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ABSTRACT

Sandia National Laboratories (SNL) currently achieves a bandwidth efficiency (η ) of 0.5
to 1.0 bps/Hz by using traditional modulation schemes, such as, BPSK and QFSK. SNL
has an interest in increasing the present bandwidth efficiency by a factor of 4 or higher
with the same allocated bandwidth (about 10 MHz). Simulations have shown that 32-
QAM trellis-coded modulation (TCM) gives a good bit error rate (BER) performance, and
meets the requirements as far as the bandwidth efficiency is concerned. Critical to
achieving this is that the receiver be able to achieve timing synchronization. This paper
examines a particular timing recovery algorithm for all-digital receivers.

Timing synchronization in a digital receiver can be achieved in different ways. One way of
achieving this is by interpolating the original sampled sequence to produce another
sampled sequence synchronized to the symbol rate or a multiple of the symbol rate. An
adaptive sampling conversion algorithm which performs this function was developed by
Floyd Gardner in 1993. In the present work, his algorithm was applied to two different
modulation schemes, BPSK and 4-ary PAM. The two schemes were simulated in the
presence of AWGN and ISI along with Gardner’s algorithm for timing recovery, and a
fractionally spaced equalizer (T/2 FSE) for equalization. Simulations show that the
algorithm gives good BER performance for BPSK in all the situations, and at different
sampling frequencies, but unfortunately poor performance for the 4-ary PAM scheme. This
indicates that Gardner’s algorithm for sampling conversion is not suitable for multi-level
signaling schemes.
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INTRODUCTION

Currently, Sandia National Laboratories’ communication systems use modulation and
coding schemes that achieve a bandwidth efficiency (η ) of 0.5 to 1.0 bps/Hz [6]. Coded
frequency-shift keying, (FSK), binary phase shift keying, (BPSK), or quadrature phase
shift keying, (QPSK) are the currently used modulation schemes. Sandia has an interest in
increasing the present bandwidth efficiency by a factor of 4 to 8 times. The allocated
bandwidth for this project is about 10 Mhz, while 30-40 Mbps is desired. Thus, to increase
the bandwidth efficiency, higher order modulation schemes should be considered. NMSU
has been funded by Sandia to investigate different modulation schemes that can achieve
this increase in bandwidth efficiency with the available allocated bandwidth.

Figure 1 [5] shows bandwidth efficiency
comparison of several modulation schemes
at a fixed symbol error probability, Ps = 10-5,
versus signal-to-noise (SNR) Eb/No in dB.
From the figure, it is obvious that, to achieve
the same bandwidth efficiency, the QAM
scheme requires less SNR than that required
by the M-PSK scheme. For example, to
achieve 4 bps/Hz, the 16-QAM scheme
requires Eb/No ≈ 14 dB, but the 16-PSK
scheme requires Eb/No ≈ 18 dB. For this
reason, QAM is preferred over M-PSK when
transmission is over linear channels. For the
particular problem considered here, uncoded
16-QAM scheme is considered as a baseline,
and higher order schemes are left for future
studies.

TRANSMITTER SET-UP

A relatively new modulation and coding scheme, called Trellis Coded Modulation (TCM)
provides a dramatic improvement in a communication system overall bit error rate (BER)
performance. The proposed solution for this system is a rate 4/5 trellis coded modulation
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scheme, using a 32-QAM constellation and the pragmatic TCM concept of Viterbi [6]. As
usual, gaining system performance is at the expense of increasing the system hardware
complexity. But for this particular case, the proposed pragmatic 32-QAM offers several
attractive advantages. As far as the complexity is concerned, the required Viterbi decoder
is already a standard technology, where single-chip implementations of it are readily
available and commonly used in the modem industry. Prior to TCM, the  functions of
forward error correction and modulation were treated as two independent operations, but
TCM combines the principles of forward error correction and modulation. The advantage
of this is that the error correction process is done at the modulation level without
increasing the bandwidth requirement relative to uncoded modulation [6]. This is done by
doubling the coded constellation size.

Figure 2 shows the proposed transmitter set-up. As shown in the figure, one of the 4
information  bits is fed into a rate 1/2, 64-state Viterbi encoder to generate 2 code-bits.
The code bits and the three uncoded bits are mapped onto a 32-QAM constellation. The
square-root raised cosine filter that comes after the constellation mapper, is part of the
pulse shaping used in the system.

