
NONCOHERENT SAMPLING TECHNIQUE FOR
COMMUNICATIONS PARAMETER ESTIMATIONS

Item Type text; Proceedings

Authors Su, Yu T.; Choi, Hyung J.

Publisher International Foundation for Telemetering

Journal International Telemetering Conference Proceedings

Rights Copyright © International Foundation for Telemetering

Download date 19/05/2023 15:27:35

Link to Item http://hdl.handle.net/10150/615709

http://hdl.handle.net/10150/615709


* This work was supported by the NASA Goddard Space Flight Center under contract No.
NAS 5-28158

NONCOHERENT SAMPLING TECHNIQUE FOR
COMMUNICATIONS PARAMETER ESTIMATIONS*

Yu T. Su
Hyung J. Choi

LinCom Corporation
P.O. Box 15897

Los Angeles, CA 90015
(213) 381-3701

ABSTRACT

This paper presents a method of noncoherent demodulation of the PSK signal for
signal distortion analysis at the RF interface. The received RF signal is downconverted and
noncoherently sampled for further off-line processing. Any mismatch in phase and
frequency is then compensated for by the software using the estimation techniques to
extract the baseband waveform, which is needed in measuring various signal parameters.
In this way, various kinds of modulated signals can be treated uniformly, independent of
modulation format, and additional distortions introduced by the receiver or the hardware
measurement instruments can thus be eliminated. Quantization errors incurred by digital
sampling and ensuing software manipulations are analyzed and related numerical results
are presented also.

1.  Introduction

Communication signals at the output of the transmitters usually are subject to various
kinds of distortions and imperfections, such as carrier phase noise, data bit jitter, incidental
AM on the carrier, data rise time, data asymmetry, filtering distortions, to name a few
[1],[2]. In contrast to the traditional approach of defining and measuring these parameters
at various points inside the transmitter, we define them at the RF interface of the
transmitter [6] for improved system performance specification. In most cases, these
parameters are present in the signal in a mixed form and measuring all the parameters of
interest involves an almost inhibitive amount of work. Traditionally, the experimental setup
usually had to do with measuring a single parameter by using the various hardware test



equipments. This measurement scheme however has two basic limitations:  first the
hardware technique is subject to bias and random error and needs recalibration every time
the experimental measurement is taken; secondly, the complete hardware equipment setup
has to be redesigned to measure another parameter.

The noncoherent demodulation scheme we propose [6] goes through the following
processing steps:  first, the received PSK signal is downconverted by a highly stable local
VCO whose frequency is tuned close to the incoming carrier frequency but is in no way
coherent to the incoming carrier. This signal is then sampled by a high speed sampler and
then A/D converted to be stored in a memory for off-line processing. The stored data is
later processed by the software to eliminate any noncoherent mismatch and recover the
baseband waveform. Finally, recovered baseband waveform is further processed by
software for parameter distortion measurements.

This method has several apparent advantages over the hardware counterpart. For
instance, by noncoherent sampling, any further signal distortion due to the demodulator
can be avoided. The coherent demodulator, being a feedback system, can eliminate some
signal distortions such as the phase noise by tracking it. From distortion measurement’s
viewpoint, this phase tracking property is clearly not desirable. Furthermore, the
noncoherent demodulation, unlike conventional coherent schemes, can handle a variety of
PSK demodulation schemes--BPSK, QPSK, UQPSK, etc.--uniformly without any
hardware change. With noncoherent sampling technique, the only additional load is given
to the software which can be made to take care of diverse modulation formats.

Apart from the distortion measurement itself, the most crucial step in this proposed
scheme is the algorithm to eliminate the noncoherency from the stored data sequence. In
this paper, we present analysis on the noncoherency cancellation algorithm only. Signal
distortion measurement is addressed in a separate paper [6]. In Section 2, we describe and
analyze the demodulation procedure. In Section 3, a rigorous error analysis is presented
with numerical results for hands-on application of the method. Finally, in Section 4, a
general discussion is given and a summary is presented.

2.  Noncoherent Sampling and Baseband Waveform Restoration

2.1  Analytical Model and Problem Statement

Consider the RF signal to be transmitted, assuming a general QPSK modulation,

((t) = A(t)cos( Tct+2(t)+20) (1)



where A(t) is the signal amplitude, 2(t) is the data modulation in terms of phase variation,
and 20 is a fixed phase offset. The baseband information I(t) and Q(t) is related to A(t) and
2(t) via

I(t) = A(t)cos 2(t)

Q(t) = A(t)sin 2(t)

Our goal is to restore the baseband waveforms, I(t) and Q(t), as accurate as possible
so as to estimate various distortion parameters pertaining to them.

