require the aid of a computer.
Consequently, simulation has become an increasingly common tool for the prediction of
system performance (1) - (7). Of possible interest, in this context, is a purely analytical
approach, as described in (8), which has yet to be applied to bandpass systems. In this
paper, however, we shall discuss “simulation” only in the sense that it is generally
understood, namely as a software counterpart of a real system, with as much verisimilitude
as is possible, or affordable, in any given case.

It is evident from a sampling of the literature that simulation of digital satellite
communication systems is fairly well developed discipline. Nevertheless, various
simulations differ from one another in scope, features, and emphasis, depending perhaps
on the major intended applications. In this paper we will outline the current status of a
simulation originally described in (2), and discuss some specific modeling considerations
in perhaps somewhat more detail than they have previously received.



DESCRIPTION OF THE SIMULATION

A simplified block diagram of the simulation is shown in Figure 1. It corresponds to our
normal case of interest, and while any given block can be bypassed, the general
architecture is fixed as shown. However, as more capabilities are being added, and with a
view to more general application (e.g., a 4-hop satellite link, or on-board signal
processing), the desirability of a modular program structure is becoming apparent. Work is
currently in progress on the development of such a modular program.

The specific capabilities and features of the simulation are capsuled below:

• Modulation Alternatives
- Binary phase-shift keying (BPSK)
- Quaternary phase-shift keying (QPSK)
- Minimum Shift Keying (MSK)
- Quadrature Amplitude Modulation (pulse spectrum selectable from the family of

Nyquist pulses)
- Binary Coherent-Phase Frequency Shift Keying (CPFSK), with arbitrary deviation

ratio

• Source
- Bit streams can be pseudo-randomly generated (“coin-flipping” by sampling a

uniform distribution)
- Bit streams can be any number of repetitions of a user-specified sequence (e.g., a

maximum-length sequence)
- Data bits are modeled as trapezoids with independently specifiable rise and fall

times (BPSK, QPSK, MSK)
- The two data streams, in quadrature implementations, can have arbitrary relative

timing (skew)
- The sinusoidal subcarriers in MSK can have arbitrary timing relative to the data

streams

• Modulator
- Quadrature carriers may have different amplitudes (component amplitude

unbalance)
- Quadrature carriers may be non-orthogonal (component phase unbalance)

• Filtering
- May be specified by arbitrary set of amplitude and phase points (e.g., from

measurements) in look-up tables; points may be scaled in frequency and magnitude



- May be specified through a small set of parameters controlling “analytical” filters,
e.g. , parabolic phase

- May be specified as the cascade of any combination of classical filters (Butterworth,
Chebyshev, Bessel)

• Power Amplifier
- Gain characteristic

TWT saturation (measured or hypothetical) curve
hard limiter
linear amplifier

- AM/PM conversion
can use arbitrary phase vs. amplitude characteristic
can use constant coefficient (o/dB)

• Thermal Noise
- Independently generated at satellite input and ground station input (for Monte Carlo)
- Generated as Gaussian, but no other assumptions made

• Interference
- CW interference can be input on both uplink and downlink
- Adjacent-channel interference at the satellite input

• Receiver (BPSK, QPSK, MSK, QAM)
- Independent static phase error can be used on the two channels of a quadrature

system; multiple sets of static phase errors can be used to determine optimum
orientation of receiver axes

- Quadrupling-type block phase estimator used for QPSK and QAM
- Doubling-type block phase estimator used for MSK
- Untracked phase noise simulated by correlated Gaussian process
- Bit sync/clock jitter simulated by correlated Gaussian process
- BER obtained simultaneously as a function of sampling epoch (up to 30) on both

channels
- Sampling threshold error (dc offset) can be specified independently for two channels

in quadrature system
- Data filters

Integrate and Dump (I&D)
Cascade of specified combination of Butterworth, Cbebysbev, and Bessel filters
Specified transfer function in Nyquist family

- Equalization
Preset tapped delay line (TDL) equalizer (transfer function compensation)
Adaptive TDL equalizer (zero-forcing)



- BER estimation
Classical (error-counting); binomial distribution
Generalized extreme-value statistics; Gumbel-Weinstein distribution
Analytical method - assumption of given noise (Gaussian) statistics at receiver
output

• Receiver (CPFSK)
- Correlation receiver
- Specifiable memory (up to 6 symbols)
- Phase estimation produced by joint carrier tracking and symbol timing decision

feedback loop, or
- Sets of reference phase and sampling epach can be input independently.