A bit-error-rate (BER) performance comparison between the trellis-coded 32-QAM
scheme and the uncoded 16-QAM scheme was examined using the simulation software
SPW (Signal Processing Worksystems) [6]. Simulations results showed that the 32-QAM
scheme compared to the 16-QAM scheme achieves a performance gain of about 1.5 dB at
Pb = 10-6 [6].
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Figure 2. Transmitter’s Conceptual Diagram

RECEIVER SET-UP

The all-digital receiver set-up shown in Figure 3 is suggested by Graychip, Inc [7], a
company working in the areas of digital communications and signal processing. It can be
noticed that the whole receiver is implemented fully digitally using programmable DSP
chips.
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Figure 3. All-Digital Receiver Set-Up

To discuss briefly the operation of the receiver set-up shown in Figure 3, it is helpful to
discuss an example using the actual values (fc = 70 MHz,  Rs = B = 8 Msps, and raised
cosine roll-off factor = 0.35 [6]) that are being used in the software and hardware
implementation of the system.

On the receiver side, before the analog signal is processed, it is passed through a bandpass
filter which has a bandwidth of Rs( ) ( . ) .1 8 1 0 35 10 8+ = + =β MHz centered at the 70 MHz IF
frequency .This step is usually necessary to bandlimit the signal before being sampled,
otherwise aliasing will occur. The signal is then sampled by an analog-to-digital (ADC)
operating at a fixed clock rate.

Following the ADC is a baud synch circuit, a particular implementation of which will be
discussed below. A passband fractionally spaced equalizer (FSE) then follows the baud
synch circuit. The passband FSE expects the input signal to be centered at a frequency
equal to the baud rate, B = Rs, with a sample rate of 4B = 32 Msps (Msps stands for Mega
samples per second). It is easy to show that sampling the received signal by a sampling
frequency of 39 MHz causes the signal centered at 70 MHz to alias down to a center
frequency of B = 8 MHz.

A T/2 spaced equalizer (FSE) is preferred over T-spaced equalizer due to its ability to
solve practical problems that usually appear in communication systems, specifically, the
receiver sampling phase is not precisely known, and the channel response is not precisely
known, but the FSE can adapt itself to equalize the signal magnitude and to correct any
arbitrary phase offset. Further, it can equalize over the frequency band (0, 1/T), whereas a
T-spaced equalizer can only equalize over (0, 1/2T).

As mentioned before, the FSE expects at its input a sample rate that is an integer multiple
of the baud rate, in this case 4B = 32 Msps. The sample rate at the input of the baud sync
chip (GC3011) is 39 Msps (due to sampling by a 39 MHz fixed-rate clock as discussed
above). To achieve this resampling ratio, the first thing that comes to mind is two cascaded
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resamplers. The first resampler upsamples the input sequence by a factor of 32, and the
second one downsamples by a factor of 39.

By simple calculation, it can easily be shown that to achieve this sampling conversion, the
resamplers will be operating at a rate of 1248 Msps. This rate is considered to be a very
high rate and it is not usually recommended, especially when there are other alternatives
that achieve this sampling conversion without such a high rate.

Floyd Gardner [1], [2], [3], has developed an adaptive resampling algorithm using the
idea of interpolation to interpolate among the input samples and output interpolants at any
required rate, provided that the input rate is no less than the output rate. Moreover, along
with the interpolation process, the sampling phase of the output interpolants is adjusted by
updating the interpolator with any phase error detected by a timing error detector.

As shown in [1], Gardner’s algorithm was derived for specific signaling schemes, in
particular, BPSK and QPSK. But the project under consideration employs a higher order
modulation scheme, 32 QAM. The main goal of this paper is to examine the performance
achieved by applying Gardner’s algorithm to the 32 QAM scheme.
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Figure 4. Elements of Digital Timing Recovery Loop

GARDNER’S ALGORITHM DESCRIPTION

Figure 4 shows a model of the digital timing recovery loop [2]. The received signal, x(t), is
a time-continuous, PAM signal. For simplicity, x(t) is assumed to be a real, baseband
signal. Symbol pulses in x(t) are uniformly spaced at intervals T (1/T is the baud rate, B).
The signal x(t) is then sampled at a fixed-rate, 1/Ts. The sampling rate should be high
enough to guarantee no aliasing, where the minimum sampling rate is twice the highest
frequency component of the bandlimited signal x(t). The interpolator receives samples
taken at uniform intervals Ts. In principle, the ratio T/Ts may be irrational in general,
because the symbol timing is derived from a source that is independent of the sampling
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clock [2]. In practice, however, this ratio is essentially rational. These signal samples,
x(mTs) = x(m), are applied to the interpolator which computes interpolants, designated
y(kTi) = y(k) at intervals Ti. In this particular case, the interpolator outputs two
interpolants per symbol interval (Ts = 2Ti). One of these two interpolants serves as symbol
strobe and the other is the midway sample which is to be driven to zero (on average).

