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Abstract

A symbol rate timing recovery scheme suitable for ISDN transmission on digital
subscriber loops is investigated. Four timing estimates based on this scheme are studied
for steady-state and convergence behavior. Theoretical analysis and simulation results are
included. The effect of the various system parameters such as channel distortion, noise and
dead-zone threshold is examined for the four timing estimates. Their performance on
realistic loops in a practical U-transceiver using 2B1Q line code is characterized and
compared. The performance will be evaluated principally by the receiver convergence,

steady-state timing jitter and noise margin allowed before convergence is lost.
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CHAPTER 1

Introduction

1.1.Introduction

Massive scale efforts on the part of the telecommunications industry have led to the
development of a worldwide Integrated Services Digital Network (ISDN). In the last
decade, standards relating to various aspects of ISDN such as signalling, network
interfaces, and protocols have been addressed by a number of organizations, with the
CCITT acting as the primary controlling body. The digital subscriber loop (DSL) in ISDN
provides a wide variety of services to the user over common twisted-pair telephone links by
integrating existing and newly-developed voice and data applications.

The transmission rate for DSL is 160 Kbits/s including two full-duplex 64 kbps B
channels, one 16 Kbps D channel, plus an additional 16 Kbits reserved for framing,
maintenance and other functions. Figure 1.1 shows the connection structure of ISDN. At
the U-interface, full-duplex transmission between the network termination (NT) at the
subscriber’s end and the line termination (LT) at the central office end, is achieved on a
single pair of wires. This necessitates the use of techniques that will separate the signals in

1
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the two transmission directions. Two common methods are time-compression multiplexing
(TCM) where the common link is shared in time with each end transmitting alternately, and
echo cancellation technique (EC) where hybrids are used to isolate the transmitted signal
from the received signal at each end. The two techniques are illustrated in Figures 1.2 (a)
and (b) respectively. A comparison between the two methods for DSL applications is
given in [Tzen85]. EC was eventually accepted by CCITT as the transmission method.
Over the last few years, the amount of literature dealing with various aspects of echo
cancellation in DSL systems has greatly increased [Cook89] [Falc82] [FalcRS) [Mess84)
[Mess86] [MoNP87] [Yama89]. Full implementations of EC mode ISDN U-transceivers
using large scale integration (LSI,VLSI) have been widely reported [ACCC87] [AdCG87]
[EhrT82] [FOYT89] [FTGH88] [GBKM89] [SuHM89] [SzZS86].

In general, the terminating end (NT or LT) at the U interface for DSL requires the
following processing blocks [ALY88].

Analog section which includes D/A and A/D conversion at the transmitter and

receiver ends respectively

Digital signal precessing section which performs echo cancellation, data

recovery (equalization and quantization of received signal), timing recovery

(symbol synchronization), timing generation, error analysis and startup state

machine.

Bit processing section for framing, maintenance and external control.

This thesis deals with the timing recovery for the EC based DSL systems described
above. The overall content is as follows: First, the timing recovery problem, in general
and as it relates to the echo cancellation technique for DSL, is introduced. Then, a timing
recovery technique suitable for the above application is chosen and described. Four timing

estimates based on this technique are selected and characterized. Finally the performance of
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the timing estimates in a practical U-transceiver design is investigated. In the next section,

a more detailed outline of the thesis is given.

1.2.Thesis QOutline

In this chapter, the timing recovery problem in general is introduced. The purpose
of timing recovery in communication systems is discussed. A brief comparison between
analog and digital timing recovery is given. Finally, the criteria by which timing recovery
is evaluated is defined.

In chapter 2, a survey of analog and digital timing recovery techniques as classified
in chapter 1, is given. From this, the most suitable methods for EC based DSL systems are
chosen and compared. The timing recovery problem as it relates to DSL applications is
then investigated and the requirements of the various processing blocks in a U interface
transceiver as described above, on the timing recovery problem, are discussed.

In chapter 3, an EC type symbol-rate digital transceiver for ISDN U interface,
which implements the above functions and meets all of the objectives discussed in chapters
1 and 2 is described. The overall architecture is outlined with a detailed description of
every function. This transceiver will be used in the characterization of the timing recovery
estimates in later chapters.

In chapter 4, the timing recovery algorithm used to derive the timing estimates is
discussed in detail. This chapter consists mainly of a review of the theory for the algorithm
and includes a description of the method, in general, adopted in the derivation of the
estimates.

In chapter 5, four timing estimates based on the algorithm in chapter 4 and suitable
for the implementation of the system described in chapter 3, are given. A theoretical
analysis of these estimates and a comparison of their performance in general is presented.

A practical timing recovery loop in which these estimates will be used is then described in



detail and the performance of the timing estimates as it relates to the timing recovery loop is
investigated and compared, and some preliminary theoretical results are given.

In chapter 6, a simplified version of the ISDN U transceiver described in chapter 2
is implemented in a simulation setup. The performance of the timing estimates is then
examined in the practical system on typical loops. Various system parameters and their
effect on the timing recovery block and the performance of every estimate are investigated.
These parameters include the channel response and noise. Simulation results are compared
against the theoretical discussion given in chapter 5.

In chapter 7, some concluding remarks are given and recommendations for future

works are suggested.

1.3.Timing Recovery

In a digital communication system, synchronization is defined at various levels
[Fran80]. Carrier synchronization consists of recovering the reference carrier frequency as
well as the signal's phase. This is needed in passband systems where the receiver uses the
recovered carrier for demodulation, Symbol synchronization or timing recovery performs
the equivalent role as that of carrier recovery for baseband data, including the demodulated
passband signals. Timing recovery is also commonly referred to as bit synchronization
especially for binary data, but also for multi-level alphabets. Word, frame and packet
synchronization are used for formatting and synchronization of communication protocols.
This belongs to a higher system-dependent level of synchronization and will not be
discussed here. In this thesis, only timing recovery will be considered.

Timing recovery is a critical function in any synchronous data communication
system. In general, digital systems do not require timing recovery since a clock can be
transmitted separately from the data signal. However, for communication systems,

limitations such as bandwidth and power, render transmission of a separate clock



inefficient and costly [LeeM88]. Timing recovery which derives the clock from the
received signal itself is simpler and more economical to implement. Such a "self-timing"
technique requires that the timing information be implicit in the received data. This imposes
additional requirements on the signalling methods [LeeM88). Furthermore, since the
timing information is extracted from the received signal, then the statistics of the signal, the
line code and pulse shape become a fundamental consideration in the choice of the timing
recovery scheme.

The purpose of timing recovery is the synchronization in frequency, between the
oscillators used in the transmitter and receiver clock circuits. The timing recovery circuit
should recover the clock at the receiving end such that the continuous-time signal is
sampled at the optimum phase and converted into a discrete time sequence of data symbols.
In practice, the clock at the far-end transmitter cannot be perfectly regenerated. However,
the timing recovery circuit must ensure that the average frequency of the derived timing is
exactly equal to the average frequency of the transmitted signal. Basically, an equal
number of bits must be transmitted and received. In [LeeM88], timing recovery techniques
are globally classified as either inductive or deductive. In a deductive system, a timing tone
with an average frequency that is exactly equal to the symbol rate is derived from the
received signal, as shown in Figure 1.3 (a). Typically, sampling of the data signal is
performed at the zero-crossings of the extracted timing tone. A phase-locked loop (PLL)
can be used in conjunction with deduciive timing recovery as shown in Figure 1.3 (b) , in
order to reduce the timing jitter present in the timing tone. In inductive timing recovery
shown in Figure 1.4, a PLL is used as an integral part of the system to achieve
synchronization. This allows the timing recovery to be mostly performed digitally or in

discrete-time , however, the sampling rate might have to be higher than the symbol rate in
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order to be able to estimate the timing error. The need and importance of digital timing
recovery (inductive) as opposed to analog timing recovery (deductive) is discussed in the
next section.

The timing information is derived based on some criterion which determines the best
steady-state timing phase. The optimal location of the sampling instants depends on the
overall channel impulse response. The unknown channel delay as well as the dispersive
nature of the loop which could cause severe intersymbol interference, are important limiting

factors in the performance of timing recovery.
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1.4.Analog vs. Digital Timing Recovery

Traditionally, analog data receivers were used where the received signal was
continuous in both time and amplitude. Thus, traditional timing recovery methods required
the continuous signal for extraction of the needed timing information. In digital systems,
the received signal is sampled and is available only at discrete time intervals, making
traditional timing recovery techniques awkward to implement. These methods can still
apply if the received signal is oversampled at a very high rate such that the timing
information extracted from the analog signal can be fully reconstructed from its discrete
samples. Obviously, this option is not practical since we would want the lowest sampling
rate possible to minimize the complexity of the receiver. Another advantage of digital
timing recovery methods over the traditional analog techniques is the elimination of analog
components resulting in several improvements, including time and temperature stability,
ease of manufacturing reproducibility, and integrated circuits (VLSI) implementation.
Finally, the need of all-digital timing recovery can be clearly seen in Figure 1.5. For an
analog system, sampling is performed on the "clean" signal after the filtering, the
equalization and the other signal processing operations, such that a feedback path is not
needed for timing information extraction (Figure 1.5 (a) ). However, in digital systems,
sampling is done on the distorted signal before any other signal processing function is
performed, and so, the timing recovery scheme has to include a feedback loop as shown in
Figure 1.5(b).

A survey of commonly used continuous-time and discrete-time timing recovery
techniques will be given in the next chapter. However, first, the criteria by which timing

recovery is evaluated will be defined in the next section.
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1.5.Criteria for Timing Recovery Performance

A specific analytical comparison between alternative timing recovery methods is not
feasible. Performance is typically evaluated based on the criteria for timing phase and
timing jitter. Theoretically, the timing phase should be chosen to minimize error
probability but, for practical implementation, we choose the sampling phase for maximum
eye opening ( minimum intersymbol interference (ISI)), or for minimum mean square error
(MMSE ctriterion). The signal's sensitivity to the timing phase is given by the horizontal
eye opening as shown in Figure 1.6 for the (a) 25% and (b) 100% excess bandwidth
raised cosine binary antipodal pulse amplitude modulation (PAM) signalling [LeeM88].
The slope of the inside lid gives the sensitivity to timing jitter in the timing phase.
Obviously, the 25% excess bandwidth signal has a much higher degree of sensitivity to
the timing phase than the 100% excess bandwidth signal, since for the former, the
horizontal eye opening closes much more rapidly as the timing phase deviates from the
optimal point. For both cases, the best sampling instants are located at the peak of the
pulse, at the maximum eye opening.

Timing jitter has significant effects on the system performance. First, it causes
sampling to occur at a sub-optimal phase, thus increasing the ISI in the received signal
samples, which in turn reduces the signal-to-noise ratio (SNR). Secondly, in long distance
transmission systems where the signal passes through a chain of repeaters before arriving
at the receiver's end, the timing jitter introduced at every repeater is accumulated. This
causes significant degradation of the received signal. Thus the design of a practical timing

recovery circuit, must take into account all of the above mentioned points.
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CHAPTER 2

Timing Recovery Techniques for

DSL Applications

2.1.Survey of Timing Recovery Techniques
The literature surveyed comprises of a wide variety of timing recovery techniques.

Both continuous-time and discrete-time methods have been considered.

2.1.1.Continuous-time Techniques
The spectral-line technique is one of the most popular among the continuous-time
methods [AnMM86] [Benn58] (Frab74] [Fran80] [Gard86] [GitS71] [Lyon75). It
consists of passing the received data signal through a memoryless nonlinearity such as
squaring or full-wave rectification. This results in a waveform with a deterministic mean-
value that is periodic at the symbol rate [Benn58]. A timing tone can then be derived by
extracting the discrete spectral-line corponent using a narrow bandpass filter centered at

the symbol rate (Figure 2.1 (a)), or an equivalent phase-locked loop circuit (Figure 2.1
14
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(b)). [Frab74] shows that data-dependent jitter free timing recovery is achievable if the non-
linear device is a square-law rectifier. Such a frequency-domain approach is only
applicable to the quadratic characteristic of the rectifier and cannot be extended to higher
order nonlinearities. [AndM86] considers the general case of an arbitrary nonlinearity, and
shows that a "band-limited locally symmetric” (BL-LS) class of pulses can be found such
that close to jitter-free timing is achieved. In [Gard86], the theory of spectral correlation
for "time series that exhibit cyclo-stationarity” is used to provide a unifying conceptual
framework for the design of quadratic synchronization using PLL structure.

Other ad-hoc continuous-time timing recovery techniques have appeared over time,
with several of these having been shown to be approximations to a maximum likelihood
timing recovery, with a strong resemblance to MMSE methods [LeeM88]. In the sampled-
derivative method [GitS71] [Salt67] shown in Figure 2.2, the sampling phase is adjusted

until the derivative is zero. This occurs at the peak of the signal.
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(b) Spectral-line using PLL Timing Tone (to sampler)

Received
Signal Nonlinear ' |
—" Device PLL

Figure 2.1:  Spectral-Line Timing Recovery Method (2) System
using BPF (b) System using PLL
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[GitS71]

The early-late gate method [GitS71] samples the received signal at two equally-
spaced instants before (early) and after (late) the sampling phase as shown in Figure 2.3.
Phase adjustments are performed until the two samples are equal. In the threshold-crossing
method [Salt67] [FogG89] illustrated in Figure 2.4, an error signal that is proportional to
the difference between the time of occurrence of the threshold crossing and the time of the
nearest pulse of the displaced sampling wave is generated every time the received signal
crosses zero. In this case, the recovered phase is the time instant such that the samples of
the signal displaced by half the period, at either end of the pulse, are equal. It was shown
that, on average, both the sampled-derivative and the threshold-crossing techniques lead to
timing phases the are different from the time of maximum eye opening [Salt67]. However,

if the channel's impulse response is symmetrical around its peak, then both methods result
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in sampling times that coincide with the maximum eye opening [Tzen85). [Salt67]
presents an improved sampled-derivative system with added correction terms which yield

an average sampling time at the maximum eye opening.

2.1.2.Discrete-time Techniques

Among the sampled-data techniques, the wave-difference method (WDM) and
symbol-rate sampling techniques are the most commonly analyzed [ATMHS85] [JenC85]
[MueM76] [OerM88] [Pate88] [Qure76] [SaDM86] [TzHMS6]. Other digital implemen-
tations include state-machine PLL, and maximume-likelihood estimation (MLE) approxima-
tions [Pate88].

