
Performance of Bandlimited and Hardlimited PSK Signals

Item Type text; Proceedings

Authors Rey, R. D.

Publisher International Foundation for Telemetering

Journal International Telemetering Conference Proceedings

Rights Copyright © International Foundation for Telemetering

Download date 19/05/2023 15:27:24

Link to Item http://hdl.handle.net/10150/609793

http://hdl.handle.net/10150/609793


Mr. Rey is with TRW Defense and Space Systems Group, Redondo Beach, California

PERFORMANCE OF BANDLIMITED AND HARDLIMITED
PSK SIGNALS

R. D. REY

Summary. - Transmission of a signal through a channel, such as a satellite communication
channel, results in distortion of the signal due to bandlimiting in the individual channels
and hardlimiting. The purpose of this paper is to study the effects that channel distortion
due to filtering and hardlimiting have on the performance of BPSK and QPSK. The results
will be used to determine the maximum bit rate which can be transmitted through a channel
having a particular bandwidth with a specified limit in degradation of performance.

Introduction. - Shown in Figure 1 is the block diagram of the system being studied. A
2-phase or 4-phase signal is transmitted through the channel as shown and is coherently
detected at the detector. Transmission of a signal through a bandpass filter results in
amplitude distortion, phase distortion, and group delay. Each pulse is smeared into the
preceding and following pulse (or pulses for narrow bandwidths). The hardlimiter operates
on the amplitude of the distorted signal producing a signal with an absolute value that is
constant but whose duration at any one phase varies depending on the preceding and
following pulses. Thus, the integration start time and integration time which will yield
minimum degradation must be determined.

The study is based on a computer simulation which performs the following operations:

1.  The amplitude spectrum of a single square pulse of duration T is generated and then
transformed with a Chebychev filter having a particular number of poles, a specified
ripple, and bandwidth W.

2.  The amplitude spectrum at the output of the filter is inversely Fourier transformed
resulting in a single distorted pulse.

3.  The single pulse is advanced and delayed in time and given the appropriate phase
resulting in a set of pulse sequences exhausting all possible cases for the chosen number of
pulses in a sequence.



4.  Each sequence is passed through the nonlinearity and a vector representing the pulse to
be detected is determined by integrating the real and imaginary components of the pulse
using different starting points in time and integration times.

5.  A reference is determined from the set of received signal vectors and the probability of
a bit error is found for various signal-to-noise ratios, integration start time and integration
time; i.e., delay and aperture.

6.  The probability of bit error is plotted versus signal-to-noise ratio for various delays and
aperture in the region of the best values determined above.

Thus, in general, the simulation yields probability of error curves for a particular filter and
nonlinearity given either 2-phase antipodal modulation or 4-phase biorthogonal
modulation.

Distortion of the Signal Vectors. - A signal having energy E, to be transmitted through a
channel and detected at a receiver, can he represented as a vector in a signal space as
shown in Figure 2.2 Both the 2-phase and 4-phase cases can be studied since the distortion
to a single vector in either case is the same. The approach for each case are identical in
procedure. They differ only in the configuration of decision regions and in the number of
cases required when a fixed number of signals in a sequence is specified.

The number of signals in a sequence is chosen so that each signal around the signal being
detected causes interference with it. For the filter bandwidths to be studied, the filtered
pulse decreases sufficiently rapidly that only a sequence of three signals is studied. This
results in cases as shown in Table I. The vector being detected is represented by one of the
vectors in the signal space and the signals leading and trailing it are varied until all possible
sequences are exhausted. Note also that only detection of one of the possible vectors need
be studied since the signal space is symmetrical and distortion to a vector transmitted
through a filter is indepencent of its phase, thus studying the effect of distortion on a single
vector in a sequence exhausts all cases.