2.2  Noncoherent Sampling

Noncoherent sampling is referred to as the operation illustrated in Fig. 1. Note that
carrier and phase tracking are not sought here, nor is bit timing. Hence the downconverted
I and Q channel outputs are

(I(t) = A(t)cos()Tt+2(t)+20) (2)

(Q(t) = A(t)sin ()Tt+2(t)+20) (3)

,where )T is the frequency error between incoming carrier, and local oscillator and the
samples taken at t = tk are

(4)

(5)

2.3  Baseband Waveform Recovery

2.3.1  The Recovery Procedure

We outline the overall procedure first; each step will be detailed subsequently.

The baseband recovery is accomplished with the following operation sequence:
(1)  Envelope recovery
(2)  Frequency error estimation
(3)  Phase estimation
(4)  Baseband recovery using (1) to (3).

We shall start our discussions with the envelope and phase recovery.



2.3.2  Envelope and Phase Recovery

The envelope or amplitude information at tk is most easily attained by

(6)

Given A
ˆ

k, it is straightforward to obtain Mk by the formula

(7)

In general , the phase information, Mk, recovered via (7) can be represented by

(8)

where
2k is the sampled data modulation (PSK), 2k = 2(tk, and
,k is the noise caused by sampling and quantization.
Fig. 2a shows a typical trajectory of Mk for the case where )T << sampling

frequency, zero dB gain imbalance and QPSK.

Note that without data modulation and mod 2B problem, the frequency error estimator 
)T can be found by the so-called linear least mean square estimation (LLMSE), i.e., by
finding a straight line

(9a)

such that

(9b)

is minimized.  The solution to (9) is well-known [3] and is equivalent to the solution of the
simultaneous linear equations:

(10)

(11)



which, in case of equal sampling intervals, is

(12)

and

(13)

2.3.3  Data Transition Detection and Modulation Cancellation

It is clear from (8) and Fig. 2 that the data phase modulation 2k, must be removed
from Mk in order to apply LLMSE. For a correct removal of 2k a detection rule for locating
the starting and stopping samples of a data transition period must be found first. Such a
detector is not difficult to set up, thanks to the following observations:

(01) The data transiton period (DTP) are marked with both large phase variations
and large amplitude variations.

(02) A ±(2B±,) phase jump, , << B/2, is most likely due to the mod 2B nature of
the Mk process unless *)Tt1* . B/2 or larger, which is most unlikely. Even for
this latter case, we observe that

(03) A ±(2B±,) phase jump due to the mod 2B process can cause large phase
variation only. Besides, it takes no transiton time for such a jump, and

(04) A false detection can be avoided if the a priori information about modulation
format is provided; e.g., for a balanced QPSK signal any data transition must
lie in the neighborhood of B/2 and almost certainly will be larger than B/4.

Hence, our decision rule is:
(D1) Compute the first forward differences of I and Q channel samples and

recovered phases, i.e., )(I,k = (I,k+1 !(I,k,  )(Q,k = (0,k+1 ! (0,k and )Nk =
Mk+1!Mk.

(D2)  If )(     min(*(I,k*,*)(Q,k*) > ( then a non-steady state is declared, otherwise
the samples waveform is in a steady state (no data transition).

(D3) Whenever there is a return to steady state (SS) the total phase transition, EM,
from the end of previous SS to the start of the present SS is evaluated by
accumulating )Mk during this period. If EM < (N,, where (N is to be
determined by the data modulation format, then false transition is declared.



Data modulation is thus removed (modulation cancellation) by deleting all Mk that lie
within those ‘true’ transition periods and connecting the remaining ones via (see Fig. 2b)

(14)

where      is the recovered phase at the end of, say kth, SS period and         is the phase
difference between the first and the second phases of the (k+1)th SS period.

2.3.4  Frequency Offset Estimation and Baseband Waveform Restoration

After data transition detection and modulation cancellation, we can apply the LLMSE
rule (12) and (13) to the modified phases      to obtain the estimations of frequency and
initial phase offsets. The mean square error for the frequency offset estimate is found to be

(15)

where F2
, is the mean square error of ,k and M is the number of modified phases used.

Without loss of generality, balanced QPSK signaling is assumed for the rest of the
subsection. The initial phase offset estimate will be modified as follows.

The above procedure may produce four ambiguities in the interval (0,2B]. This will not be
our concern since we are interested in relative, instead of absolute, phase between I(t) and
Q(t).

The beginning samples will be deleted in case they lie within a data transition period.
Hence we shall assume, without loss of generality, that the first useful sample is M1. The
baseband waveform {I(tk),Q(tk)} can now be recovered by use of



It is worthwhile noting that in the event of BPSK signaling, there is no necessity for going
through steps (2) and (3) of the baseband recovery procedure. In fact, the baseband
waveform of a BPSK signal, say B(t), can be easily recovered via

B(tk) = rI (tk)/cos Mk

where Mk is defined by (7).