The WDM depicted in Figure 2.5 has been shown to be applicable to TCM and EC
methods requiring a sampling rate as low as 2 to 4 times the symbol rate. The timing
function is defined as the expected value of the received signal after it has been processed
by some nonlinear operation. A sampled version (time average) of the time function can be
computed (approximated) using a transversal filter [ATMHR5), In fact, for a square-law
nonlinear operation, the WDM becomes the discrete-time counterpart of the spectral-line
method, with better performance with respect to jitter, The WDM has been shown to meet
the required performance for DSL systems with satisfactory phase recovery even for worst
case loops [ATHMB85]. A similar digital realization of the WDM is presented in [OerM88).
This latter technique consists of a squarer followed by a digital filter, which allows free
running sampling oscillators. This means that the input signal is sampled at a fixed rate by
a free running oscillator and all further processing needed for timing extraction is done
digitally by some sort of interpolation controiled by an estimate of the current timing offset.

This method extracts the timing information in a new way and proposes a new method of
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hang-up free filtering of the timing signal . Typically, the spectral component is extracted
by a PLL or a narrowband filter, but here, it is determined from finite length sections of the
filtered and squared signal samples by computing its complex Fourier coefficient at the
symbol rate. The estimate of the timing offset corresponds to the argument of this Fourier
coefficient. This estimate can then be filtered to improve this estimation. However, this
kind of postfiltering can cause the synchronization loop to be stuck in an unstable
equilibrium point due to the periodic behavior of the filtered estimate. These hangups in the
filter loop can be avoided if the filtering is performed on the Fourier coefficient (complex
phasor) directly instead of on its corresponding periodic angle. The angle of the filtered
phasor can then be used to control the sampling.

The state-machine PLL method does not require A/D conversion and can be
implemented using basic digital components as shown is Figure 2.6. A timing error that is
proportional to the phase difference of the two input signals is generated at the output of
the phase detector. A programmable up-down counter is then used to derive an appropriate
control signal to increase or decrease the phase of the output clock. This is fed to a control
counter that adjusts the system clock resulting in an advance or retard of the input sampling
phase.

The digital form of the MLE approximation is similar to the early-late gate method.
The timing error estimates the slope of the received signal at the current input sampling
phase by a difference between an early and late sample. For this, two samples per symbol
is required for the timing information. At the input, an analog or digital implementation of
the matched filter can be used, the latter can usually be approximated by a low-pass filter.
This yields an error signal of average value zero if the estimated and actual input timing
phases are equal. The error signal is then filtered using a simple first order loop filter

(running average sum) such that it can be used to control the period of the sampling clock.
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The symbol rate sampling technique is the best candidate for EC based DSL
systems because it comprises the minimum possible rate, the symbol rate. The Mueller and
Miiller technique [MueM76] is by far the most commonly used for symbol rate timing
recovery. It is simple and economical to implement and applies to binary, multi-level PAM
aad partial response signals. The M&M algorithm proves to be the most suitable for DSL
applications and will be described in full detail in later chapters. [JenC85] proposes a
modified version of the Mueller and Miiller symbol rate technique in which timing errors
are calculated only after certain data sequences., Basically, the weighting functions for the
timing estimates are limited to very simple functions. Then, the finite number of sequences
of data symbols which satisfy these estimates are determined, and only when these
sequences are encountered, is the timing estimate computed and the timing phase
adjusted.This scheme has less frequent phase adjustments making it inappropriate for
systems where the optimum phases fluctuates rapidly with time, and resulting in longer
convergence time. On the other hand, estimates with lower variance than those obtained by

the Mueller and Miiller algorithm are typically used, thus yielding lower timing jitter.
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Basically, since all possible data sequences of data symbols are considered in the derivation
of the Mueller and Miiller timing estimates, these will result in higher variance estimates.
In [SaDM86], two MMSE type algorithms are presented. The first algorithm is the
conventional polarity-type MMSE, and the second is based on the minimizatior: of the
MMSE criterion which decouple ISI measurement from the carrier phase.

A multitude of other published literature on timing recovery exists, with emphasis
on digital methods. These are by far more attractive allowing implementations using DSP
chips. The DSL application poses an altogether different set of synchronization problems,
making conventional analog timing recovery techniques unsuitable. These requirements
will be discussed next, with special consideration to their effects on the choice of timing

recovery.

2.2.Synchronization Problem for Digital Subscriber
Loops

The digital subscriber loop application requires synchronization in both data
transmission directions, thus favoring discrete-time timing recovery schemes. This differs
from voiceband application where the two directions are asynchronous. In the latter case,
timing recovery can be performed on the continuous-time received signal and conventional
analog methods are preferable [ATMH85]. A block diagram showing the timing loop at the
U-interface is given in Figure 2.7. The master clock is derived from the switch at the
central office, and is used to transmit data in the LT to NT direction. At the NT side, the
timing is derived from the data stream sent by the switch, and is used to sample that same
incoming data stream at the NT receive end. Then, "loop-timing” is used at the NT
transmitter to synchronize the data received by the LT to the switch clock. This means that
the same timing derived and used at the NT receive end is also used at the NT transmit end.

At the LT end, timing has to be derived again from the received signal sent by the NT, and
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used to sample that same signal. Due to the "loop-timed" nature of timing, the receiver
must use the recovered timing clock to perform the required signal processing functions
such as echo cancellation, equalization and data recovery. Since these functions must be
performed digitally to meet the specifications for VL.SI implementation, the choice of the
timing recovery technique is directly affected by the design requirements of the various
receiver functions. The conditions that are most critical will be stated in the following

sections.

Clock derived
from Switch In
Cantral Office

\Tr;—sk {  Transmit

LT side / NT side
DSL Recovered
Recovered Clock derived
Clock from received
signal
Recelve
LT side NT side

Figure 2.7:  Timing loop in DSL [Tzen85)

2.3.Echo Cancellation Requirements on Timing
Recovery

In an EC-based DSL system, echo cancellation is the most complex function to
implement, requiring typically 60 dB of echo attenuation. This strict constraint on the echo

cancellation accuracy will also affect the requirements on the timing recovery block. Timing
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jitter causes a reduction in the EC accuracy at both ends. To achieve 60 dB of echo
cancellation, input timing jitter must be kept as low as 0.1% of a signalling period
[Tzen85]. At the NT side, timing jitter will equally affect the receive and transmitted pulses
because the same recovered clock is used for sampling in both transmission directions, and
thus it will not need to be tracked by the EC. However, high frequency jitter which causes
a deviation of the phase on the order of the maximum echo delay will affect the EC
accuracy. At the LT side, any change in the phase of the received signal will cause a
corresponding shift in time of the echo path impulse response. For large phase variations,
the adaptation of the EC might not be able to follow the subsequent shifts in the echo
response. Moreover, since timing recovery can only be performed after the echo
cancellation, the sampling rate for the timing recovery will also set the EC rate and thus the
latter's complexity. Consequently, a symbol rate sampled timing recovery technique
becomes the most suitable. In addition to minimizing the EC complexity, it allows the use
of decision-feedback equalization (DFE) , resulting in high EC accuracy and fast
convergence. In the EC coefficient adaptation, the error includes the far end signal.
Therefore, to meet the above EC requirement, the adaptation step-size must be kept very
small, increasing the convergence time. By using a DFE that cancels all postcursor ISI, in
conjunction with a TR that minimizes the precursor part of the signal [TzHMS86], the far
end signal is completely eliminated from the feedback EC adaptation error. This then
allows the use of a larger step-size resulting in faster convergence. By cancelling the ISI
among the received pulses, we also reduce the jitter present in the input timing signal since
the latter is recovered from samples of the "clean" received signal. This will increase the
EC accuracy.

The timing jitter effect on echo cancellation has been greatly researched in the

context of DSL systems [ATMHS5] [Falc85] [Mess86] [Moen87]. A symbol rate sampled
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technique was found to be the best for timing recovery allowing high EC accuracy,
minimum complexity and fast convergence. In [Falc85], the timing jitter as it relates to the
residual mean-squared error (MSE) of the received signal is analyzed and related to the EC
adaptation, timing recovery and channel parameters. Timing recovery techniques based on
a single-tuned (high-Q) filter as well as a PLL were applied to different echo canceller
configurations. It was found that the high-frequency component in the timing jitter
spectrum has considerable impact on the EC performance and must be minimized in order
to meet EC requirements. In all cases, timing recovery using a narrow-band PLL was thus
recommended. In [Mess86], an echo canceller configuration that is insensitive to timing
jitter is described. The proposed technique performs adaptive interpolation of the echo
response using two sets of EC coefficients. This allows the use of a simple digital PLL for
timing recovery and still completely eliminates the effect of timing jitter on EC
performance. The two major disadvantages of this scheme are the increase in the
complexity of the EC control mechanism and the increase in the timing jitter in the received
signal. However, for the latter, the slight increase in timing jitter in the signal is not as
critical since an SNR of 20 dB is acceptable as opposed to required accuracy of 60 to 70 dB
for the EC.

{Moen87] compares the performance of decision-aided (DA) versus non-decision-
aided (NDA) timing recovery in the presence of residual echo signal. Figures 2.8 (a) and
(b) illustrate the DA and NDA systems respectively. In both the DA and NDA
performance, the residual echo resulted in a mean-squared (MS) timing error that is
proportional to the timing recovery loop bandwidth (BW). However, for the DA
synchronizer, an additional error term that is independent of the timing recovery loop BW
was introduced due to the residual echo signal. This bias depends on the signal-to-echo

ratio. Thus, the DA was found to outperform the NDA for small BW and high SNR.
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2.4.Channel Requirements on Timing Recovery

In DSL transmission, the signal is greatly distorted by the presence of bridged taps.
These introduce a Vf attenuation which causes a great reduction in the magnitude of the
signal as well as dispersion of the signal pulse resulting in severe intersymbol interference.
Distortion of the pulse shape also occurs which creates nulls in the spectrum of the signal.
Since the line configurations are variable with respect to length and bridged taps, then the

timing recovery must be chosen to be insensitive to these impairments.
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Figure 2.8:  Decision-Aided vs. Non-Decision-Aided Timing
Recovery [Moen87]
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2.5.Equalization Requirements on Timing Recovery

The dispersive characteristics of the channel which causes ISI renders equalization
on the received signal essential. Linear equalization is not efficient for VLSI
implementation since it requires a large number of multiplications of digital coefficients and
analog samples of the signal. The cumbersome hardware implementation problem is
solved if a DFE structure is used. This operates at the symbol-rate and uses past decisions
of the received signal to cancel postcursor ISI. However, the use of a linear equalizer
becomes necessary if any precursor exits. To avoid this, the timing recovery must be
chosen to minimize precursor ISI. If timing recovery can be designed to eliminate any
significant precursor , then a simple DFE structure without any linear taps can be used to

perform the equalization on the received signal, thus simplifying digital implementation.

2.6.Noise Requirements on Timing Recovery

The noise sources present in DSL applications are thermal, crosstalk, impulse and
echo noise. Thermal noise is insignificant when compared to other disturbances and is
usually neglected. Crosstalk noise is generally approximated as gaussian for interferences
caused by a large number of wires ( central limit theorem). FEXT and NEXT are far-end
and near-end crosstalk respectively, FEXT effect is usually negligible, with NEXT
causing most crosstalk interference. Impulse noise can be caused by external factors such
as lightning which can be difficult to predict, but is mostly due to electromechanical
devices. As such, implementations using all digital switches instead of electromechanical
ones have considerably less impulse noise, and since digital implementations are becoming
more popular, impulse noise is becoming less of a dominating noise factor. The residual
echo error is random and bounded noise and its effect was discussed previously. The

timing recovery method must be robust so as to be able to perform even in the presence of
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high noise distortion. In our characterization, we only consider additive gaussian noise

effect on the performance of timing recovery.

2.7.Summary

Timing recovery in general and as it relates to DSL applications was introduced.
Various timing recovery techniques for both continuous-time and discrete-time
implementations were reviewed. Specific design requirements for U-interface transceivers
were discussed with emphasis on their effect on the timing recovery problem. In
conclusion, the symbol-rate sampled data technique using a timing reference that
minimizes the precursor part of the signal was found to be the most suitable for the EC-

based DSL systems.



CHAPTER 3

System Description

3.1.Introduction

In this chapter, an EC type ISDN U transceiver that conforms to all of the
objectives stated in chapter 2 is described [Aly88] [GBKMS89]. The timing recovery
functions characterized in this thesis were developed for this application [Saya89], thus, a
full understanding of the system is required. This system is also used as the basis for the
evaluation of the timing recovery functions in later chapters.

This chapter describes all the processing blocks giving detailed analysis of the DSP
algorithms for echo cancellation, equalization and timing recovery. The architecture is
mostly in digital domain with very little analog processing. A block diagram of the full

transceiver is given in Figure 3.1, The following paragraphs describe each section in detail.

29
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3.2.Framer and Analog Front End

This section is illustrated in Figure 3.2 and includes, on the transmit end, a framing
block, a digital to analog conversion block (DAC) , a transmit filter (TXF), a driver (DRV),
and a smoothing filter (SFLT) , and, on the receive end, an anti-aliasing filter (AAF).

The framer converts binary data into a four level 2B1Q code as specified by the
T1D1 specifications [ANSI89]. It then combines the symbols into frames of 120 symbols
each, and superframes of 8 frames each, It also appends a synchword to each frame, with
the beginning of the superframe identified by an inverse synchword. Some maintenance
control bits are also added to comply with the defined U-interface standards, and CRC is
performed for error monitoring. This block is clocked by the transmit clock at 80 KHz
and controlled with a frame marker generated by the deframer so that it can synchronize
with the far end modem.

The digital output of the framer is then converted to analog data quantized by a
simple DAC. The DAC's output is then passed to a TXF which is a low-pass butterworth
filter for shaping. Finally the signal passes through a driver which provides the differential
output, followed by a SFILT, to the loop coupling circuit. The analog transmitted pulses
as well as the echo signal passes through an AAF for bandlimiting of the received
waveform. Following the above analog processing, quantization and input sampling of the

received signal is performed.
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Figure 3.2:  Framing and Analog Front End Processing

3.3.Conversion and Input Sampling

The A/D conversion of the analog signal at the input of the receiving end of the

transceiver is performed via a sigma-delta modulator (SDM) as shown in Figure 3.3. The

SDM is a high speed, low resolution A/D converter clocked at 10.24 MHz rate, with a one

bit output. A second order SDM using two cascaded first order structures is used such that

the input to the first modulator is the analog signal itself, while the input to the second

modulator is the quantization noise of the first modulator. The output is such that the

quantization noise of the first modulator is cancelled and only the noise of the second

modulator remains. The output of the SDM is fed to a decimator block with a filter that




33

eliminates the quantization noise from the A/D conversion, retaining the required received

input signal.
Analog error Includes quantization
Input Analog Integrator noise of firat modulator To Decimator
signal AD , block
+*
o+
dightal
-— summation
D/A
Dl
D |- error Includes quantization
nolse from second modulator
AD
Analog Integrator Differentiator
+
+ L
+
+ -
D —» D
filtering of nolse
D p/A  ©of second modulator

Figure 3.3:  Sigma-Delta Modulator Structure
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3.4.Decimate/Interpolate Block
This block converts the one bit SDM output generated at the high rate of 10.24
MHz to a multibit word output at the decimated rate of 80 KHz. This block consists of

three parts: an integrator, a COMB filter and an interpolator, as shown in Figure 3.4.