One vector, represented by its time samples, is transformed through the filter. It is then
delayed and advanced and given a corresponding phase shift depending on the case. For
the 4-phase case considering the required method of detection of the binary digits, the
pulse to be detected is first given a 45E shift and all other vectors are given an additional
multiple of 90E shift. The signals are then summed producing a sequence of three signal
vectors. Each component of the sequence is divided by its absolute value which
corresponds to passing the signals through a hard limiter. The inphase and quadrature
components of the signal to be detected are integrated for various delays and apertures. 



* Strictly speaking, this computation assumes either correct reception of each signal in a decision-
directed process or deriving the reference from signals of known phase (gated reference).

The procedure is performed for each case. Thus, for each aperture and delay a received
vector is defined corresponding to a particular case.

Table I.  Signal Sequence Cases

Figure 3 illustrates the locations of the received vectors of each sequence case for 2-phase
signals and a particular delay and aperture. These vectors represent all possible received
vectors, thus summing these vectors will generate the reference angle equivalent to a
reference generated by averaging over a large number of received signals in noise.*

Using the generated reference the decision regions can be defined. For the 2-phase case
the receiver reference is equal to the transmitted reference shifted by the average phase
shift of the received vectors. The 4-phase case shifts the transmitted reference by the



measured angle minus 45E. The probability of error for each sequence can be found for a
given noise variance. The average probability of error is then the average of the probability
of error for each sequence. The average probability is calculated as follows.2

Let

(1)

and also define

No = single sided density of Gaussian noise

di = the distance on the inphase reference axis to the
vertical decision line for the ith vector

8
di = the distance on the quadrature axis to the vertical

decision line for the ith vector

Then, for the 2-phase case the average probability of error is

(2)

where                                              (3)

or                                               (4)

The average probability of a character error for the 4-phase case is

(5)



and assuming gray coding 3 the average probability of a bit error is

(6)

where

(7)

or

(8)

and similarly

(9)

or

(10)

The negative distance can occur for poor choices of the integration start time and
integration time for certain sequence cases.

Using these equations P̄E can be determined for various delays and apertures. The delay
and aperture which minimizes P̄E are chosen and values of P̄E versus signal-to-noise ratio
can then be calculated.

Sampling of the Signal and its Amplitude Spectrum - The signal which is transmitted
through the channel and its amplitude spectrum can be represented by complex discrete
samples.4 Figure 4 shows the placement of samples on an axis equivalent to placement in
an array. In the array there are N points,



N = WsTs (11)
where

Ws = frequency axis range

Ts = time axis range

The number of samples in a pulse duration T is,

(12)

and the number of samples between zero crossings of the amplitude spectrum is

(13)

There should be 40 samples between zero crossings of the signal spectrum. This is
approximately the number of samples that would be required to study the effect of a four
pole Chebychev filter with a bandwidth as narrow as W = .25/T or an eight pole filter as
wide as .5 T. The signal of duration T should contain approximately 20 samples The
particular FFT algorithm used required N to be a power of 2. Thus, if the total number of
samples, N, is chosen to be 512, then

and

Thus, there are 512 time samples with 25 samples within the signal duration T. Note also
that the frequency axis range Ws is,

The image spectrum of the periodic Fourier transform are separated by 25 lobes of the
amplitude spectrum, thus, virtually eliminating any aliasing effects for normal spectrums.

Signal Transformations and Generations of the Signal Vectors from the Signal
Samples. - The single pulse is sampled as shown in Figure 4 and has an amplitude
spectrum which is shown in Figure 4. The pulse is chosen to have only real components 



and is positioned on the time axis so that its amplitude spectrum is real. The time samples
can be represented by a vector.

(14)

where

vi = 1, for 1 # i # nt /2 and N - nt /2 # i # N
= 0 elsewhere

The samples of the amplitude spectrum of the pulse can be represented by a vector

(15)

For the calculations performed, the vector was loaded as follows:

(16)

and

(17)



The transform of the Chebychev filter placed in vector form is,

(18)

where

(19)

and

(20)

with
W = single sided bandwidth of the Chebychev filter

= "/T

" = the time bandwidth product

fc = carrier frequency

T = 

and the values,

Fv,Tv  = describe the pole locations of a low pass Chebychev
filter with a bandwidth of one

The equation for X transforms the low pass filter to a bandpass filter, at center frequency
fc, with bandwidth 2W.