3.  Error Analysis for Recovered Baseband Waveform

3.1  Background

F2
, of (15) represents the mean square error which, in most cases, is dominated by

sampling error on the part of the receiver. In digitizing the received waveform, three types
of error may be incurred, namely, quantization error, aperture error and nonlinearity error
[4].

The aperture error is caused by nonzero conversion time, i.e., the time delay needed
for sampling and processing, and by aperture time uncertainty. If we denote the analog-to-
digital converter (ADC) input and output by y(t) and y'(t), then [5]

(16)

where * is the conversion t me and , is the aperture time uncertainty jitter. Usually, there
is a tradeoff between * and ,: the larger * is the smaller , is. In general, the
downconverted I and Q channel signals are low frequency sinewaves and the aperture
uncertainty can be made small (. 10 ps.) enough so that the aperture error can be
neglected. The nonlinearity error is referred to the deviation of the voltage-to-code transfer
from its best linear fit, excluding the quantization effect. In most cases, the maximum
nonlinearity error must be less than ± 1/2 LSB and its mean square value is far less than
quantization error. Henceforth, we will concentrate our error analysis on the quantization
error.



3.2  Quantization Errors

In what follows we shall consider the baseline performance only, i.e., the minimum
quantization error we can expect to achieve. Assumptions for baseline performance are:

(1) The quantizer, Q(x), to be used is as that shown in Fig. 3.
(2) The samples in I and Q channels can be modeled as (4) and (5), where Ak is a

constant which can be measured perfectly so that (I,k and (Q,k will lie within
!Ak and +Ak with probability one.

(3) Mk is uniformly distributed in [0,2B).
(4) Further off-line floating point numerical processings introduce only negligible

errors.
Under these assumptions, the mean square quantization error (MSQE) for (I,k and (Q,k

is

(17)

where ( = (I,k or (Q,k, normalized with respect to Ak

Similarly, it can be shown that the normalized MSQE for recovered envelope is

(18)

and the recovered phase information, Mk renders a MSQE which can be evaluated via

(19)



As for the MSQE for recovered baseband, we find

(20)

 where 2
ˆ

0 is regarded as a constant instead of a random variable since its randomness has
been incorporated into that of Mk; see eq. (4) and (5).  Now that                             
because of the fact that )Ttk << 1 for all cases of interest, we can assume

By a change of variable, (20) becomes

hence

Using the same argument for a F2
Q , it can be shown

and

(21)

where
(22)

The first integration on the right hand side of (21) is equal to         while the second one
is proved to be equal to the last one by the change of variable 2 = 3B!x. Therefore,



(23)

Numerical results for various MSQE are shown in Fig. 4.

4.  Discussions and Summary

In an advanced satellite communication link which is typified by a limited EIRP
budget, signal quality is of prime importance to guarantee a pre-specified quality level.
Therefore, it is also imperative to have a hands-on signal distortion measurement system to
verify that the user transmitted RF signal satisfies a certain signal quality standards. As we
have discussed in the introduction, traditional hardware measurement poses several major
problems. Compared to that, the software method proposed is more economical, is subject
to less distortions and most of all, has the repeatability and the universal adaptability to
any signal formats.

As we have seen in the previous sections, nontrivial algorithms are necessary for
coherency restoration, which is the price we pay for eliminating various hardware
demodulators and equipments. Also, the algorithmic discussions and the error analysis
show that the coherency restoration by the software is indeed a practical technique that can
be applied to any digital signal modulation formats.

In view of the fact that high speed multiple digit resolution A/D converters are rapidly
expanding their reign, this digital sampling technique should be an economic alternative
against conventional hardware technology. For example, assuming that the current state-of-
the-art technology can handle sampling rate of up to 200 Msample/sec with 8 bit
resolution, this sampler can be used to extract baseband waveforms approximately up to
20 Msymbols/sec, assuming we need at least 10 samples/symbol for accuracy target of
less than 10% for most of the distortion parameters. The sampling hardware will be
advancing in a rapid pace so that a high data rate channel signals up to several tens of
megasymbols per second can be analyzed by using the noncoherent sampling technique we
presented in this paper.
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Figure 1.  Detailed I/Q Demodulation, A/D, and Recording Subsystem.



Figure 2A: A Typical Recovered Phase Trajectory
(only the first 5600 samples are shown here).

Figure 2B: Phase Trajectory Modified From Figure 2A By
Deleting Data Transition Periods



Figure 2C:  Recovered I-Channel Baseband Waveform

Figure 2D:  Recovered Q-Channel Baseband Waveform



Fig. 3  The Quantizer Q(x).

Figure 4.  Mean Square Quantization Errors.