From Recelved
SDM signal
—=] Integrator -‘ L —"1 coms ™~ Interpolator |—==

| Filter SE——

tMHz 80 KHz FINE
clock clock slgnal
9‘/
——

From TimIng generation block

Figure 3.4:  Decimation/Interpolation Blocks

3.4.1.Integrator Block
This block consists of three cascaded integrators as shown in Figure 3.5. It runs at
the upsampled rate of 10.24 MHz with overall transfer function 1/(1-D)3, where D is
the unit delay at the 10.24 MHz rate. This part implements the digital lowpass filter

function on the SDM output.
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First Integrator Second Integrator Third Integrator

Cascaded Integrator Structure

D | -> delay of 1/10.24 MHz

Figure 3.5:  Integrator Structure

3.4.2.COMB Filter
This second stage is a sampler that takes the integrator output at the upsampled rate
as input and outputs the signal at the decimated rate of 80 KHz (symbol rate). It reads in
the input samples and passes them through the COMB filters which consist of two low
speed differentiators. This structure of a high speed integrator, followed by the low-

speed differentiators is termed the CIC - Cascaded Integrator COMB decimation filter.

3.4.3.Interpolator Block
This block is to allow for smaller phase jumps. In the NT mode, coarse phase
jumps of 98 nanoseconds apart can be mostly used because the transmit and receive clocks
are locked together. Also, the main high rate clock which is used to generate the transmit

and receive clocks in the NT mode, is derived from an oscillator which can be very jittery.
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This is mainly due to economical limitations. To reduce this effect, a large phase jump is
used. However, we must ensure that the jumps allowed are not too large so as not to be
able to track the incoming signal. For the LT mode, the phase jumps required are much
finer since in this case, the transmit clock is derived from the central office switch and is
very stable such that in steady-state fine jumps are sufficient. Moreover, the transmit clock
is not affected by the phase jump, whereas the receive clock is because it is synchronized to
the incoming signal. Hence, when a phase jump occurs, a large error is produced at the
echo cancellation block since the coefficients correspond to the previous phase, and the
new sampled echo is at the new phase. For these reasons, coarse jumps are not suitable at
the LT side, and interpolation of the received signal becomes necessary to allow smaller

phase jumps. Interpolation is performed on the pair of output by the COMB filter section.

3.5.Receive Forward Filter

This block has the following objectives:

- low-frequency noise reduction

- Pulse tail reduction of echo and transmission paths impulse response

- Shaping of precursor part of pulse to achieve maximum eye opening for optimum

phase recovery.

It consists of a compromise forward equalizer that uses a simple fixed FIR
structure that works at the symbol rate. The design of this filter is critical because it affects
the behavior of the other DSP blocks , especially timing recovery. This block is not
investigated in this thesis; a pre-developed filter that has been tested using this transceiver
and found satisfactory but not optimum, was used in the characterization of the timing

recovery functions.
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3.6.DFE/ARC Blocks

Equalization of the postcursor part of the far end pulse is performed with an
adaptive DFE structure. It consists of an N-tap transversal filter. Its operation is based on
the LMS algorithm as follows:

N
ISIk) = .5_‘,1 hj(k)*DRX(k-1) (3.1
i=
hij(k+1) = hij(k) + B * ERR(kK*DRX(k-I) i12,. N (3.2)
ERR(k) = X(k) - ARC(k-1)*DRX (k) (3.3)
ARC(k) = ARC(k-1) + Prprg * ERRK)*DRX(k) (3.4)

ISI(k) is the estimated postcursor interference at time k, to be subtracted from the
received signal. hj(k) are the DFE coefficients updated at every symbol. Brpfg is the
adaptation step-size. DRX(k) is the current estimated received data symbol. ERR(k) is the
LMS error used for all adaptive algorithms. X(k) is the received signal after echo and ISI
cancellation. The adaptive reference control output (ARC) is the estimated channel gain
calculated at every symbol. This can be seen as the zero-th tap of the DFE, except that it

doesn't directly affect the signal. This block is used by the slicer and timing recovery
blocks.
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3.7.Automatic Threshold Quantizer

The automatic threshold quantizer slices the signal to output a 2B1Q symbol. The
decisions of the slicer are used by the timing recovery and equalization blocks. The ATQ

uses the estimate of the channel gain from the ARC block for the thresholds as follows:

+3if X(k) >(k2)*A1219(k-(1:)k |
+1 if 0 < X(k) < 2*ARC(k-1

DRX(k) = {-1 if -2*ARC(k-1) <X(K) < 0 (3.5)
3 if X(k) < -2*ARC(k-1)

3.8.Echo Cancellation

The echo canceller estimates the echo path impulse response, calculating a replica of
the echo signal predicted to be present in the received signal. The echo signal is then
directly subtracted from the received signal. The echo canceller structure comprises of a
transversal, IIR and memory EC blocks. These are illustrated in Figure 3.6 and each

section is briefly explained below.

3.8.1.Transversal EC
The transversal echo canceller uses the LMS algorithm to cancel the main part of the

echo. Its operation is formulated as follows:

NTEC
TEC(k) = _EICi(k)*DTX(k-i-i-l) (3.6)
1=

Ci(k+1) = Ci(k) + BreC * ERR(K) * DTX(k-i+1) i=12,...NTEC (3.7
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Figure 3.6:  Echo Canceller Structure

TEC(k) is the transversal filter estimate of the echo signal, based on the update of
NTEC coefficients Cij(k) i=1 1o NTEC . DTX(k) is the transmitted data symbols. Brgc is

the adaptation step size and ERR(k) is the LMS error calculated as in (3.3).
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3.8.2.I1IR EC
The IIR (infinite-impulse response) echo canceller is used to eliminate the tail part
of the echo caused mainly by the far end and near end transformers. It allows the use of a
shorter transversal filter, and works on the echo tail that is not covered by the transversal

EC. It approximates the decay of the pulse tail using an exponential function.

NMREC(k) = EC_F(k) * EC_H(k) (3.8)

EC_F(k) = EC_F(k-1) * Pjrgc + DTX(k - NTEC) (3.9)

IIREC(k) is the echo replica, EC_F(k) is the exponential function and EC_H(k) is
the coefficient. PRgC is a fixed pole between 0 and 1, chosen based on the transformer
inductance of the loop coupling circuit. The input to the filter at time k is the transmitted
data symbol DTX(k - NTEC) delayed by the number of taps in the transversal EC, thus

covering the tail part which the transversal EC filter does not.

3.8.3.Memory EC
The memory echo canceller is used to remove the nonlinear component of the echo
signal which cannot be cancelled by the transversal EC. From Figure 3.6, MEC(k) is the

echo estimate at symbo! k, estimated using ERR(K), the residual signal error as given in

(3.3).

3.8.4.EC FIFO
As explained above, in the LT mode the transmit clock is derived from the switch

and is fixed whereas the receive clock is derived from the signal and is adjustable. This can
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cause an offset between the two clocking sides such that a new EC coefficient is needed for
both the transversal and memory echo cancellers. This is resolved by using a FIFO buffer

that can accommodate the storage of the extra needed samples.

3.9.Timing Recovery

This block is responsible for the synchronization of the two digital subscriber loop
ends as previously indicated. A symbol-rate technique based on the Mueller and Miiller
method in conjunction with a digital phase locked-loop (DPLL) is employed in this
transceiver. This algorithm and loop will be described in full detail in the next chapters and
four timing estimates based on this technique and compatible with this system will be
studied and compared.

The function of this timing recovery section is to search for the optimum phase for
maximum eye opening and generate a subsequent control signal to the timing generation
block to adjust the clock as required. This is performed by fixed phase jumps of 298 ns.

As mentioned previously, the fixed phase jumps cause significant EC degradation.

One possible alternative is to perform the phase adjustments during the synchword.

3.10.Timing Generation

This block provides the clock signals required for both modes, LT and NT, as
shown in Figure 3.7. It takes the phase jump signal output from the timing recovery as
input and provides the desired clocking signals to the input sampler blocks (SDM). For LT
mode, the transmit clock is derived from the central office, the receive clock is derived
from the transmit clock but adjusted according to the phase jump. For this mode, we need
to do smaller phase jumps. For the NT mode, the transmit clock is directly taken from the

NT receive clock. The NT receive clock is generated with a digital count-down counter
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that is loaded depending on the phase jump. The high rate clock is at 10.24 MHz with a
nominal ratio of 128 (counter load of 127) such that receive clock rate is 10.24 MHz / 128
= 80 KHz. This is the initial load for zero phase movements. For positive and negative

coarse phase adjustments, the initial load is decreased and increased by one respectively.

Transmit High rate Recelve 80 KHz
80 KHz clock 10.24 MHz clock clock
Counters =—' =1 Counters
J LT/NT A
=1 control
Frequency Ph
ase Jump Bits
Muitiply Control g
Source From timing recovery
clock
(standard frequency)

Figure 3.7:  Timing Generation Block

3.11.Summary
In this chapter, we described a full-duplex 2B1Q transceiver applicable to digital
subscriber loops. The full architecture has been simulated using the CAPSIM/BLOSIM
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software package, with half-duplex transmission and EC modes having been completely
tested and fully functional. The code is structured to allow full flexibility and supports both
half and full-duplex transmission. The integration of all the blocks for full-duplex
operation has not been done. The simulation setup will be described in greater detail in the
coming chapters when it is used in the half-duplex mode to characterize the performance of
the timing recovery. In the next chapter, the timing recovery algorithm will be introduced.
Then, four timing functions based on the M&M method and suitable for 2B1Q line coding
scheme will be compared theoretically. Finally, the timing recovery loop introduced above
will be described and the performance of each timing function in the practical TR loop,

investigated.



CHAPTER 4

Timing Recovery Theory

4.1.Introduction

In this chapter, a symbol rate sampled-data technique for timing recovery will be
described in which a timing reference is defined from samples of the channel impulse
response and estimated from samples of the actual received signal. Next, a practical
scheme in which these timing estimates are used in an adaptive control loop to achieve

timing recovery will be outlined.

4.2.Review Of The Mueller and Miiller Method For
Timing Recovery

In the classical 1976 paper [MueM76], Mueller and Miiller described an efficient
method for timing recovery applicable to synchronous digital baseband receivers, using
binary or multilevel PAM, as well as partial response signals. The algorithm yields a
simple and direct approach in which timing information is obtained from symbol rate
samples of the input signal and estimated data symbols after quantization. In this section
we will describe this algorithm in detail, outlining all the steps required to derive a near-

optimal timing estimate. We will also define the control loop in which these timing
44
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estimates can be used to iteratively adjust the input sampling phase such that the timing
offset, with respect to a given steady-state sampling criterion, is minimum. The following
will consist mainly of a review of the Mueller and Miiller timing recovery technique and we
will heavily rely on [MueM76] for the content. First, a timing function to be used as the
reference for the steady-state sampling phase is derived based on some aspect of the
channel impulse response. Then, a sub-optimum estimate of this function, expressed in

terms of available samples of the input signal and its corresponding estimated data values is

computed.

From X(t) x(k) Digital a(k)
Channel -—F——)( . 1 Signal -
) Input Samgting Processing

Block | Functions
Clock
Timing Timing -
Generation [t Recovery
Block Timing Block
Error

Figure 4.1:  Digital Receiver Architecture

Given the receiver architecture in Figure 4.1, we define the following terms:
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x(f) = _Ea,-h(r -jT) (4.1)
Joo

x(1) is the input to the receiver of a synchronous baseband data transmission system with a
noiseless channel of overall impulse response A(t). The channel is assumed to be band-
limited such that its impulse response covers several bauds in length. The aj’s are equally
spaced data symbols assumed to be uncorrelated and equiprobable. After sampling, the
received signal becomes

Xg= Xak-i hi 4.2)
| =

where x; = x(7 + kT) => samples of the received signal (with i = k - )

T=> input sampling phase

T = symbol interval

hi=h{T+iT) => samples of the channe! impulse response
Ideally, the sampling phase 7 should be chosen so as to minimize error probability.
However, in practical implementation, a more convenient less constricting performance
measure can be used. A reasonable alternative criterion would be to minimize the
intersymbol interference (ISI) or the mean square error (MSE). These objectives can be
achieved if the peak or mean square distortion given (4.3) and (4.4) respectively, are

minimized,

MSD = D(r) = Y|4 43)
i

PD = g1) = Yk (4.4)
1
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A prime (') on a summation implies absence of zero term such that i#0. For a sampling
phase 1 such that D(t ) = €( 1 ) = 0, the channel is said to be ideal, and distortion free
transmission is achieved. Thus, the steady-state phase should be chosen so as to minimize

one of the measures in (4.3) and (4.4). In the Mueller and Milller algorithm, a timing
function f(r ) is defined such that its root lies close to the minimum of one of the

performance measures.

f(z) is given as a linear combination of the samples of the impulse response A(1}, in

the following form:

() =X uih = uTh (4.5)
1

where ( T ) denotes transpose, and the coefficients uj's are dimensionless.

The timing function employed must be based on some reliable aspect of the channel
impulse response. Basically, we must choose a reference for our timing recovery based on
some characteristic of A(?) that is relatively insensitive to channel imperfections such as line
length and bridged taps. A commonly used reference in digital line transmission is the
zero-crossing of the first precursor. For DSL, it was shown [TzHM86] , that only the

postcursor part of the pulse is affected by line impairments and that the precursor zero- '

crossing is preserved by the line. For this case, f{7) is given by :

ft) = hp (4.6)
which yields from (4.5)

("

This zero crossing can be introduced at the transmitter by digital coding or at the receiving

1 [ = -1
0  otherwise

end by means of analog filtering [TZHM86]. Note that the derived phase for (4.6) is such
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that the first precursor is zero, thus reducing ISI distortion. The optimal phase 7p is

reached when it =1 )=0.

Since in practice, the samples of the impulse response of the channel A(t) are not
directly available to determine f{7), we must obtain an estimate of f{7) based on the
received signal samples x; and the decoded data symbols a;. The proposed timing
estimate zx in [MueM76] is based on a linear combination of x; and some weighting

coefficients g, chosen as a function of the data symbols ay , such that the expected value of

zi equalsf{7). We then have:

E{z)=f(7) (4.7)

with zp = gl Xg (4.8)

The vectors g and X contain each m values, defined as follows:

Xk-m+1 8k-m+1
Xk-m+2 8k-m+2
Xk= . and g =
Xk 8k
Gl-m+1
Qk-m42
with a= .
ai

Another possible form for z; would be a function of the error signal e; such that

n

zk = gkl e (4.9)

with € = Xx -hoa; (4.10)
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where kg is the gain factor associated with the channel. Note that kp strongly depends on
the overall system attenuation and the sampling phase 7. The channel gain can be easily
estimated using an Automatic Reference Control (ARC) block.