Virtually all of the items in the preceding list require conscious choices in terms of
modeling, with corresponding tradeoffs between accuracy and computational cost. The
modeling aspects for many of these items were briefly addressed previously in (2). In the
remainder of this paper we will continue the discussion of modeling considerations,
concentrating on two particular aspects: uplink noise and phase tracking in the receiver.

MONTE CARLO VS ANALYTICAL SIMULATION

Perhaps the most common approach to simulation thus far, as evidenced by the literature,
has been what we shall refer to as “analytical simulation” because it does not involve the
generation, per se, of random processes. Typically this approach consists of the
transmission of a fixed (relatively short) sequence through a noiseless system, thus
obtaining a set of sampled amplitudes for a given sampling epoch. Each sample becomes
the mean of a normal distribution, the rms value of which is normalized as if all of the
noise were input to the ground receiver. One thus obtains an error probability per sample,
and the average of these sample error probabilities constitutes an estimate of the system bit
error rate. The major drawback of this method is that it does not simulate the passage of
thermal noise through the uplink nonlinearity. A secondary disadvantage is also that there
is a certain degree of approximation involved in using a given short symbol sequence
rather than a random source. Of course, one is not limited to using short sequences in this
approach but its great usefulness, namely speed, would then be compromised. And if one
used rather long sequences, perhaps it would then be as well to simulate uplink noise as
well. Another associated limitation of the analytical simulation method is that it inhibits the
simulation of other random processes of interest in a system, namely phase noise and clock
(bit sync) jitter; these processes are even more demanding in terms of sequence length
because they are usually slow relative to the symbol rate.



Generally speaking, the effect of the uplink nonlinearity (typically a TWT) on the signal-
plus-noise is such as to degrade performance relative to a noiseless uplink. Neglecting
uplink noise is frequently justified by the argument that, commonly, the uplink carrier-to-
noise ratio (CNR) is significantly stronger than the downlink CNR. This argument, of
course, does not usually hold for relay-type systems (such as TDRS). However, even for
conventional systems, the effect of uplink noise is likely to be considerably more
significant than might generally be supposed. An inkling to this has been provided by
Lyons (9) who considered a somewhat idealized situation, in which the major impairment
source was a hard-limiter in the satellite. For a QPSK signal, it was shown (9) that rather
substantial degradation occurred even for what would be considered relatively high uplink
CNR. (As an example, with uplink Es/No = 19 dB, an additional 1.8 dB of downlink Es/No

is needed to maintain 10-5 error probability).

The simulation discussed here, as indicated in the preceding section, has the capability of
being either of the “analytical” or Monte Carlo (MC) type. The former we refer to as
“quick-look” (QL) because it can be used precisely for that sort of thing - a rapid
investigation of perhaps several competing alternatives to yield a ranking and some
measure of relative goodness. However, for actual (absolute) BER prediction, we have
found the QL approach to be unreliable, i.e., relatively inaccurate. That is not to say that in
particular instances the QL and MC methods will not yield relatively close answers, at
least over some BER range. But rather it is to say that the disparity between the two seems
closely tied to the particulars of the case, and (apparently) the extent of it is not amenable
to formulation in any generally usable way (other than perhaps in a purely formal manner).

An example might be of interest here. Figure 2 shows two BER curves obtained from
Monte Carlo simulation of two QPSK systems, and the corresponding curves using the
analytical method. In the Monte Carlo cases, uplink and downlink CNR were set equal to
one another. In the analytical cases 31-bit maximum-length sequences were used. The
same cases repeated with 63-bit and 127-bit sequences showed differences of only a few
tenths of a dB. However, randomly-chosen sequences of the same length indicated
considerably larger variations. Figure 2 typifies the results we have observed to date, in
this sense; that the larger the degradation in a system, as measured by the Monte Carlo
curve, the more optimistic the analytical method tends to be. If any general conclusion can
be drawn regarding the comparison between the two approaches, it is embodied in the
latter observation.

