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Abstract—To demodulate the input signal, the receiver must align
its local radio frequency oscillator with the frequency and phase of
the received signal’s unmodulated carrier as well as align its sampling clock with the epochs of the underlying modulation process
embedded in the received signal. When the frequency offset of the
received signal is quite small phase locked loop (PLL) can be used
to drive the phase error to zero, however PLLs fail to operate
when the received signal has a significant frequency offset. Thus,
when a significant frequency offset does exist, it must be estimated
and removed prior to the PLL. Frequency locked loop (FLL) are
used to accomplish this task. The maximum likelihood frequency
estimator uses a frequency detector formed by a pair of band edge
(BE) filters. Oddly, there is remarkably little information in the
literature on the ability of the band edge filter to support the modulation timing acquisition. In this paper we show how the band
edge filter can support two synchronization tasks of carrier frequency acquisition and modulation timing acquisition. We present
a receiver architecture and demonstrate its ability to acquire carrier frequency and timing phase alignment without data aided observations.
Keywords: Band-Edge Filters; Non-Data Aided Carrier
Synchronization; Non-Data Aided Timing Synchronization;
Software Defined Radio

I. INTRODUCTION
The complex envelope of a signal formed at the transmitter of
a communication system is the sum of weighted time delayed
versions of known wave shapes g(t-nT). The weighting terms
a(n) are complex amplitudes often presented as the in-phase and
quadrature components of the sample points in a constellation
diagram. This complex baseband signal is up-converted by
quadrature mixers and delivered to the receiver through an attenuating channel. Amplifiers in the receiver apply the appropriate gain to cancel the channel attenuation and in doing so add
noise to the amplitude corrected version of the received signal.
The receiver also performs filtering to limit the bandwidth of
the added noise to approximately that of the signal bandwidth
and attempts to cancel the up-conversion operation at the
transmitter with an aligned down conversion operation. A frequency difference between the up-conversion and the downconversion operations results in a residual frequency offset be-

tween the received signal spectrum and the frequency response
of the filtering stage following the down conversion. Small frequency offset are observed as slowly spinning constellation
points at the filter output which can be de-spun in a subsequent
phase locked loop. It is the large frequency offsets that interest
us here. A large frequency offset results in significant and irreversible signal distortion as the filter rejects part of the input
signal bandwidth.
We seek a modified match filter (MF) that accommodates the
residual frequency offset of the down converted input signal. In
this paper we derive its design and include it in a digital receiver that performs non-data aided synchronization of carrier frequency and modulation timing.
The paper is organized in five main sections. In Section I we
introduce the topic of this paper. In Section II preliminaries on
BE filters are provided. More details on this topic can be found
in [1], [2]. In Section III we present the modified BE filter design which, in Section IV, is embedded in a receiver structure
for acquiring carrier frequency and modulation timing synchronization. Simulation results showing the efficacy of the proposed method are provided in the same section while the conclusions are given in Section V.
II.

PRELIMINARIES

As indicated in (1) the optimum processor of the received signal
maximizes the energy at the output of the matched filter or
correlator shown in (2). As shown in (3), to determine the peak
of the correlator output we take the derivative of the correlator
output with respect to the frequency offset  and set that derivative to zero. We form this derivative in (4) which unexpectedly
forms a time weighted version of the input signal. We choose to
associate the time weighting with the matched filter and we interpret its meaning in (5). In (5a) we note the matched filter
time-frequency pair gMF(t) and GMF(). In (5b) we recognize
the time weighting of the matched filter gMF(t) corresponds to
the frequency derivative of its spectrum G MF(). Finally in (5c)
we recognize and define the frequency derivative matched filter
GFMF().
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We interpret (3) and (5c) as directions to estimate and remove
the frequency offset of an input signal. We form the conjugate
product of the outputs of the matched filter with the frequency
matched filter and adjust the frequency correction in the direction that drives the real part of this product towards zero. This
frequency acquisition process implemented as a frequency
locked loop is shown in figure 1.
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Nyquist matched filter and of its frequency matched filter as
well as the spectrum expected from the output of the frequency
matched filter processing the frequency aligned input signal
shaped by the same shaping filter. Looking at the frequency response, we quickly understand why the frequency matched filter is often called a band edge filter. We note that the frequency
derivative filter of the matched filter has a non-zero response
limited to its transition bands. Since the transition shape of the
standards cosine tapered Nyquist is a quarter cycle of a cosine,
the sqrt Nyquist taper must be a quarter cycle of an offset cosine. The quarter cycle band edge shapes of the frequency
matched filter are discontinuous hence cannot be implemented.
Our approach to implement this filter is to continue the spectral
shapes past the discontinuity to form a half cycle of the spectral
cosine. This is shown in figure 3. Here we explicitly show the
width of the MF transition as /Tsym and that of the extended
half cycle of the MF as 2/Tsym. We also show the base banded
version of the band edge half cosine spectrum extended once
again to show the width of a single cycle as 4/Tsym. Matlab
script to generate the matched filter, the baseband half cosine
band edge filter and the frequency translated versions of the
band edge filters is provided in reference 6. Figure 4 presents
the spectra of the matched filter (blue line) and of the band edge
filters (red line) designed by the Matlab script file as well as
their spectral responses corresponding to frequency offsets of
the input signal spectrum. The figure clearly shows that the energy difference of the signals in the two band edge band edge
filters is proportional to the frequency offset.
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Figure 1. Frequency Locked Loop with Frequency Matched Filter and Direct
Digital Synthesizer.
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Figure 3. Spectra of Matched filter, of Extended Derivative Matched Filter and
of Baseband Version of Band Edge Filter.
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Figure 2. Spectra of SQRT Nyquist Matched Filter, Corresponding Frequency
Matched Filter, and Spectral Response of their Cascade.