Basically, we must choose a g such that a low-variance estimate 2 is obtained.
The variance of z¢ is a measure of the mean square error in estimating f{7). The expected
value of z; in (4.8) and (4.9) as well as an expression for the variance of z; are derived in
[MueM76]. For convenience, these expressions are summarized below in equations (4.11)

through (4.15), and some important terms are defined.

If 2z = gl xi E{z })=hTE{ Agg:) 4.1

If 2 =gTex Elz )=hTE{ Arge) - hoE{ g7 ar) (4.12)
Var{ zx }= E{ %2} - BX{ z }

= B{(&Tv)?) - E2(gTv) + E{( g7 Qaxk) (4.13)

Where v = E{x; /ag) = AT his the conditional expectation of x; givenay, ~ (4.14)

—hj-m—

hi

with h = 20 a vector of the truncated system impulse response of (2m-1) samples,
1

—hm_I-

= ag 6 .. ¢ A
ag-1 a ... 0

and Ag=| Q%m+l Bms2 ... Y (2m-1)xm matrix
Bmti  oee Bke

- 0 0 ver Bhem+] ™

Q=E(a? ) Thip hjp = qij pe(l.m}), (an mxm matrix) (4.15)
p
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Combining equations (4.5) and (4.7), we obtain:

E{z } = fir) = hTu (4.16)

Comparing the above to (4.11) and equating the right side of both equations, we get:

u=E{A; g} (4.17)

Given a u, the above equation does not result in a single solution for gg, but
allows many possibilities. The optimal choice of g is obviously the one which will yield
the lowest variance. The best estimate is obtained by solving {4.17) such that the
expression of the variance of z; given in (4.13) is minimized. However, in [MueM76], it
was shown that such a solution is not practical, in that the evaluation of the optimal g
would be too involved and will only be optimun for one particular channel. For a simple,
channel independent solution, a sub-optimum estimate must be used. Equation (4.17) can

be expressed as

Ap g =u + dg (4.18)

where &, is a vector with zero mean random variables. Substituting (4.14) and (4.18) in

the variunce expression of (4.13), we have:

Var( z; } = E{(hTA; g )2} - E2("TAg ge) + E{ 2" Qogx)
= E{(hT(u+dg))?2) - E2(hT(u +dg ) } + E{ T Q g )

Expanding and simplifying by setting E{dy } = 0, we finally get:

Var{ zx } = E{(hTdg )2} + B{ gTQ g} 4.19)
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To keep z; alow variance estimate, d; must be kept small. To solve for g, we
must satisfy (4.18) and the constraint of zero mean for dg . The system of (4.18) yields
(2m-1) equations for the solution of the m elements in g;. The method for solving for g
involves a heuristic approach where m equations are chosen and then substituted back into
the (2m-1) set to verify that the other equations are satisfied. In [MueM76] paper, some
helpful hints are given for a tentative solution where the m equations are chosen
symmetrically around the center of the set in (4.18) such that it includes a smaller m xm
square matrix from the center of the original rectangular (2m-1)xm Ap matrix. Also, fora
first try, the components of dx can be set to zero, thu:: eliminating its significant effect on
the variance. Varying the dy elements and choosing a different set of equations are two
possibilities for a second iteration or for the derivation of a different z; . The center
component of d must be zero in order for the variance to be independent of the hg term.
Even though the above method seems somewhat loosely defined, allowing many
possible choices for the timing estimates for the same u coefficients, it proves nonetheless
to be quite efficient in determining good timing estimates with near-minimum variance,
Obviously not all estimates derived for the same f{7) will be equally good, even though all
do satisfy the condition of (4.18). In such a case, the variances could be compared as a
measure of the error in each z; in estimating f{7). However, a lower variance does not
always ensure the better performance of a timing estimate. In a practical system, there are
many parameters involved and the interaction between the various DSP functions is strong,
such that many other factors contribute to the performance of the timing recovery loop.
There could exist some cases where an estimate of higher variance might perform better
than one with a lower variance. An instance of this will be shown in the following
sections.
Presently, we have limited our discussion to the noiseless channel case. Since noise
is present in any practical communication system, it is important to study its effect on the

timing estimates and to get a feel for how it deteriorates the system's performance as
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opposed to the other system parameters. In [MueM?76], the case of additive white gaussian
noise where the received signal is:

X = ¥ apih + Ny (4.20)

=00

is considered. The noise is assumed to be a stationary, zero mean random process, with

power & . The expected value of z is not affected by the additive noise, and the variance

expressions, given in (4.13) and (4.19), become:

Var(z } = E{ (gToe)? } - E2{gxTor} + E(g7Qgr) + 0%E(gTIgr ) (4.21)

Var(z; ) = E( (WTdp)2 } + E{g;TQgi) + 02 E(g:TIgy} (4.22)

where I is the identity matrix.

(4.21) and (4.22) are identical to equations (4.13) and (4.19) with the exception of
the last term obtained by replacing the matrix Q by (Q + ¢? I). Looking at the added
term, the effect of channel noise could be a critical consideration in the choice of 2t . Fora
noisy channel, zx must be selected so that the expected value of the squared weighting
vector g¢ is minimum. This factor is especially important during steady-state. After
convergence of the equalizer, most of the ISI will be cancelled and the noise term becomes
the dominant factor in the variance.

Finally, we would like to note that the timing estimate could be improved if a longer
memory is used. However, the derivation of estimates of m >2 could get quiic involved
and in general, the added complexity does not justify the small improvement in
performance. Also, by increasing m, we increase error propagation. This is obvious since
the correlation factor between succeeding estimates will be much stronger for longer

memory length. Since estimates of m < 2 have been proven to be sufficiently accurate in
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practice with near-minimum variance {MueM76}, timing schemes using larger memory
become even less attractive when the added complexity and consequently cost of
implementation is considered.

Now that the estimates have been derived, we will see how to use these estimates to
iteratively adjust the phase (stochastic adjustment algorithm). The control loop needed to

perform the phase adjustments can be represented by the following:
Tesl = T - Yk 2k (%) (4.23)

where % is the adaptation step-size.

Given that the optimal timing phase is defined at the zero-crossing of f{7} , if } is
chosen based on the procedure such that it eventually decreases to zero at steady-state, then
(4.23) will completely stop updating once 7p. is reached. However for the realistic case
where 1 = constant, then the instantaneous phase corrections in general will not be zero,
and some steady-state timing jitter will result. This is due to the dependence of the variable
2 on the timing phase, the channel distortion and additive noise, and the statistics of the
data symbols. In this case, the steady-state timing error will fluctuate randomly around
zero such that the average of the phase adjustments is zero. A typical timing recovery loop
based on this stochastic algorithm will be defined later on and the resulting steady-state
jitter as it relates to a particular timing estimate, will be investigated.

In this chapter, we have described the Mueller and Miiller method for symbol rate
timing recovery. The steps for the derivation of a sub-optimal timing estimate for a timing
reference based on the channel impuise response have been given in detail. In the next

chapter, we will study four timing estimates based on the timing function in (4.6).



CHAPTER 5
Theoretical Analysis of the

Timing Estimates

5.1.Introduction

In this chapter, we use the Mueller and Miiller algorithm described in chapter 4 to
derive four timing estimates suitable for implementation in the ISDN U-transceiver for
2B1Q code. The timing recovery loop in which these estimates are used is defined and the
performance of each timing estimate within this loop is investigated for practical channel
responses. The effect of the channel characteristics, additive noise, finite average length
and dead-zone threshold on the performance of the timing estimates is analyzed and some
theoretical results are obtained. Finally, a linearized model of the timing recovery loop is

developed and the corresponding timing jitter spectrum derived.
5.2.Timing Estimates Based On The M&M
Algorithm For Timing Recovery

The timing function to be used in this thesis is f{t ) = h.; . As mentioned

previously, the above function is a good choice for our timing reference because it is
54
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unaffected by the channel imperfections. This timing function is plotted in Figure 5.1 for

various loops which will be used to obtain our results in both the theoretical and simulation
sections. The three loops are commonly used for standard testing in DSL, and provide a

good representation of the various channels encountered in this type of application.
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Phase Offset

Figure 5.1:  Timing Function f{t) = h.; For B3, B4 And SL
Loops

B3 and B4 are standard Bellcore loops whose specifications can be found in
[ANSI89), and SL is a short loop of length 0.5 KFT. The loops' exact configuration and
pulse response are plotted in Figures 5.2 and 5.3 respectively. The frequency and pulse
response of these channels were generated using two programs, HOFF and ISDN7

[Hung88). The frequency response is first generated by the HOFF program which derives
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the transfer function of a transmission line based on the analysis of a hybrid circuit model
using ABCD parameters. The resulting file is then used as input to the ISDN7 program
which performs transmit and receive filtering functions in the frequency domain and
generates the equivalent time domain pulse response. The following filtering is included in
the B3, B4 and SL loops pulse response:

- Pulse shaping function: 100% duty cycle rectangular pulse of 80 Kbauds

- Transmit filter: Second order Butterworth low-pass filter with 3 dB point
at 80 KHz.

- Decimation filter: Decimation from 10.24 MHz to 80 KHz. The equivalent
transfer function is H(z) = (1- z)3 / (1 - z!/DF)3 where DF is the decimation
factor of 128, and z is a delay by the 80 KHz clock period (symbol period).

- Receive forward filter: 3-tap symbol rate digital FIR filter.

0.5KFT
24 AWG
10KFT LOKFT
B3 loop: 0.5 KFT 22 AWG 24 AWG
24 AWG 1.5 KFT
7.5KFT 6 KFT 1.5 KFT 1.0 KFT 24 AWG
@ ‘QAWQ o 24 AWG L 24 AWG 22 AWG
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Figure 5.2:  The Configurations Of The B3, B4 And SL Loops
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Figure 5.3:  Pulse Response Of The B3, B4 And SL loops

Four timing estimates of memory length i = 2 and their corresponding variance
expressions are given in Tables 5.1 and 5.2 respectively. These estimates were derived by
B. Sayar [Saya89] using the method described in the previous section. 2y, z2; and z4x
are based on the received signal where as z3; is a function of the error signal.

The E{zjx }i=1,2,3,4 is derived in Appendix A and shown to be equal to f(t). In
Appendix B, the variances for these estimates, given in Table 5.2 are derived. It is shown
that although all four estimates satisfy (4.7) or (4.9) and (4.18), their variances differ. To
be able to compare the four timing estimates and evaluate their performance, we need to
specify the timing recovery loop in which they will be used in our simulation setup, and

define all parameters essential to the derivation of any pertinent results.
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Table 5.1; Four Timing Estimates Based On The Timing
Function f{7) = h;

3.125 Zh + (b2 - 312581 h) + 0.625 02

725 Sh? - 825hihy + 2(h2 + hyd) +14 02

Dh? - 036k + 0202

h2 - 036 (k12 + h.j?) +04 2

Table 5.2: Expressions For The Variance Of The Timing
Estimates

5.3.Timing Recovery Loop

The block diagram for the timing recovery loop used here is shown in Figure 5.4.
The timing estimate generator implements any of the four timing estimates. It receives the
input x; and output a, of the slicer as inputs, as well as the output of an ARC block which
approximates the channel gain kg , and the output of the first DFE tap which approximates
the first postcursor sample h; when z3; and z4; are being evaluated respectively. The

output of the timing estimate generator consists of the instantaneous value of the timing
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Figure 54:  Timing Recovery Loop

estimate (zit }i=12,34 exactly as given in Table 5.1, calculated at every symbol. The
loop filter performs a time average over a fixed length of bauds, TR_AVG. We will
discuss how the choice of the average length affects the performance of the timing estimates
in the following section. The average length also limits the frequency of the adjustments of
the timing phase. The timing information is updated once at the beginning of every
TR_AVG. This is a first order loop where all system variables and states are reset every

TR_AVG. The phase quantizer block compares the output of the loop filter to a threshold
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(dead-zone) and depending on the outcome, a NO CHANGE, ADVANCE or RETARD
clock flag is issued to the timing generation block. The functionality of the phase quantizer
is shown in Figure 5.5. The threshold in the phase quantizer is normalized by the channel

gain (output of ARC) as follows:

PQ_THR =DZT x ARC(1x) (5.1)

The DZT (Dead-Zone Threshold) is a fixed factor, pre-selected by the designer, and

ARC(tK) is an estimate of the main pulse kg at the input sampling phase .

PHASE JUMP = -1

DEAD_ZONE

=<4 THRESHOLD
PHASEJUMP=01F
LPF < Dead-zone

AT S
\\\\\\\\\\\\\\\\\\\\

PHASE JUMP = +1

NOTE;: Positive phase j Jumps -> mode = advance
Negative phase jumps -> mode = retard

Figure 5.5:  Functionality Of A Three Level Phase Quantizer

Normalization by the channel gain is necessary since the DZT value is not variable
and must be applicable to a wide range of loops. The choice of the DZT can be crucial to
the performance of the timing recovery loop. This will be discussed in more detail in the

following sections, but we must note that the optimum value for the DZT should result in
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minimum steady-state timing phase jitter while allowing complete convergence of the
timing recovery loop, with insignificant steady-state timing phase offset. The output of the
phase quantizer defines the direction of the phase jump only; the size of the phase
adjustment is fixed, This is a limiting factor for various reasons. The convergence
behavior of the loop is greatly affected because the timing phase correction is fixed for all
phase offsets. Irrespective of how far we are from our timing reference, we can only
advance one step at a time. This limitation is eliminated if we use a multi-level phase
quantizer where the size of the phase correction is proportional to the offset between the
current and optimum timing phase. The output of the phase quantizer is fed back to the

timing generation where the input sampling phase is adjusted accordingly, as shown in
Figure 5.6.

[PROGRAMMABLE COUNTER
PHASE JUMP RECOVERED)|
(OUTPUT OF - ADD p-BAUDRATE
PHASE gfggﬁ“ RECEIVER
QUANTIZER L
) GOUNT CLOCK

Figure 5.6:  Functionality of The Timing Generation block

The joop as described herein cannot result in steady-state free of timing jitter
because of the fixed size of the phase adjustments. This means that the optimum steady-
state timing phase cannot be exactly reached but that the input sampling phase will hover
around it, such that the average of the steady-state phase equals the optimum phasety, i.e.

the average of phase corrections is zero.
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In this section, we described the timing recovery loop, highlighting the important
system parameters which might affect the performance of the timing blocks. These and
other factors found to degrade the system's performance will be investigated in the

following sections.

5.4.Effect of The Finite Average Length

In the previous section, we stated that the choice of the average length TR_AVG
can have a significant effect on the performance of the timing estimates. In our practical
system, we are using the time average of z; to estimate its expected value (statistical
average). For TR_AVG—ee, these two averages are equal since z; is wide sense
stationary random sequence. This follows from the assumption of uncorrelated data
symbols [TzHM86). The longer we allow TR_AVG to be, the closer the output of the
phase quantizer approaches the real expected value of zx . Since E{ zx } =f{(7) is the
timing information we seek, we need to minimize eTR_AvG, the error in the approximation

of the ensemble average of z; by time averaging as given in (5.2).