PHASE TRACKING IN THE SIMULATION

An issue of some importance in the simulation of systems such as we are considering
concerns the treatment of the carrier phase tracking function of the receiver. One common
approach in analytical simulations avoids explicit simulation of the tracking loop, per se,



but simply assumes (for example) a set of angles for the demodulator reference axes. One
can thus obtain the BER as a function of phase error and determine the lowest BER, or
further average the former function over an assumed phase error distribution.

If a specific loop structure is intended for use in a particular system, then an accurate
assessment of its performance requires explicit representation of that loop. One way to
approach this type of situation has been discussed by Palmer and Lebowitz (4).

In many cases one may not be interested in simulating a particular structure (indeed, in the
preliminary design stages this level of detail may not be known), but rather in accounting
for the effect of a more or less typical loop. Toward this end we have used for some time a
block phase estimator, which may be regarded as a legitmate phase estimating structure in
its own right, or as an approximation to the more common continuous-time loops. A great
advantage of a block estimator, of course, is that it requires observation of the signal only
over a fixed, finite interval. This property complements rather nicely what is ultimately a
limitation in any simulation, namely the fact that one can only generate a finite segment of
signal, due to computational constraints. In the Monte Carlo simulation, for example, a
long sequence of symbols is actually processed as a series of sub-sequences, or blocks,
that we refer to as passes. A pass may typically be on the order of a few hundred bits. The
estimate of carrier phase derived from the signal in any given pass is used to demodulate
that entire pass.

The next question of interest is, what is a proper or reasonable algorithm to use for the
block estimator. To provide some perspective on this question consider an arbitrary
modulated signal

(1)
which is transmitted through a system. At the receiver input, we suppose the waveform can
be written as

(2)

where n (t) is the receiver noise, d (t) and *(t) are system induced distortions, and 2o is an
arbitrary unknown phase. We wish to produce a carrier reference, cos [To t + N] , where N
the “phase estimate” is such as to produce reasonably good performance in some sense.

In the special case of an ideal channel with noise only at the receiver (i.e., the white
Gaussian noise (WGN) channel ), Richer (10) has derived the optimum (maximum
likelihood) block estimator for quadrature signaling for a class of pulse shaping that
includes QPSK, offset QPSK, and MSK. Hence, in terms of equation (2), d (t) = 1, 



* (t) = 0. For example, as a reference point, for QPSK signaling it can be shown (10) that
the low signal-to-noise approximation to the maximum-likelihood equation is

(3)

where rk is the kth sample of the received signal r(t); the latter is sampled once per symbol
and there are M symbols in the block. Implicit in the derivation of (3) is that symbol timing
is known. The unrestricted ML solution for N is one that satisfies a transcendental
equation, and is therefore not convenient for simulation purposes.

Although (3) is suggestive of the quadrupling methods of carrier recovery commonly used
for QPSK signals, in fact the conditions under which (3) was derived do not generally
apply in practical systems. In particular, the systems that we are usually interested in
simulating, as typified by Figure 1, not only introduce significant distortion but contain
nonlinearities as well. Indeed, the very representation (2) is no longer strictly valid. Also,
in most practical systems, symbol timing is a function performed separately from that of
carrier recovery. In fact, theoretical considerations aside, it is just such “practical systems”
toward which our simulation is oriented. Hence, in developing a phase-tracking model, we
have been motivated more by existing, commonly-used methods, than by a search for
optimal structures.