The amplitude spectrum is then transformed with the filter transfer function and inversely
Fourier transformed using a Fast Fourier Transform algorithm resulting in a time sample at
the filter output

(21)

The vector is rearranged to facilitate computations by placing the pulse in the center of the
vector,

(22)

The vector V(2) contains the single distorted pulse from which the sequence cases are
generated.



For the two phase case the sequences are found as follows for the four cases:

(23)

(24)

The sequence of pulses for the 4-phase case are formed as follows for the sixteen cases,

(25)

Where I = M + 4 (n-1)



The vectors are then hard limited by normalizing the absolute value of each of the vector
components resulting in the received signal

(26)

The projected components of the received vector from the decision region are

(27)

and

                                   (28)

where
)  = the integration delay
Ta = the integration time

The reference at the receiver is generated by averaging the received vectors for all the
cases

(29)



(30)

then,
                                     (31)

For the 2-phase case the phase shift is

(32)

and for the 4-phase case it is

(33)

Thus, the distances along the receiver reference axii are,

(34)

and

(35)

The received distance can be calculated for different values of delay ) and integration time
Ta until the values which yield the minimum probability of error are found. The values can
then be used to calculate PE versus Es/No.

Results. - The model discussed above was programmed to produce results in plotted form.
The results to be presented in this section will demonstrate the procedure discussed above
and the capabilities of the approach.

The single pulse of duration T is transformed through a 4 pole 1 db Chebychev filter with
bandwidth W. For the results discussed below the amplitude spectrum of the pulse is
located in the center of the filter with T = 50 nanoseconds and fc = 8000 MHz. The pulse
at the output of the filter is shown in Figure 5 for WT = 1 and .5. The single pulse
illustrates the linear distortion effect. The dashed line represents the shape and position of
the original pulse and is centered at time/T = 2.50. The power in the pulse produced by
WT = 1 is delayed by about .6T and is distributed through 2T. Thus, the 3 pulse sequence
for WT = 1 is delayed by about .6T and is distributed through 2T. Thus, the 3 pulse
sequence for WT = 1 will produce very accurate results. The pulse produced by WT = .5



has a large part of its power delayed by 1.3T and is distributed over 3T but has less than
1% of its power distributed outside the 2T region. Thus, the three pulse sequence will yield
accurate results.

Figure 6 presents plots of probability of error versus delay for various apertures
(integration times) with WT = 1 and WT = .5. These plots were used to select the best
delay and aperture. For WT = 1 a delay of .6T and an aperture of T produced the best
results. When WT was reduced to .5, the best results were achieved when the delay
equaled 1.3T with an aperture equal to .9T.

Using these aperture values, probability of error was plotted versus signal-to-noise ratio
for three delays. The results are shown in Figure 7. With WT = 1 and 10-5 probability of
error there exists a .5 db degradation from the ideal coherent curve. When WT = .5, the
degradation is 1.1 db at the same error rate. Thus, the loss in reducing the time bandwidth
product results in a loss of .6 db.

A similar procedure was followed for the 4-phase modulation case. To demonstrate the
phase shift of the vector for the 4-phase case a single pulse, before limiting, was plotted
and is shown in Figure 9. The signal is the same signal as shown in Figure 8 for WT = 1
only phase shifted 45E. For the particular WT product being studied the signal was
advanced and delayed with the appropriate phases respectively and added into the single
pulse being studied to form the 16 sequence cases.

The sixteen cases were then passed through the hard limiter to form the received
sequences. The center signal was integrated for various delays and apertures. Figure 9
presents the resulting plots. Examination of Figure 9 results in a best delay of .6T and and
aperture of T for WT = 1 and a best delay of 1.3T and aperture of .9T for WT = .5.