MSETR_AVG= < €TR_AVG' = (< 2k g svg- /(7)) (5.2)

In contrast, a long average is unpractical since the phase corrections are performed
once every TR_AVG so that the convergence time of the timing recovery loop is directly
proportional to the TR_AVG length. In all our simulations, TR_AVG = 1 frame = 120
bauds is set to correspond to the existing system. However, it is important to understand
the dependence of the timing estimates on the averaging length, TR_AVG. To isolate the
effect of the average length only, the channel pulse response was truncated to eliminate all
postcursor ISI, and the true transmitted symbols were used in generating z¢. The system
used to obtain these results is shown in Figure 5.7 and was implemented using the

CAPSIM/BLOSIM DSP Simulation Package which is described in Appendix C. The mean
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of z; is calculated for various phase offsets and directly compared to the E{ zx } =f(t)

= h.; . Rectangular pulses (100% duty cycle) were used with an upsample rate of 128 such
that the size of the phase jump is fixed at ﬁx symbol period. In Figure 5.8 - (a) to (d),
the output of the phase quantizer for estimates #1 to 4 respectively, is plotted for the

TR_AVG values of 0.5, 1, and 10 frames, for the B4 loop. The B3 and SL loops yield

similar results.

b.={0,1
PSEUDO 0} LINECODING

RANDOM »|BLOCK
BINARY (2B1Q

SOURCE SYMBOLS) |
a= {13,+1}

Truncated channel response

.
X2 ki
TIMING
] ESTIMATE
GENERATOR

E

Loop TR_AVG ={0.5,1,10 }
FILTER | o frames

Y

“*R_AvG

Figure 5.7:  Simplified Receiver Configuration for The Study of the
Effect of the Finite Average Length
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Estimates, B4 loop. (c) Estimate #3 (d) Estimate #4
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From the plots, it is evident that the mean of z; approaches E(z; } =f(7) as
TR_AVG gets longer, for all four estimates. It is interesting to note that as we increase
TR_AVG, the degree of improvement in each estimate varies. The MSETR_AVG givenin
(5.2) is plotted for {zj };=1,234 in Figure 5.9(a-c) respectively. We show the B3, B4
and SL loops for different phase offsets. In all three cases, z4¢ results in the smallest
error, followed by z3¢ and z2; , with the worst being z;5 . For estimate #4, h; was set to
zero. eTR_AVG decreases as 7 approaches 7p. This is obvious since at 79, f(7 ) = 0.
Also, at the region close to 17, the error increases symmetrically from either side, and this
is explained by the linear behavior of the timing function in the vicinity of 5. As we get
further from 17p, the symmetry is lost because the slope at either side will be different, with
a steeper slope on the main pulse side, giving a higher error at these timing phases. This
behavior is not crucial to the performance of the timing loop since we are mostly interested
in the linear region close to 7.

These results do not predict which estimate will perform better since there exist
many other system parameters which will have a stronger effect. However, for the ideal
case described in Figure 5.7, our result will directly apply. Depending on the level of the
interferences of the various system error sources, the performance of the each timing
estimate will be as indicated in Figure 5.8 only if eTR_AvG is the major influencing factor.
In a practical system, the error due to TR_AVG will not be a significant factor, and even
though all other error sources are kept minimal, there will be not be a difference in the
performance of the four estimates. This is verified in the next example. Figure 5.10
shows a simplified version of the overall receiver, which is basically the closed loop form
of the system in Figure 5.7. We added an Adaptive Threshold Quantizer (ATQ) and an
ARC block. The ATQ takes symbol rate samples of the received signal x; and estimates
the corresponding 2B1Q symbol. The ARC calculates the channel gain which is used for

normalization by the ATQ and phase quantizer block. The system parameters are as

follows:
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° TR_AVG =1 frame = 120 bauds
© phase jump = 1_;8')( symbol period = 98 nanoseconds
(symbol rate = 80 Kbauds/second)
° DZT =0 (simple comparator)

° Loop: B3 (truncated)
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° initial phase offset = -0.25

° simulation length = 100 frames

The loop filter output , < z¢ 3y ,y iS shown in Figure 5.11 (a) against the timing

reference f{7 ) = h.; for all four estimates, with the corresponding MSETR_AvG similarly
plotted in Figure 5.11(b). The error in {zi };=12.34 in estimating f{7 ) is equal. In
Figure 5.11 (c), the timing phase as it converges to Tp is plotted and its behavior is
identical for all z; 's. At steady-state, the sampling phase fluctuates continuously and
uniformly around the optimum sampling point due to the finite nature of the phasc
adjustments. This represents the ideal case resulting in minimum steady-state timing phase
jitter, which could be eliminated by increasing the DZT. In practice, variable channel
noise, uncanceled ISI and other system disturbances will cause a higher level of steady-
state timing phase jitter which will be more difficult to control by the DZT. This parameter
is fixed and cannot be chosen to satisfy all possible situations.

Although our results indicate that the error due to finite averaging will not be
significant in our practical Ioop and will not affect the performance of the timing estimates
to any appreciable extent, it should be nonetheless considered. If the timing updates are
performed at a much higher rate, every one or few bauds, with a first order timing loop, the
error due to finite averaging might be significant. In such a case, the results in this section
should be considered in choosing among the four timing estimates.

In this section, we have investigated the effect of finite averaging on the
performance of the timing estimates and concluded that in a practical loop, the error is not
significant. We have compared eTr_avg for {zi Ji=1,2,3,4 for the ideal case of a
noiseless, ISI free channel. In the next section, we will follow our characterization of the

timing estimates by discussing the effect of channel distortion and noise on each of them.
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5.5.Effect of Channel Distortion And Additive
Noise

The effect of additive white gaussian noise and ISI on the performance of the timing
estimate is quantified in its variance. The expressions for the variance of (zj };=1234
specified in Table 5.2 are functions of the mean square distortion of the channel and of the
noise power o . Since E{ zx )} =f(t) is the information we seek, then the variance of
2z, Var{ zx } = E{ 22} - E2( 2z }, by definition, will give us a measure of the error in
z; in estimating f{7 ). Consequently, the timing estimate with the lowest variance is the
better one.

If we assume a noiseless, distortion free channel, a perfect zero-variance estimate is
obtained in all four cases. For the more realistic case where both noise and ISI are present,
the best timing estimate will depend on the level of degradation due to each one of the two
error sources. From Table 5.2, we could see that the relative effect of ISI and additive
noise is similar for all zp's. Table 5.3 compares the variance expressions of the four
estimates. Estimate #3 is the best, resulting in an MSE that is 9 dB lower than that of
estimate #2 which is the worst case, and 5 dB and 3 dB lower than estimates #1 and 4
respectively. Estimate #4 is second best with an error that is 2 dB lower than estimate #1.
These results represent the margin for noise and channel distortion of each zx . In our
comparison, we ignore the 4.; and uncancelled 47 terms since both values are zero at
steady-state. In VAR(zjk }i=12,34 the noise power term is ~ 7 dB lower than the MSD
value. This becomes significant at steady-state since after convergence of the equalization
blocks, most of the channel distortion effect will be cancelled such that the additive channel
noise term will be the domin..nt influence. This additional factor in the MSD value in the

variance represents the power in the 2B1Q data symbols given by the expression E{a2}.
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10log) %;ﬂ'ég} J
i 1 2 3 4
1 0dB -3.7 dB 3dB 2dB
2 3.7dB 0dB 9dB 5.6 dB
3 -5dB -9dB 0dB -3dB
4 -2 dB -5.6 dB 3dB 0 dB

Table 5.3: Comparison Of The Effect Of Additive Noise And
Channel Distortion On The Four Timing Estimates

The variance expressions are plotted in Figure 5.12 for the B3 loop against various
phase offsets. The four estimates are compared for a noiseless channel with some residual
ISI (Figure 5.12a), and for an SNR=14 dB (Figure 5.12b). The smooth curve represents
the theoretical expressions in Table 5.2, whereas the noisy curve is a direct calculation of
the variance of z for the example shown in Figure 5.7. For the latter, we simply calculate
the variance (E{2x2)-E(z}2) of the output of the timing estimate generation block for
TR_AVG =1 frame. This verifies our theoretical expressions and reinforces the above
comparison of the four timing estimates.

Up to now, we have examined the effect of channel distortion and additive noise by
comparing the error resulting from each effect for the four timing estimates. Our next step
is to relate these quantities to the performance of each z; in the timing recovery loop. To
this end, we will give in the next section a simplified model for the timing recovery loop in
terms of a linearized Phase Locked Loop, and derive an expression for the steady-state

timing jitter associated with our system for each timing estimate.
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Figure 5.12: Plots for the Variance Expressions of the Timing
Estimates for the Effect of Channel Distortion and
Additive Noise

5.6.Linearized Model For PLL

Our timing recovery loop can be simplified to approximate the linearized dynamics
of a PLL as shown ix Figure 5.13. During steady-state, the phase error in the timing
recovery loop is small enough to assume that the phase detector is linear [TZHM86]. To

map the timing estimate generation block to a linearized phase detector, we must determine
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the relationship between the input phase 6 % and the incoming signal. During steady-

state, z; represents the jitter in the signal and to relate it to the jitter present in the phase of

the signal, we simply divide by the slope of our timing function [TzHM86], such that:

Bip = —;Tk— (5.3)

where s is the slope of f{T) = h.; . This transformation allows us to treat the timing
recovery loop as a linear system (Figure 5.13(b)) which can be easily analyzed.

The linearized phase detector compares the phases of the incoming signal to that of
the clock at each sampling instant, such that its output consists of the error in the input

phase as follows:

& = 6t - O 5.4

The loop filter smooths the error signal from the phase detector to generate a
correction signal c; which will be used by the timing generation block for the adjustment

of the output phase as described by the difference equation:

Ook +1 - Bok = ci (5.5)

The digital clock is similar in its function to that of a Voltage Controlled Oscillator
(VCO) in the analog PLL. In a digital VCO, the ratio of the frequency divider is controlled
as opposed to controlling the frequency in the analog VCO. The correction signal is used

to update the clock's time period T, so as to decrease the phase error.

T = Tp -~ cp] (5.6)

where T, corresponds to the basic clock period when we are dividing by N.
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Figure 5.13: Linearized Model for Timing Recovery PLL

In our case, we must consider an additional digital logic block to include the phase
quantizer effect. Basically, the error signal ¢} is compared against a threshold PQ_THR as
given by (5.1), and a control flag £ 1 is output based on the following test:
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¢ < -PQ_THR T increased

{Samplc later
Divide by N+1

¢y > PQ_THR T, decreased

Sample earlier
{Divide by N-1
During steady-state, after convergence to the optimal phase, the error signal ¢ fluctuates
around £ PQ_THR such that the divide ratio of the VCO is altemnating between N and N+1
or N and N-1. It is easy to see that for our case, the lock range of the PLL is determined
by the nominal divide ratio, N. The maximum and minimum input frequency which can be
held by the PLL is given when the YCO is dividing by N-1 and N+1 respectively. In our
system, fg= 10.24 MHz and N = 128, Having described the function of each block in the
linearized PLL, we will now derive an expression for the transfer function of this system.
For convenience we will work in the Z-domain [LeeM88].

Given the input-output relationship of a linear system, the loop filter output can be

expressed as:

C(Z) = E(Z)x L(Z) 5.7

where L{Z) is the discrete transfer function of the loop filter and E(Z) is the Z-transform of

the error signal & as given in equation (5.4), such that :

E(Z) = 6;(Z) - 0,(2) (5.8

Taking the Z-transform of the output phase in equation (5.5), we obtain:
Z0y(Z) - 6y(Z) = C(Z)

Bo(Z) = —(z:(yzl (5.9)
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Substituting equations (5.7) and (5.8) in (5.9), we get an expression for the overall transfer

function :

_ _6o(Z) _ L(Z)
HE) = = = L)+ 21 (5.10)

For a first order Phase Locked Loop, the loop filter has a constant transfer function of the

form L(Z) = GLpF, where GLpF is some gain factor. Then, H(Z) can be simplified as

given:

H(Z) = 7 (l}I:Pngp ) (5.11)
The above expression shows a real pole at Z =1 - GLpp. In order for the system to be
stable, the pole must be inside the unit circle, therefore, if -1< Z < +1, the loop filter's
gain is limited to 0 < GLpr < 2. For our system, the loop filter can be approximated
according to the above as shown in Figure 5.14. Assuming a small and slow varying
steady-state error, the output of the loop filter becomes a scaled ("smoothed") version of
the filter's input. The transfer function L(Z) can thus be approximated to a constant gain
GLpF as defined by TR_AVG. For. TR_AVG = 1 symbol, GLpF is the unity gain. For
TR_AVG>1, GLpr<1 and the phase transfer function becomes a simple low-pass filter.
This is true in our case since averaging is performed over several bauds as in our previous
example where TR_AVG = 1 frame = 120 bauds.

In brief, with the assumption that the PLL has converged such that the average of
the sampling phase output by the VCO correspends to the desired timing phase, and the
steady-state timing jitter is very small, it is possible to represent the timing loop as a linear
system with low-pass characteristics. In the next section, we will derive the power

spectrum of the input and output jiiter and compare these results for the four timing

estimates.
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5.7.Timing Jitter Spectrum

The input timing jitter as given in (5.3) is a wide-sense stationary random sequence

[TzHMB6]. Its autocorrelation function function can be expressed as:

Rei(m) = E[Oik+m Oik] (5.12)

The input timing jitter and the corresponding autocorrelation function were derived
for estimates #1 to #4 and are given in Table 5.3. RB (m) was detzrmined directly from its
(]

definition in (5.12). First, we replace the received signal samples x; and xi.; by its

equivalent expressions xg = Fag.; h; and x¢.j = Xag-1-i hi ,» we simplify the hp term
=00 =-00

which cancels out and eliminate the h.; term which is zero after convergence of the timing
recovery loop. Assuming uncorrelated data symbols such that E{agag.;}=E(az}E{at.;},

(i#0),-(5.12) can be easily determined for each of the four timing estimates.