Using the interpolants at the output of the interpolator, the timing error is measured by the
timing error detector, which is explained below, and then is filtered by the loop filter. The
loop filter drives the NCO with a control word, (W), which is exactly the interpolation
ratio (Ti/Ts) in the absence of timing error [2]. The interpolator does its computations
based on instructions received from the NCO at a rate of 1/Ts. It is obvious that the whole
timing loop operates at the baud rate (T) since a new timing error is measured every two
new interpolants and a new control word, W, is calculated accordingly. The timing error
detector is considered to be the foundation of the whole algorithm, where it is intended for
synchronous, binary, baseband signals, and for BPSK or QPSK passband signals, with
approximately 40-100 percent excess bandwidth [1].

The attractive features of this error detector are that, it is very simple to implement, and
only two samples of the signal are required for each data symbol to detect the timing error.
Moreover, one of the two samples serves for the symbol strobe with which the symbol
decision is made. Symbols are transmitted synchronously, spaced by the time interval, Ts.
Each sequence will have two samples per symbol interval. One sample occurs at the data
strobe time and the other sample occurs midway between data strobe times.

Let r denote the index of the rth symbol. It is convenient to denote the strobe of the rth

symbol by yI(r) and yQ(r), and the strobe of the (r-1)th  symbol by yI(r-1) and yQ(r-1). The
midway samples of the rth and (r-1)th symbols can be denoted by yI(r-1/2) and yQ(r-1/2),
respectively. As mentioned before, the timing error detector operates upon samples and
generates one error sample, u(r), for each symbol. The error sample, u(r), was derived in
[1] to have the following form:

u(r) = yI(r-1/2)[yI(r-1) - yI(r)]  + yQ(r-1/2)[yQ(r-1) - yQ(r)]   (1)

A physical explanation can be ascribed to (1). The detector samples the data stream
midway between estimated strobe locations in each of the I and Q channels (I channel if
BPSK is considered). If there is a transition between symbols, the midway value should be
zero on average in the absence of a timing error (i.e. phase offset). A timing error gives a
nonzero average whose magnitude depends upon the amount of error, but either slope is
equally likely at the midway point so there is no direction information in the sample alone.
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To sort out these different possibilities, the algorithm examines the two strobe values to
either side of the midway sample. If there is no transition, the strobe values are the same
(if a hard decision is used rather than the actual strobe value), and their difference is zero
as is u(r), so the midway sample is not used. In other words, if two consecutive symbols
have the same sign, no timing information is available.

If a transition is present, the strobe values will be different. The difference between them
will provide slope information. The product of the slope information and the midway
sample provides timing-error information. Using the strobe signs in (1) instead of the
actual values (e.g., using sign(yI(r)) rather than yI(r)) eliminates the effects of much noise
as well as eliminating the need for actual multiplication in the algorithm which is
considered a very attractive feature for digital processors. For mathematical derivation of
the algorithm, refer to [1], [2] and [3].
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Figure 5. Simulation Model for BPSK and 4-ary PAM schemes. ko takes on values {4,5}.

SIMULATION MODEL

The block diagram shown in Figure 5 represents the simulation model that was used in
simulating the BPSK and 4-ary PAM modulation schemes. BPSK was simulated in the
presence of AWGN and ISI (dotted blocks included), and 4-ary PAM was simulated in the
presence of AWGN only (dotted blocks excluded). The ISI filter which has a frequency
response shown in Figure 8, represents a telephone channel and was taken from [5], page
617.

CONCLUSIONS AND FURTHER WORK

As mentioned before, BPSK, and 4-ary PAM were simulated in the presence of noise, and
ISI along with Gardner’s algorithm for timing recovery, and T/2-spaced equalizer for
equalization.
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Simulation results for BPSK are shown in Figures (6 and 7). In Figure 6, BPSK was
simulated in the presence of AWGN with sampling frequencies of 4 Hz (Fig. 6-a), and 5
Hz (Fig. 6-b). In Figure 7, BPSK was simulated in the presence of AWGN and ISI, with
sampling frequencies of 4 Hz (Fig. 7-a), and 5 Hz (Fig. 7-b). The same results are
expected for the QPSK modulation scheme, since it’s simply BPSK in two dimensions.
Simulation results for 4-ary PAM in the presence of AWGN only are shown in Figure 9.

In conclusion, simulation showed that for BPSK, Gardner’s algorithm gives good BER
performance in all situations (noise and ISI, at different sampling frequencies), but
unfortunately bad results for 4-ary PAM. This indicates that Gardner’s algorithm for
sampling conversion is not suitable for multi-level signaling schemes. And since the system
under consideration employs the 32-QAM modulation scheme, Gardner’s algorithm is not
the suitable algorithm for the timing recovery, so, other algorithms should be considered.
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SIMULATIONS RESULTS
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