Using these values PE for the 4-phase case versus signal-to-noise ratio was plotted for both
WT = 1 and .5. The plots are presented in Figure 10. The solid lines represent the
probability of a character error and were calculated with the method described above using
Equation (5). The dashed lines represent probability of bit error and were placed on the
plot by using Equations (5) and (6) with the assumption that for small PE the pi and/or p̂i

would also be small. The term of Equation (5) pi p̂i is then negligible compared to pi + p̂i.
Thus, the probability of a bit error is half that of the probability of a character error. The
assumption was verified by calculating the probability of a bit error for selected signal-to-
noise ratios with WT = .5.

The plot shows that for WT = 1, there is a 1 db degradation from ideal at an error rate of
10-5 and with WT = .5 the degradation is approximately 2 db at the same error rate. Above
it was seen that (Figure 7) for the 2-phase case degradations were .5 db and 1.1 db



respectively. Thus, the 4-phase case is more sensitive to distortion of the signal vector than
is the 2-phase. The greater sensitivity of the 4-phase case to distortion of the signal vectors
is due to the smaller decision regions which must be used for detection.

By comparing the probability of bit error curves of Figures 7 and 10 after adjusting the
signal-to-noise ratio to Eb /No (Eb = E for the 2-phase case and Eb = E/2 for the 4-phase
case) it is seen that 2-phase modulation outperforms 4-phase modulation when Eb/No is
fixed. With WT = 1 and an error rate of 10-5 the 2-phase case is now superior by .6 db.
Since, as discussed above, the 2-phase case is less sensitive to distortion than the 4-phase
case it outperforms the 4-phase case even more when WT = .5. With an error rate of 10-5

the 2-phase case is now superior by 1 db. In a practical sense, a more meaningful
comparison of Eb /No performance of 2-phase versus 4-phase modulation is to assume
equal data rates and filter bandwidth. A representative comparison of this kind can be
made by studying the 2-phase curves of Figure 8 with WT = .5 and the 4-phase curves of
Figure 10 with WT = 1. For an error rate of 10-5 the performance of 4-phase and 2-phase
modulation is essentially equal with Eb /No = 10.6 db for both. At error rates lower than
10-5 the 4-phase modulation begins to outperform the 2-phase. For higher error rates where
error correction coding is applicable, 2-phase modulation is superior. As an example, at an
error rate of 1% (10-2) the Eb/No required for 2-phase is 5.1 db against 5.8 db required. for
4-phase.

Extensions. - The program written to yield the results presented above can be extended to
study the following cases:

1.  Transmission of a rectangular bandlimited or filtered signal through an unsymmetrical
portion of a channel particularly the edge of the channel. In this case the received signal
will be phase shifted due to the quadrature component requiring the receiver to estimate its
phase.

2.  Transmission of the signal through a soft limiter with different slopes for its linear
region or a general nonlinearity described by piecewise linearities. Also, nonlinearities can
be removed to study the performance of a linear channel.

3.  Narrower WT products can be studied which would require more signals in a sequence. 

Results from the above extensions can be used to specify channel parameters which yield
acceptable system performance.
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Figure 1.  System Model

Figure 2.  Signal Space for 2-Phase Antipodal and
4-Phase Biorthogonal Signals



Figure 3.  Received Vectors with Receiver Generated
Reference (2-Phase Case)

Figure 4.  Placement of Signal Samples for Fourier
Transformations Using the FFT Aglorithms



Figure 5.  Output Pulses of the Chebychev Filter for WT = 1.0 and 0.5



Figure 6. Illustration of the Four Cases for the Three Pulse Sequences with WT = 1.0 for the Upper Plots
and WT = 0.5 for the Lower Plots



Figure 7.  PE Versus E/No Figure 8.  Single Pulse for the 4-Phase Case with WT = 1



Figure 9.  PE Versus Delay for Various Apertures (4-Phase Modulation)



Figure 10.  PE Versus E/No (4-Phase Modulation)