L 3.1252}:,2 +4.125h,2) |
(i=])

2{7252}:,2 +925h2) )
(=) )

z;ﬁf 2hi

Table 5.4: Autocorrelation Functicn for Input Timing Jitter
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The power spectrum can be directly obtained from RB.- (m) ,

S, (eol) = R, (m) ejomT (5.13)
6; Z 0;
m=-00

For our case, R, (m) is defined at m=0 only, and is zero elsewhere, resulting in a
I

constant power spectrum as shown in Figure 5.15. RB- (0) can be interpreted as the
i

power in the input timing jitter which is a white random process. For the linearized loop,

the output timing jitter can be directly related to Re (m) as:
i

S ( €97 ) = 5y el ) |i(elaT) 2 (5.14)

where H(e/@T) is the effective transfer function H(Z) of the PLL described in the
previous section, at z = &/®7, Given that H(e/?T) is a simple low-pass function and that
the same H(e/®T) multiplies all of the timing estimates, the lowest output titning jitter will
result from the estimate with lowest input timing jitter. Then, from Table 5.4, we can
directly compare the steady-state timing jitter resulting from each timing estimate as applied
to the timing recovery loop . To add white gaussian noise, we simply replace the received

signal in zx by xk= Xai.i hi + Ni. The noise factors will be similar to those found in the
=00

variance expression.

The output timing jitter derived here represents the case where the dead-zone
threshold PQ_THR=0, i.e. worst case. By choosing PQ_THR appropriately, the steady-
state timing jitter can be significantly reduced. However, the relative performance between
{zi)i=1,2,34 will remain the same. In the next section, we will briefly elaborate on the

effect of the dead-zone threshold (DZT) parameter .
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(a) Input phase Jitter autocorrelation function

Ry(0)

(b) Input phase jitter power spectrum
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Figure 5.15: Input Phase Jitter Characteristics {a) Autocorrelation
Function (b) Power Spectrum

5.8.Effect of The Dead-Zone Threshold

The dead-zone threshold in the phase quantizer allows a reduction of the timing
jitter by allowing a certain amount of phase jitter to be undetected. PQ_THR should be
chosen large enough to eliminate jitter due to the randomness of the signal without causing

a significant steady-state phase offset. This is achieved if the following equation is

satisfied:

<tg>=17 =0 (5.15)

Where 1 g is the timing phase reached after convergence of the timing recovery loop. In

choosing a DZT, it is more practical to follow a somewhat empirical approach where a




g2
compromise value is obtained through observation of a sufficiently large and varied sample
of possible cases. The exact effect of the DZT is difficult to quantify because of the
varying system parameters, but especially because of the feedback nature of the loop
coupled with the strong interaction between the DSP blocks.

The allowable peak-to-peak phase jitter for a certain DZT can be directly determined
from the loop's functionality:

0 - 2 X DZT ho
PP ~ sTx TR_AVG

(5.15)

Table 5.5 gives approximate values for the allowable timing jitter for loops B3 , B4 and SL

for different DZT values that will be used in the simulation in the next chapter.

1

— J, B4LOOF . LOOP |

Table 5.5: Allowable Peak-To-Peak Phase Jitter (% ) At Steady-
State
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5.9.Summary

In this chapter, we analyzed the timing estimates analytically looking at the variance
expressions and the effect of the finite average length, channel distortion and additive
noise. We also developed a linear model of the PLL timing recovery block to derive and
compare the input and output timing jitter spectrum for each of the timing estimates. It was
found that timing estimate #3 behaved the best overall resulting in the lowest output timing
jitter power spectrum as well as the least sensitivity to the various noise sources enumerated
above. Estimate #4 was second best followed closely by estimate #1 with finally estimate
#2 yielding the highest output timing jitter. In the next chapter, we will verify these

theoretical results through simulation.



CHAPTER 6

Simulation Results

6.1.Introduction

In this chapter, we verify the theoretical analysis and discussion presented in the
previous chapter through simulation. A version of the U-transceiver described in chapter 3
is simulated for half-duplex mode. The setup is used to perform the characterization and
comparison of the performance of the timing estimates for the various system parameters
discussed in chapter 5. The simulation setup is first presented, then a detailed investigation
of the behavior of the timing estimates is given for the specified parameters. The theoretical

and simulation results are shown to be very close.

6.2.Description of Simulation Setup

The architecture for the half-duplex receiver used in the simulation is shown in
Figure 6.1. All simulations were generated and performed in the CAPSIM/BLOSIM
environment. A detailed description of the DSP software simulation package is given in

Appendix C. This package is generic and provides the hooks needed to generate building

84
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Figure 6.1:  Receiver Setup for Simulation

blocks in a hierarchical fashion for the implementation of a complex DSP system. The
source code for all the blocks in the simulation of the half-duplex receiver was written as
part of the thesis work using the programming language pseudo-C. A description of this
language is included in Appendix C and the source code for all the blocks shown in Figure
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6.1 are given in [HaYa89]. In CAPSIM, the term topology is used to denote any generic
grouping of interconnected blocks. Figure 6.1 shows the topology used for all the
simulations for the four timing estimates. We should note that this topology was setup to
run at symbol rate, i.e. the DSP functions are executed simultaneously with every block
visited once per symbol. This was necessary due to the feedback nature of the loop. In
this section, the topology of Figure 6.1 including the functionality of the blocks, their
inputs, outputs and parameters will be described. An input to a block is defined as any
signal coming from other blocks, needed for processing by that block. An output from a
block is defined as any signal resulting from processing performed on inputs within that
block and passed out to be used by other blocks. A block's parameter is defined as a
constant (floating-point, integer or character) which needs to be varied for different
simulation runs. Any parameter for any block within a topology could be adjusted at the
beginning of the simulation run. A parameter cannot be changed once the simulation starts
executing. A block can have none or many inputs and/or outputs and/or parameters.

Within our topology, we can identify three types of blocks: source blocks, front
end blocks and adaptive blocks. A source block is a block that does not require any inputs
and is used to provide the data needed to execute a simulation. The length of the simulation
is usually set by these blocks. Front end blocks are the blocks that could be executed at a
higher rate than the symbol rate, i.e. any block outside the feedback path. Adaptive blocks
include all processing blocks within the feedback loop, requiring past values for the
computation of current samples. A brief description of the blocks in the receiver topology
will now be given based on the above classification.

Source Blocks:

DATA: Generates a pseudo-random sequence using the polynomial x0+x3+1)

Qutputs: by = binary bits {0,1)
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Parameters: Initial shift register value = 12 (VOTE: same randomn sequence

is used for all simulations described in this chapter.)
RANDOM: Generates random variables that are normally distributed with mean 0
and variance 62, The polar method is used to generate normally distributed samples
from a sequence that is uniform on (-1,1). The resulting distribution is described
exactly as N(0,62). This method is based on the inverse distribution function.

Qutputs: Nk = additive white Gaussian noise samples

Parameters: 6, RMS power of the output signal
TRIGGER: General purpose block which could be used to provide a triggering
signal to other blocks. It is used here to set the loop filter average length for the
timing recovery adaptation. It is connected to the loop filter and phase quantizer
blocks. It outputs a trigger signal of value 1 every average length TR_AVG, and a
0 at all other times. On the reception of a set control signal, the loop filter sends its
average to the phase quantizer and resets all its variables. The phase quantizer then
generates the appropriate phase jump control signal and sends it to the input timing
generation block. Both the loop filter and the phase quantizer output zeros at all
other times, thus disabling any phase adjustments.

Qutputs: TR_CONTROL = timing recovery control

Parameters: Background control value = 0, Trigger control value = 1,

Trigger period = 120 bauds. (NOTE: TR_AVG is thus set to 1 frame for all

simulations)
Eront-end blocks:
LINECODE: Implements 2B1Q linecoding scheme

Inputs: bk = output of DATA

Qutputs: ax = 2B1Q symbols {13,11)
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CONVL SAMP: Linear convolution and adaptive phase sampling block. In
general, it performs a linear convolution of a finite length impulse response with an
input signal. Here it is used for the front end sampling and timing generation
functions. The channel pulse response and 2B1Q data symbols are used in the
convolution. The phase at which the convolution is performed is read in at every
symbol via the phase jump control signal output by the phase quantizer block. The
channel pulse response is oversampled by a factor equivalent to the required phase
jump increment . When the phase jump control signal is 0, the same phase as the
previous symbol is used (hold mode), when it is 1, the input phase is advanced by
one phase increment, if it is -1, it is retarded by one phase increment. Thus,
convolution is performed at symbol rate with the timing phase defined at every
symbol. This block connects the linear and feedback paths of the loop.

Inputs: ax = outputs of LINECODE, JUMP = phase jump control signal

from phase quantizer.

OQutputs: xx = convolved received signal

Parameters: filename = name of file containing pulse response (one of B3,

B4 and SL loops), initial phase offset value (7/T) = phase value at which

convolution is performed at startup with the phase adjusted from this point.
Adaptive blocks:
ARC: Updates the ARC tap which corresponds to the hg term as described in
chapter 3. This is used by the phase quantizer for normalization of the dead zone
threshold, by the ATQ for the decision thresholds, by the error block for the
computation of the error at every symbol and by the timing estimate generator block
for the calculation of EST#3, as described in the previous chapter.

Inputs: DRX = output of ATQ, ERR = output of ERROR
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Qutputs: ARC_tap = estimated channel gain at every symbol

Parameters: Initial ARC_tap value = 0 (throughout), B = adaptation step-

size,
T DEE: Transversal decision feedback equalizer uses past decisions to cancel the
postcursor ISI as described in chapter 3. It consists of an N-tap transversal filter.

Inputs: DRX = output of ATQ, ERR = output of ERROR block

Qutputs: ISI = total ISI calculated at every symbol

Parameters: N = number of taps, B = adaptation step-size
ERROR: Calculate the error in the received signal at every symbol as described in
chapter 3. Its output is used by the T_DFE and ARC blocks for the LMS
adaptation.

Inputs: RES = received signal after ISI cancellation, DRX = output of ATQ,

ARC_TAP = output of ARC

Quiputs: ERR = error signal estimated at every symbol
ATQ: Automatic Threshold Quantizer slices the input signal to decide on a data
symbol estimate as described in chapter 3. It is a 4-level uniform 2B1Q quantizer
with thresholds (0, £22*ARC_TAP)

Inputs: RES = the clean received signal, ARC_TAP = output of ARC

Outputs: DRX = decided 2B1Q data symbol.
TIME _EST: Computes a timing estimate of maximum length m=3, based on the
Mueller and Miiller method of general form: zx = goxk + g1Xk-1 + £2Xk.2. Itis
used to implement the four timing estimates derived in chapter 5.

Inputs: RES = received clean signal, DRX = output of ATQ

Qutputs: zx = timing estimate calculated at every symbol
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Parameters: METHOD = used to choose which estimate to calculate (see
source code for exact description).
LPFE: Generates a filtered version of the input signal. All the variables and states are
reset upon a high control input.
Inputs: zx = timing estimate , CONTROL = output of TRIGGER
Outputs: TF_AVG = filtered timing estimate output once per CONTROL
trigger.
PHASE QUANTZ: Quantizes a signal to obtain a fixed phase jump control signal.
The following modes are allowed:
If CONTROL asserted:
O=hold if Isignall <threshold
1=advance if signal < - threshold
-1=retard if signal > threshold
Otherwise: hold
Inputs: TF_AVG = output of LPF, ARC_TAP = output of ARC,
CONTROL = output of TRIGGER
Qutputs: phase jump control , sampling phase (%/T) used for plotting
The same adaptation step-size P is used for both the T_DFE and ARC blocks. Its

value is chosen as follows:

1
p= 2N<a2>

(6.1)

where N is the number of T_DFE taps, and <a2> is the MS power in the 2B1Q symbols

calculated as <a?>=3a;p; where pj is the probability of each symbol with assumption of
1

equiprobability, and i is the length of the alphabet.
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The topology described in this section will now be used to compare the

performance of the four timing estimates. The performance criteria used in the comparison

will be described in the following section.

6.3.Definition of Performance Criteria

The simulation results are all based on steady-state behavior. For this, we define

steady-state as the point at which the RMS phase jitter is less than or equal to 3% of the

signalling period (~ 30 dB down). This is somewhat of a less stringent constraint

compared to the requirement of 0.1% of a symbol period stated in chapter 2. However, it

was selected to accomodate the high noise levels that will be used and proved to be

sufficient for our purely comparative purpose. The estimates are compared regarding:

1-

(largest phase reached - smallest phase reached)
T

Peak to peak phase jitter =

RMS phase jitter =

V<phase2> - <phase>2
T

number of phase jumps
total number of phase corrections

Fraction of phase jitter =

average steady-state phase - 1o

Phase offset = T

All of the above factors are normalized with respect to the signalling period and will

be given in a percentage fraction form for convenience.



92

6.4.Simulation for Channel Distortion and Additive
Noise

Given the receiver topology of Figure 6.1, we ran simulations for the four estimates
for the B3, B4 and SL loops for various initial phases and DZT factors, with and without
additive noise. Multiple initial starting phases were tried to ensure that the estimates are
unbiased to a particular sampling point. This characteristic is critical in the convergence of
the timing recovery loop and heavily depends on the channel response. This behavior
usually occurs for one particular phase with all other starting points converging to the
correct sampling phase. As such it is difficult to verify for all possible initial phases for all
the loops, and only a small sample of initial phase offsets can be tried in a testing
environment. However, in a practical system, the starting point is unknown and
convergence to an incorrect sampling phase could cause unrecoverable errors. In our
simulation, it was found that the SL loop exhibited such behavior for one phase offset.
This is due to the receive filter that shapes the channel response for timing recovery. As
mentioned in chapter 5, the receive filter design used is not optimum further improvement
is required. In the SL loop, the filter produced two precursor zero crossings approximately
one symbol away from each other (h-; and h_). The timing recovery loop converges to the
one phase as opposed to the other depending on the shortest distance between the initial
phase and the two zero crossings. If the initial phase is closer to the optimum phase, the
timing recovery loop converged to this correct phase consistently for all estimates. On the
other hand, when the initial phase is approximately in the middle of the distance between
the zero crossings, convergence is unstable and the phase to which the timing recovery
loop locks on to cannot be predicted. This depends on the noise within the system. We
should consider that the first precursor undershoot is much bigger in magnitude than the

second one and convergence to the wrong phase is more likely to occur for very low noise
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levels where the value of the second precursor can be relatively signiﬁcaﬂt. Typically, if
the noise level present is very high, the second precursor will be covered by noise such
that it won't be detected by the timing recovery blocks. Also, if the second zero-crossing is
further than a symbol away, it will be undetected due to the periodicity of the timing phase
within a symbol period. Finally, we would like to point out that the SL loop is the most
unstable for convergence because of the large postcursor magnitude (relatively to the main
cursor), which can cause frequent decision errors (initially) and error propagation. This is
especially true for timing estimates #3 and #4 which rely on the ARC and DFE tap
estimates respectively. The initial adaptation parameters (DFE taps, ARC and initial phase)
should be optimized for the startup procedure such that receiver lock-up to the desired
sampling phase is possible even if a reduction in the convergence speed is entailed. It is
important to note that multilevel startup (decision-directed convergence) as used in our
simulations is not common for existing data communication systems employing multilevel
transmission. Binary training where the threshold levels for the slicer are initially known
and tlie noise margin is higher resulting in more reliable decisions for the adaptation of the
receiver, is more popular than multilevel training (e.g. four-level) which relies on the
received signal for its decisions and thus results in convergence problems even under ideal
channel conditions. However, the timing estimates were derived for four-level data and as
such the conditions which guaranteed an unbiased, low-variance estimate are no longer
satisfied for binary data. This means that we need two different timing estimates (binary
and 2B1Q) if binary training is to be used in our multilevel transmission system. The
behavior of the timing estimates during convergence will not be investigated in this thesis
and multilevel convergence is used throughout the simulations. Problems as discussed

above were only encountered for the SL loop which will be exciuded from this point on
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from our discussion, and correct convergence was obtained for all other cases (B3 and B4
loops).