To illustrate our approach, assume now that we are dealing with a QPSK signal. Our
algorithm is motivated by (though not an exact replica of) one of the more common means
of effecting carrier recovery in practical QPSK systems, namely the “times-four” or
quadrupling loop. Now, in the simulation the waveform at the receiver input is a single
bandpass entity, including distortion and noise, and can be written as

(4)

where 2(t) is the ideal transmitted phase, in the set                           . In analogy with
practical loops we postulate that a reasonable criterion for a phase-tracking structure is the
evaluation of the average carrier phase error, defined as

where T is the observation (block) interval. Of course, in the simulation (as in practice) the
phase cannot be decomposed into its various parts, as in (4), hence what is really available
can be written in the form



(5)

The algorithm that determines N is based on the computation of the nth differential phase
error,         which is given by

(6)

where )t is the sampling interval, N is the total number of samples in the pass (typically
1024), and the notation mod (2B,B) means reduction modulo 2B until the remainder is less
than B in absolute value. The index n is user-controlled and represents the nth iteration in
the phase estimating process. If this process is terminated after K iterations, the estimate of
phase returned is

(7)

It is desirable, of course, for RK = 0, for then the estimate has converged. In practice we
have generally found K = 5 to satisfy this condition.

Some elaboration on the meaning of (6) and its operations may be useful. To begin with it
is clear that a quadrupling of the phase (4R(i)t)) is involved, as in the corresponding
continuous loop. If in fact we had an undistorted QPSK signal (equal length phasors
nominally at 0, ±B/2,B) rotated only by a fixed angle 2o, it would be possible to estimate
2o exactly with a single iteration. However, distortion in the phase waveform, plus noise,
in the actual system, will introduce asymmetries which will bias the estimation and thus
require an iterative procedure to converge. The cumulative estimate,         , is subtracted
from the phase before each new iteration, and of course this is what creates the condition
for convergence. The mod (2B,B) is an operation that ensures that the phase error is
computed correctly for all phase states. For example, if 2(t) = B and 2o = -5, we have (¼)
[4(180-5) mod (2B,B)] = -5, whereas (¼) [4(180-5) mod 2B] = 85.

As was said earlier, we can consider the algorithm just discussed as an estimator in its own
right, or as a certain type of approximation of a quadrupling loop. Viewed in the latter
perspective, the algorithm makes certain assumptions. First, it is clear that the carrier
frequency is assumed known. Second, the treatment of the phase alone implies the
presence of a limiter. Finally, instead of a loop filter we have a true averager. The memory
(bandwidth) of the averager depends on the block length; in principle this can be made as
long as desired, though practical computational constraints generally impose a limit of a
few hundred symbols. This may or may not reproduce the bandwidth of an actual loop



filter that might be considered for a particular application, depending on the specifics of
the case.

In this regard one may note that the bandwidth of an actual loop is usually much smaller
than the data rate, hence there can be large local variations between N and , (t). The
ability to easily vary the memory of a block estimator may be a useful tool in finding the
optimum loop bandwdith from the point of view of minimizing these variations.

The previous discussion has illustrated our philosophy regarding the use of block phase
estimators. Of course, different algorithms may be appropriate in different circumstances.
An interesting aside arises in this context. An examination was made of the suitability of
(6) to other modulating schemes, in particular MSK. It can be shown that for an
undistorted MSK signal, subjected only to a constant carrier phase shift, this algorithm
always yields zero phase estimate. But in a practical system with distortion, a reasonably
good estimate of the average phase error is consistently provided. This indicates that the
behavior of phase tracking structures derived under a certain set of assumptions may
change appreciably when used under a different set of conditions.

CONCLUSIONS

The simulation of digital links requires many decisions regarding the modeling of the
processes and devices involved. In many cases, explicit simulation of uplink noise is
avoided, an approach which results in great computational speed, but also in a loss of
accuracy. As illustrated earlier, the error involved can be significant in some
circumstances. This conclusion has also been corroborated by experimental evidence.
Another aspect of modeling discussed concerns the representation of the phase tracking
process. We have indicated an approach, using block phase estimators, which we consider
to be a reasonable compromise between the omission of such estimation and the
computationally costly simulation of actual loops.
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FIGURE 1.  BLOCK DIAGRAM OF SIMULATION

FIGURE 2.  EXAMPLE COMPARISONS OF ANALYTICAL AND MONTE
CARLO SIMULATION RESULTS

 