Before we study the function performed in the FLL of figure 1
we should examine the frequency matched filter embedded
within it. Figure 2 presents the frequency responses of the sqrt

MODIFIED BAND EDGE FILTERS

Examining the block diagram of Figure 1 and the spectra shown
in Figures 2 and 4 we see that the band edge filters only interact
in the bandwidth they share and that the modulation bandwidth
makes no contribution to the average product but may contribute to product variance. We also note that the bandwidth intervals they share in the matched filter path has an even symmetric
spectra and the same bandwidth in the frequency derivative
matched filter has an odd symmetric spectra. This suggests that
the two filters shown in figure 1 can be replaced with two other
filters formed by the two band edge filters with even and odd
symmetry. We first form two separate band edge filters, specifi-

cally the upper band and the lower band, and from these generate two combined bands as the BE sum, denoted C, and the BE
difference, denoted S, of the two band edge filters.

c(t )  s *(t )  [| a(t ) |2  | b(t ) |2 ] 
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We also see that the imaginary part of the product is a sinusoid,
the cyclo-stationary statistic formed by the conjugate product
that is frequency and phase aligned with the modulation signal.
Figure 6 shows the spectra of the real and imaginary parts of the
conjugate product defined in (7c). The DC line is present due to
a frequency offset of 16-QAM input signal equal to 1-part in
16000. This line vanishes when there is no frequency offset.

Figure 4. Spectra of Matched and Band Edge Filters.

The notation C and S are used to reflect the even and odd symmetry of a cosine and sine. The BE-sum (C) carries only the
band edge spectral component of the matched filter (MF) while
the BE-difference (S) carries the spectral components of the
frequency matched filter and is in fact the FMF. We now have
three filters, the MF, the C (BE-sum), and the S (BE-diff). We
now examine some properties of these filters.
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Figure 5. Spectra, Two Band Edge Filters with Input Frequency Offset.

The time series corresponding to the two spectra identified in
Figure 5 formed by their sum and difference are shown in (6a)
and (6b). Here a(t) and b(t) are complex baseband signals. We
form the conjugate product of c(t) and s*(t) in (7a) and gathering terms we have the results shown in (7c). Here we see that
the real part of the product contains the energy difference between the two band edge filters which is the frequency offset
detector used by the FLL to center the spectra of the input signal.

c(t ) {a(t ) exp( j 0.5 f symt )  b(t ) exp( j 0.5 f symt )} (6a)
s(t ) {a(t ) exp( j 0.5 f symt )  b(t ) exp( j 0.5 f symt )} (6b)

Figure 7. Eye-Diagrams of Signal, s(t) (BE-diff), c(t) (BE-sum), and Conjugate
Product c(t)s*(t).