In the next section, we will discuss the results of the simulations performed in the
half-duplex receiver for the four timing estimates for the various additive noise levels . The
system parameters used are summarized as follows:

- Simulation length: 1 second

- Loops: B3 and B4

- SNR levels: ~ 24 dB, 16 dB, 13 dB and 10 dB

- DZT = 5 (compromise value reached through trial and error, its effect will be

discussed in later sections).

- Initial phases are chosen arbitrarily (neither worst not best case) 7/t = 0.2 to 0.3.

- DFE made long enough to cancel most significant postcursor ISI. (N on the order

of 17 - 28 taps). There is always some residual ISI, especially dug to precursor

effect which is not eliminated.

6.4.1.Performance of Estimate #4

The above receiver configuration resulted in the timing recovery loop failing to
converge for estimate #4. The B3 and B4 loops were tried for various initial phases and
DZT factors, with and without additive noise, The timing recovery loop failed in all cases.
This seems to be caused by the dependency of estimate #4 on the h) term, the first
postcursor value. Since the adaptations of the DFE, ARC and TR loops are performed
simultaneously, there is a very strong interaction between the various DSP functions. This
becomes more obvious when we take into account the successful performance of estimate

#4 for the truncated channel (very small h; term) as described in chapter 5. In this
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instance, convergence to the correct steady state timing phase occurred for all cases. This
problem should be investigated in more detail by studying the interaction between the DSP
blocks. Estimate #4 could still be used, especially if equalization and timing acquisition are
not required to converge simultaneously. For example, one of the DSP functions could be
initially trained alone and after a certain elapsed time or after satisfying some error criterion,
the other blocks are started up. An instance of this in our application would be the blind

search timing acquisition described in chapter 3.

6.4.2.Results for Estimates #1,#2 and #3
The performance measures defined in section 6.3 are calculated for the three
estimates for the receiver parameters given above, and the results are shown in Table 6.1.

Each entry consists of average values for both B3 and B4 loops.



‘ Average Peak to Peak Phase Jitte

2 0.008

16 dB 0.016
13 dB 0.028
10dB. 0.072

_Average RMS Phase Jitter |

|__SNR__| ESTIMATE #1 | ESTIMATE ESTIMATE #3
4 dB

1- | __Average Phase Offset

Table 6.1: Effect of additive noise and channel distortion with
average values for B3 and B4 loops.
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Looking at the overall results, it is obvious that estimate #3 performs better on
average than both estimaies #1 and #2. For instance, estimate #3 yields peak to peak phase
jitter values of up to 4 times lower than those of estimate #2 and up to 3 times better than
those of estimate #1. Note that for high SNR levels, the results for eétimates #1 and #3 are
close (same order of magnitude). However, looking at the RMS phase jitter values,
estimate #1 shows slightly better results. These values could be misleading if not
interpreted correctly. The RMS phase jitter, as derived in section 6.3 measures the
deviation of the steady-state phase with respect to the average steady-state phase. If the
peak to peak phase deviation is approximately equal for two estimates, the phase which
oscillates more frequently and symmetrically around the average steady-state phase will
show a lower RMS phase jitter. This behavior can be seen in the phase plots for the three
estimate in Figure 6.2. The peak to peak phase jitter is much worse for estimate #2. Even
though it behaves more like that of estimate #1 as opposed to estimate #3, the RMS phase
jitter values are worse than those of estimate #3. For estimates #1 and #3, when the peak
to peak phase jitter values are similar (SNR's = 24,16 13 dB), estimate #1 yields lower
RMS phase jitter. But, for SNR=10dB, the peak to peak phase jitter is much higher than
estimate #3 and thus its RMS phase jitter is also higher,

For the average fraction of phase jump, the resulting values differ greatly between
the three estimates. Again, estimate #3 gives very low average values, followed by
estimate #1 with results of 3 to 9 times higher than the former. Estimate #2 yields worst
results of up to 16 times high=r ihan estimate #3 (SNR = 16 dB). It is interesting to note
that the ratio of the fraction of phase jumps of estimate #2 over estimate #3, which gives the
relative difference in the results between the two estimates, is high for high SNR and
decreases with the SNR level, whereas the ratio of estimate #1 over estimate #3 increases

as the SNR decreases.
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Figure 6.2:  Phase Behavior for Estimates #1,#2 and #3, for the B3
Loop, SNR =16 dB

Finally, the average phase offset given in the last section of Table 6.1 shows
contrasting results compared to the other criteria discussed above. The steady-state phase
reached by estimate #2, on average, is much closer to g than estimate #1, but especially
estimate #3. However, the results improve as the SNR level decreases. This can be
somewhat explained by the DZT. The DZT factor was chosen for SNR=e< such that the
timing phase jitter is zero for the worst case (estimate #2). But, for a very high SNR, the
jitter within the system is very small. For a DZT factor of 5, the threshold in the phase
quantizer might be too high such that 7o can never be exactly reached, because timing
adjustments stop as soon as the timing average is within the threshold limits. As the noise
increases, the jitter present in the timing information is increased such that a high DZT will

not stop the timing phase from reaching tg. On the other hand, because the timing
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information is more noisy, it becomes more difficult to stay locked to 7o exactly. For our
comparison, the choice of the DZT is not critical. It is sufficient to verify that for practical
SNR levels, the three estimates perform as expected, without any significant differences
between them.

In conclusion, the simulation results in this section agree with the theoretical
findings of chapter 5. The comparative effect of additive noise and channel distortion on
the three estimates is as predicted by the variance expressions and timing jitter power in the
previous chapter. Estimate #3 gives the best overall performance, followed by estimate #1,
with finally, estimate #2 resulting in much higher timing phase jitter levels. In the next
section, we will examine how the DZT factor affects the phase behavior of each timing
estimate. We will compare the three estimates and verify that the results correspond to

those found in this section.

6.5.Effect of the DZT Factor

In this section, we fixed all system parameters and ran the topology of Figure 6.1
for each of the three timing estimates for various DZT factors. The configurations for the
parameters are summarized below:

- Simulation length: 1 second

- Loops: B3 and B4

- SNR: 14dB

- DZT: 0,1,2,3,4,5,6,7

- Initial phase: (chosen arbitrarily) 17/t =0.2 10 0.3

- DFE made long enough to cancel all postcursor ISI with N = 28.

- B =0.0036
All the performance measures defined in section 6.3 were calculated for every simulation

run, and average values are given in Table 6.2 for each estimate.



L DZT | ESTIMATE #1 | ESTIMATE # | ESTIMATE #3 |
 Avrgerekiore e |
1 0 0.07 0.066 0.054
[ 1 0.054 0.066 0.038
| > 0.052 0.064 0.034

3 0.044 0.056 0.02
| 4 0.012 0.06 0.02

5 0.03 0.06 0.022

6 0.02 0.048 0.024

7 0.036 0.048 0.028

Table 6.2: Effect of dead-zone threshold with average values for
B3 and B4 loops, using SNR=14dB.
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| ESTIMATE #1 | ESTIMATE #2 | ESTIMATE #3 |
| FeactimofPhasegumps |
0 1.0 1.0 1.0
1 0.71 0.8 0.545
2 0.44 0.6 0.22
3 0.223 0.445 0.05
4 0.105 0.31 0.0051
5 0.046 0.225 0.005
I 6 0.0165 0.14 0.0055
L 7 0.072

Avera

0 -0.0043 -0.00624 0.00312
I 1 -0.0035 -0.00624 0.00196
2 -0.003 -0.00408 0.0008
3 -0.00196 -0.00328 0.00156 "
4 -0.00164 -0.0022 0.00116
5 0.00196 0.00196 0.0097
6 0.00488 0.00196 0.012
7 0.007 0.00604 0.0318 |I

Table 6.2: Effect of dead-zone threshold with average values for
B3 and B4 loops, using SNR=14dB (continued).
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The results in Table 6.2 correspond to those found in the previous section,
Between the three estimates, estimate #3 has the overall lowest peak to peak phase jitter
values, as well as fraction of phase jumps and phase offset. However, the phase behavior
for the three estimates differ as the DZT factor is varied. Estimate #3 deteriorates in
performance at a much higher rate than either estimate #1 or #2. Estimates #1 and #2 are
not as affected by the high dead-zone values. Estimate #2 is especially more 'resistant’ to
the dead-zone effect. This can be seen in its resulting peak to peak and RMS phase jitter
that remain almost constant over a wide range or DZT values. Estimate #1 yields bad
results for very low and very high DZT values, and is at its best in the middle of the range.
However, contrary to estimate #3, its performance does not vary as greatly with the DZT.
The different phase behavior of the three timing estimates was discussed in the previous
section, and is shown again in Figure 6.3 (a) to (c). In these plots, we show the
convergence of the phase for the three estimates for different DZT values. It is important to
note that the phase offset results are as predicted in section 6.4.2. Due to the higher
'sensitivity’ of estimate #3 to the effect of the DZT, the phase offset tends to be high,
especially for high DZT factors. We can see that estimate #3 has lower phase offsets than
the other two estimates for the small DZT values. As the DZT becomes large, the phase
offset resulting from estimate #3 becomes worse than both other estimates. However, this
is dependent on the SNR level as well. The effect of the DZT on the performance of the
timing estimates as the SNR level decreases. In a practical system, channel distortion and
noise are among the largest contributing error sources. Since the DZT could not be varied,
it cannot be chosen large enough for worst case SNR levels. It should accommodate
typical system conditions that occur most frequently. Therefore, 2 compromise DZT value

is chosen, typically corresponding to the middle of our range.
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For this reason, the effect of the DZT on estimate #3 is not significant in a practical system.
Its improvement over estimates #1 and #2 with respect to noise and channel distortion will
be the bigger influence on the timing recovery performance. As we have seen in section
6.4.2 as well as in chapter 5, this improvement is quite significant and should be
considered when choosing the timing estimate. Again, the choice of the timing estimate
depends on the overall system, the channel and particular applications. The optimal choice
of the DZT depends on the timing estimate and its performance with respect to the system,
channel, as well as on the DZT itself. However, in general, estimate #3 gives the best
overall performance for most situations, Moreover, if the timing phase jitter criterion for a
particular system is very strict, estimate #3 might be the only possible choice.

In the next section, we will briefly investigate the performance of the three timing

estimates for varying initial phase offsets.

6.6.Effect of the Initial Starting Phase

The performance of the three timing estimates is analyzed as in the previous
sections using the initial starting phase as the reference. Simulations for the three estimates
were performed using six uniformly spaced starting phases and the worst case possibility.
The system parameters are as follows:

- Simulation length: 1 second

- Loops: B3 and B4

-SNR: ~14dB

-DZT=35

- Initial phase offsets: /T = $0.07, +0.2, £0.3, £ 0.5

- DFE made long enough to cancel all postcursor ISI: N =28
- p =0.0036
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The results are summarized below in Table 6.3. Each section of the table includes average

values for both loops.

rrm e o — = T ,,4.1'

iph__ | ESTIMATE #1 | ESTIMATE #2 | ESTIMATE #3 |

Average Peak to Peak Phase Jitter |

|| +0.2 0.034 0.062 0.026

i Averagse RMS Phase Jitter

Table 6.3: Effect of initial starting phase with average values for
B3 and B4 loops, using SNR=14dB.

The steady state performance of a timing estimate with respect to timing phase jitter

should not be affected by the initial phase. This results directly from the Mueller and
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Miiller algorithm as described in the previous chapter. The starting sampling instant should
only affect the convergence time. This will be examined in the next section. Here, we
verify that the timing estimates are not biased towards any sampling point and that
convergence to the optimal phase occurs independently of the initial sampling phase. It is
important to verify that there exists only one phase which satisfies f(zp) = 0, such that the
timing recovery loop doesn't converge to a bad sampling point. Also, the peak to peak and
RMS phase jitter as well as the fraction of phase jumps, measured at some point after
steady state as we have defined it, should not be significantly different for the various initial
phases. Our results concur with the latter in every case. The levels for each criteria are, on
average, very close for all the initial phases given the same timing estimate.

Estimates #1 and #2 are very consistent in that manner. Estimate #3 seems to
behave the worst for larger initial phase offsets. Again, this could be explained by its
higher sensitivity to the DZT. As explained previously, a high DZT factor could
significantly affect the performance of estimate #3, especially when compared to the other
estimates. The small discrepancies in the results of estimate #3 are caused by this factor
since a value of 5 for the DZT is not negligible even for the low SNR of 14 dB. However,
the differences in the results are very minimal with the worst case yielding maximum values
of only 1.4 times higher. Here, the crucial issue is to examine the effect on the steady state
phase offset. On average, we obtain similar steady state phase offsets values for all the
initial starting points for each of the three estimates, including estimate #3. The results are
as stated in Table 6.2 for the DZT factor of 5.

In order to conclude that the performance of the timing recovery loop is not affected
by the starting sampling phase, it is sufficient to verify that the phase to which the timing
recovery loop converges, and its performance within that steady state region, is essentially

the same independent of the initial starting point given similar overall system conditions.
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This is verified for all three estimates as can be seen in the above discussion. It should also
be noted that the relative performance of the three estimates is consistent with the previous

results of sections 6.4 and 6.5.