Figure 7 presents the eye-diagrams of the three time series signal(t), s(t), and c(t) and the conjugate product c(t)s*(t). We note
that the difference and sum filter responses s(t) and the c(t) have
time displaced responses with zeros crossings of s(t) and c(t)
coinciding with the maximum eye openings and the zero cross-

band edge filter locations. The inner loop acquires modulation
timing by selecting the appropriate time offset coefficients from
a set of 32 interpolator weights. Figure 11 shows the constellations and eye-diagrams of the signal at the input and output of
the interpolator.
Figure 14 shows the output signal of the timing recovery loop
filter and the addresses that access the interpolator coefficient
sets. Note the address trajectory shows two address underflow
and one address overflow that the loop recognizes as delay
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ings of the input signal respectively. The product c(t)s*(t) is
seen to have an average value which is a negative going sine
wave located at time 0. This sine wave represents the non-data
aided timing recovery s-curve or timing phase detector.
Figure 8 shows the spectra of the conjugate product of the
matched filter and frequency matched filter of figure 1 and the
spectra of the conjugate sum and difference band edge filters for
an input signal when the input signal has zero frequency offset.
Figure 9 shows these same spectra when the input signal has a
non-zero frequency offset. We see that the band edge filters by
limiting the bandwidth contributing to the conjugate product
exhibit reduced noise bandwidth around the symbol rate lines
and the DC line. We note that a maximum likelihood estimator
is not a minimum variance estimators and our earlier supposition that the s(t) and the c(t) filters with suppressed modulation
bandwidth may hold the promise of reduced noise is confirmed.
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Figure 10. Receiver Block Diagram of Non-Data Aided BE Filter Synchronization of Carrier Frequency and Modulation Timing.

Figure 8. Spectra: Conjugate Products, MF*FMF and CC*SS, with no Frequency Offset.

Figure 11. Constellation and Eye-Diagram of Signal at Input and Output of Variable Delay Interpolator.

Figure 9. Spectra: Conjugate Products, MF*FMF and CC*SS, with Frequency
Offset.

IV.

NON-DATA AIDED TIMING, FREQUENCY, AND
PHASE SYNCHRONIZATION

We now present a receiver structure using the modified band
edge filters to acquire carrier frequency and modulation timing
synchronization. This architecture also acquires phase synchronization using only the four corner points of the constellation
diagram. Figure 10 is a simplified block diagram of this receiver. Here we see a pair of nested loops using the real part and the
imaginary part of the conjugate product of the BE sum and difference filter signals c(t) and s(t). The outer loop acquires frequency lock by shifting the input spectra to the mid-point of the

Figure 12. Eye Diagrams of s(t) and Conjugate Products at Input and Output of
Variable Delay Interpolator.

shifts into the earlier or later time sample intervals. The interpolator was designed to achieve course timing offsets within

1/32 of the input sample clock and then continuous fine timing
offsets obtained by a local Taylor series. The course timing control is the integer part of the timing accumulator shown in red in
subplot 2. The fine timing offset is the fractional part of the timing accumulator output and the fine timing offset trajectory is
shown in subplot 3.

The simulation figures presented till this point emphasized the
timing acquisition loop for which we suppressed the frequency
acquisition loop. We now show simulation results for the frequency acquisition loop. Figure 16 shows the loop filter output
for the FLL when the input signal has a frequency offset of 1part in 1000. Finally, Figure 17 shows the constellations at the
modulator, with a frequency offset at the input to the receiver,
and at the output of the non-data aided FLL controlled by the
real part of the conjugate product c(t)*s*(t). The final output
matched filter and phase loop converts the signal shown in Figure 17 to the form shown in Figure 15.
V.

Figure 14. Timing Filter Output, Timing Accumulator with Integer and Fractional Parts of Interpolator Coefficient Address.

Figure 15 shows the constellation and eye diagram formed by
the third loop which includes matched filters and a phase detector that performs phase synchronization from observations of
the 4-corner constellation points.

CLOSING COMMENTS

We have presented a short intuitive derivation of the frequency
matched filter designed to estimate the frequency offset of the
base banded complex input signal to a receiver. We described
a reasonable modification of its spectral shape required due to
the amplitude discontinuity at its boundaries. We then formed a
set of companion band edge filters, c(t) and s(t), from the sum
and difference from the original band edge filters. The product
of these filters offered information to operate a non-data aided
carrier frequency acquisition loop and a non-data aided modulation timing acquisition loop. We illustrated the spectral difference between the Maximum Likelihood Frequency recovery
process and the modified, Minimum Variance Frequency recovery process. We then presented a receiver structure based on the
modified band edge filter set that can perform non-data aided
carrier frequency recovery and non-data aided modulation timing recovery. The receiver structure included a non-data aided
phase recovery loop that only operated on corner constellation
points. We showed simulations of the receiver operation. The
results are quite impressive and we believe these results will
have significant impact on future receivers that will likely
choose blind, non-data aided acquisition of the three primary
signal sets required for operation of a QAM modem.
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