6.7.Comparison of Convergence Time

This section examines the convergence behavior of the three estimates by measuring
the convergence time for each of them for a variety of system parameters. B3 and B4 loops
are considered, each taken at four different initial phase offsets for five SNR levels. The
results are compiled in histograms, one per loop for every estimate. convergence time is
defined as the time it takes the timing recovery loop to reach the steady state sampling phase
as defined in section 6.3. The simulation parameters are as follows:

- Simulation length: 1 second

- Loops: B3 and B4

-SNR: 10.5, 11, 11.5, 12 and 14 dB

-DZT=0

- Initial phase offsets: 0.05, 0.2, 0.3 and 0.4

-N=28

- p=0.0036

Even though the SNR levels are low such that the DZT should not affect the
performance of the timing estimates, especially the convergence time, the DZT is set to zero
to completely eliminate any such possible effect. In this case, phase adjustments will occur
continuously until the steady state sampling phase is exactly reached. The effect of the
DZT on the convergence time will not be investigated, however it is obvious that a larger
DZT will increase (lengthen) the convergence time. In practice, this should not be
significant because during convergence, the channel distortion is much higher than the DZT

threshold. The effect of the DZT on the convergence time will also depend on the noise
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level as well as the channel pulse response. Our objective is to briefly compare the
convergence time for the three estimates using a sample group from the infinite number of
situations possible in such a system. The sample group is chosen large enough such that it
conveys a good representation of the overall convergence behavior of the timing estimates
in the given system. Very low SNR levels are included to estimate worst case convergence
times. The results are shown in Figures 6.4 (a) to (c) for the B3 loop, and Figures 6.5 (a)
to (c) for the B4 loop. For the B3 loop; convergence occurs in less than 300 ms in 65% to
75% of the cases. B4 loop shows better results, with similar convergence time in 80% to
100% of the cases. The B3 loop results in very long convergence times for all three
estimates for the low SNR levels of 10.5 and 11 dB. The timing recovery loop failed to
converge for SNR levels less than 10 dB for al! three estimates and for both loops with a
negligible relative difference of less than 1 dB between the three estimates. On average,
estimate #3 yields the lowest convergence time for both loops. The results for estimate #2
and #1 are very close. Estimate #1 is slightly better, giving a higher percentage for
convergence times of less than 150 ms. However, overall, the differences in the results
between estimates #1 and #2 are not significant. The convergence behavior was not
analyzed theoretically and our discussion is based on simulation results only. This exercise
helps us to globally compare the convergence behavior of the three estimates such that any
significant discrepancies are revealed. This is important because steady state behavior in
itself is not sufficient to truly compare the performance of the three timing estimates. This
brief comparison of convergence time allows us to complete the characterization of the
estimates. Our results in general, agree for all stages in the operation of the timing recovery
loop, such that further analysis should not reveal any differing outcome which would

weaken the validity of the overall comparison.
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Figure 6.4:  Convergence Histograms for Estimates #1, #2 and #3

for the B3 loop




110

fraction of runs

A (a) ESTIMATE #1

1.0

0.8
0.6 —

0.2 —

150 300 450 600 {ms)

fraction of runs

0L (b) ESTIMATE #2

0.8 —

06 T
04 —

0.2 —

T/

150 300 450 600 (ms)

fraction of runs
(c) ESTIMATE #3

150 300 450 600 (ms)

Figure 6.5:  Convergence Histograms for Estimates #1, #2 and #3
for the B4 Loop
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6.8.Summary

In this chapter, we used software simulation as a tool to compare the performance
of the timing estimates in the practical timing recovery loop. Code was written for the
CAPSIM/BLOSIM environment for all the blocks needed to implement the system
described in chapter 3. The effects of additive noise, channel distortion, dead-zone
threshold and initial phase offsets on the steady state performance were investigated. In all
cases, our results agree with those expected from our theoretical analysis in chapter 5.
Direct relation between timing phase jitter quantities calculated from simulation results and
those predicted through theoretical analysis is not possible due to the complexity of the
system and strong interactions between blocks. However, the relative performance of the
timing estimates can be directly compared. Accordingly, we found that estimate #3
performs best overall with higher margin for noise and channel distortion and lower steady
state phase jitter. Estimate #1 is chosen as second best with results close to those of
estimate #3 more frequently than those of estimate #2. This latter produces the worst
steady state performance with significant differences as predicted in chapter 5. The
convergence time was also examined and similar results were found. The results pertaining
to the effect of the DZT showed estimate#3 with a higher 'sensitivity' to this threshold than
both other estimates. However we found that this effect can be quite easily reduced. In
general, the performance of estimate #3 was better for low and high dead zone thresholds.
Finally, estimate #4 was found unstable in its performance in the half-duplex receiver of
Figure 6.1 and was thus suppressed from the comparison. A brief discussion was given to

that effect,



CHAPTER 7

Conclusions

7.1.Concluding Remarks

In this thesis, we have examined the behavior of four timing estimates based on a
symbol rate timing recovery algorithm described in [MueM76], for the timing function
f(t)=h.), as it applies to DSL for ISDN applications in a 2B1Q U transceiver. Theoretical
and simulation results were compared for the four timing estimates given in Table 5.1. We
show that even though all satisfy the conditions stated in [MueM?76], and all are of equal
length m=2, their performance in a practical system differ greatly.

It was found from the variance expressions given in Table 5.2, that estimate #3
results in the smallest error due to channel distortion and additive noise. Estimate #4 was
second best with an error that is twice as high as that of estimate #3. Then follows estimate
#1, and finally estimate #2 with an error of ~ 7 times that of estimate #3. Estimate #4
showed better results for the effect of the average length TR_AVG, yielding the lowest
MSETR_AvG given in (5.2). It was followed by estimate #3, then estimate #2 with
estimate #1 being the worst. This effect was found to be negligible for the practical
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TR_AVG values of 1 frame and higher, but should be taken into consideration if only one
or a few symbol rate samples of z;, are used to estimate f(t). A linearized model of the PLL
for the timing recovery loop was developed and the output jitter power spectrum was
compared for the four estimates with results similar to those found from the variance
expressions.

A half-duplex receiver that corresponds to the U-transceiver described in chapter 2
was simulated and the behavior of the four estimates with respect to the various system
parameters for three test loops was investigated. Estimate #4 failed to converge for all
cases when the various DSP functions were added to the system. This seems to be caused
by its dependence on the first postcursor term, resulting in a strong interaction with the
other DSP blocks (equalization). Estimate #3 yielded the best results, giving the lowest
steady state phase jitter for high and low SNR and MSD values. It was followed by
estimate #2 with very close results for high SNR levels. Estimate #2 gave the highest
timing jitter for steady state behavior, The simulation results, in general, agreed with the
those found theoretically, with ihe exception of estimate #4. The choice of the dead-zone
threshold was discussed, and estimate #3 was found to be the most sensitive to this effect.
The steady state phase offset was high for large DZT values, especially when compared
with the other two estimates. However, in situations where noise is predominant, this
would be an advantage at steady state. Convergence times were also compared. These
resulted in shortest convergence times for estimate #3, followed closely by estimate #1 and
finally estimate #2 taking the longest times, on average, to reach the defined steady state
region.

The above results were obtained for two test loops with and without bridge taps.

The short loop (SL loop) was found to have problems converging to the right phase
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because of a second precursor zero-crossing. This would imply that the design of the
forward equalizer is very important to ensure guaranteed convergence to the right phase.

In conclusion, the Mueller and Miiller algorithm allows you an infinite choice of
timing estimates for the same timing function and line code. The optimal choice depends
on the particular system, channel response and present noise. Ease of implementation and
economical limitations are also important factors that should be considered. Estimate #3
and estimate #4 both have a direct dependence on terms of the channel response. This
might prove more complex to implement in a practical system. Estimates #1 and 2 are
similar in their complexity, however, their performance greatly varies. For digital
subscriber loop applications, an optimal solution might be hard to identify analytically due
to the wide range of loops and variety of states of the system. A brief preliminary
theoretical analysis of the problem with more elaborate simulation performed on a large

sample of applicable situations proves to be the best practical solution,

7.2.Recommendation for Future Works

A detailed study is essential to determine why estimate #4 fails to converge in our
practical receiver. The interaction between the various DSP blocks should be more closely
investigated, and the startup procedure for the various blocks to optimize receiver
convergence and decouple the interaction of the blocks should be developed. This could
solve the convergence failure of estimate #4. The design of the receive filter and its effect
on the timing recovery loop requires further study. The performance of the timing
estimates should also be verified for the short loop.

Full-duplex integration of the U transceiver blocks should be completed and
simulated, to compare the performance of the four estimates in full-duplex mode, taking

into consideration echo cancellation requirements and the various noise sources described

in chapter 2 (crosstalk, impulse, echo noise).
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The use of a higher order PLL (second order loop) in the timing recovery block
could be investigated to improve the performance of the timing recovery algorithm. This
will allow the use of previously détected timing errors for the adjustments of the input
phase. A closer look at the choice of the averaging length during convergence and steady
state could improve overall timing acquisition Finally, a more detailed analysis of the PLL
to characterize the convergence behavior would greatly improve the understanding of the

problem and facilitate design changes for overall system improvement.
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Appendix A
Verification of E{zk}=f(1)

A.1 Assumptions

1. Equiprobable and uncorrelated 2B1Q data symbols with alphabet

{-1,+1,-3,+3}, such that: E{ag; ar.j}= E{ar;} Ear} for i#j.
2. E{ar}= %akLPL

where L = number of symbols in alphabet = 4
P1, = probability of corresponding symbol = 1 for equiprobable a; 's.

* Using the above expressions, we get the following:
1 1 1
- E{ar b= (g +Clg+ (3)F+ (37 = 0

3

E{a"}=0, forpnodd.
E{a?}=(27+ 125+ @305+ (a02) =5

E{af}= (1)43,1-+ (-1)4%+ (+3)4%+ @BYE -4

E{aif }= (167 + (1S 7+ (3 F+ (363 =365

E{af =187+ 185+ (38 5+ (381 3281
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A.2 Estimate #1

2
2k =£"16—52 (ke Xk-1 - ag-1 Xk )
2.
E{z1x } = E{ M(akxk-l -Qk-1xk )}
E{zjt } = E{ l——1(chrcxk-1 }1-E{ -(—L—z(ak-z xe )}

* Replacing xx = Xhi ag.;
1

2. 2.5
B{ 20 }=E {4500, shiapry }-E (&7 Da, Phiaki }
1

* Taking the first term, we get;
2 _ .
B {%e o Shaprs 3= B (25D Thiae1i}E (o} foriwl

* with E {a; } =0, then, the second term = 0 fori =-1.

B %00 Shiars 1= hy B @D g § foriao
= hy E{El%2 sfﬂﬂ}

fori=-1

* with E{ay2 } =5 and E{ay? } = 41, the first term becomes:
=h] E {f—é-s%}= hy fori=-1

* Then the first term =h.y_for all i's

* Taking the second term of the above expression;
2.5 2. :
E {'(i_klﬁ—_)'ak-] Shiapi } = E { ﬂ‘ﬁ"s-)' Shiagi }E {ar.; } for il
1 i

* We have E {ai.; } = E {a; } = 0, then the above expression becomes;

E {‘(—Liak-l ):,h; ari } =0 for i#l



124
(a2 - 5) 2.
E {~% . “k'f?'iak-i Y =h E{ﬂ‘lﬁ—sz}s{ak.ﬂ} for i=1

*We have E { ap.1 2 } = E {a;? }=5, then the above expression becomes;

2.
E{E“T)aw ):hzak-:} hj {E{ak I3 >

2 JE{al =k {F -5)5=0

* Hence, E{z;t}

E {first term} - E {second term}, resulting from above,
E{zk }

h.p =flt)

A.3 Estimate #2

¥4 = —— -l Xk.] + L.l X
2k '\Bak+5( kXk-] + Qk.] Xk )

E{z2k } = E{ \,——1— (-apxe.; +ag.7 xx )}

E{z2x } = {wl'a s (-akxg-7 )} + E{\,— (ak-ka )}
* Replacing x; = I}li Ql-i
E{z2e } =Bl \{— 5 Cak ):h; f.1-i )} + E{\,———-— (ak-1 21.‘.11.' ak-i )}
* Taking the ﬁzsngun'
{4_ 5 Co Phiaeri)l= - Thi E{—*——

} E {ag.;.; } for i»-1
r‘ k { I-i }
* We have E {ap.;.;} = E{ar } =0, then

* The first term =0, fori=-1.
l aé .
E - . f. . 1 = _h_ = -
{'\Bak +5(ak El;hzakh)} 1 E{\Gak } fori=-1
* Using assumption (2.) ,we calculate E {r—alz-—

= « 1, Then, the abo
Sap + 5 } ve
expression becomes:
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E{\G—a:-—s(-ak Zl:hiak-l-i Vb= -hy (1)=hg fori=-1

*The first term=_k; foralli's.
* Taking the a:c.ond_t:mr
E{/—— J5a; (ak-I Z‘ﬂ. ar-i)} =B{ m——— \Fj zh, a-i } E {ag.; } for i#l
* We have E {ak 1} = E {ag } =0, then the second term =0, for i1
1 .
{\,3. — 5 @k Zh,a;” )} = h]E{m}E{ak_jz}for1=l

* From (2.), we have E{ m } =0, then the second term = 0, for i=1

*Then, E {22t } = E {first term} + E {second term}, resulting from above,
E {z2e }= h.; = f(7)

A.4 Estimate #3

1
23k = ar (xp.] - hp ag.
3k = a (Xx-] - hp ar.j )E{akl’}
1
E{z}= E{ag (x1 - hp ax.
{ 0 ak.1 )E{a;,?}}
* We have E { 1= 1 =7_15- (E {constant} = constant ):

E{ak*? } 7 E{ax?}
E{zg }= gE {akxes }- %ho E{aap.; }
E{zx}= %E {agxe7 }- lha E{at}E {ar;}

*WehaveE {a; } = E {ak-1 } =0, then the above expression simplifies to;
E{zx}= —E {ak xg-1 }

* Replacing x; = Shiagi ,
i
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1
E{zz }=5E{a ?Iiﬂk-bi}
1 .
E{zs}=sE{a }YE{ Yhiar1i} for i=-1
1

* Again, given E {a; } = 0, the above expression = 0 fori =-1.
E{z3}= 5 hs E{e?} fori=-1

* Replacing E { ¢? } =5 in the above expression, we get;
1
E{zk}=735h1 )= h;

E{z3k}=h.1 =f(7)

A.5 Estimate #4

24k =

1
agXg.] - ag.] X + h
E{ak2}( kXk-1 - Q] Xk ) 1

E{zar }=E{

1
Qg Xi.] - Q] X, + h
E{akz}(kkl k-1 Xk ) 1}
*E{h1}= h1 (E {constant} = constant ), then the above expression becomes;

E{z4r } = Eta E {akxt.1 } - - {alki? ;

E{akrxe}+ g

* Replacing xi

2hjag.; in the above expression, we get;
1

1
E{zqr } E{ax Thiag1.i}- E{ar; Shiari} + hj
1 1

1
E{a: } E{a: }
* Taking the first term;

E {ar Shiag.1.i} =
1

1 1 .
E{a;}E jag.y.; } fori=-1
Elag | Etad ] {ar } {?h i
* Since E {ar } =0, replacing in above, the second term = 0, fori # -1

1 1
E iGk-1-i } =
E{a;? } tax 2?‘ 914} E{ai? }

* Replacing both expressions of E {a;? } = 5, we get;

E{a?} hg fori=-1

1 1
E{a jak-1-i } = g(5) hg = h.
Etad ] {k%‘}hkh 5(5) hp = hj
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* The firstterm = A.7_ for all i's.

* Taking the second term;
E {ai-; )l:}ri ak.i} =

1 1 .
E{ar;l1E jag-i} foriel
E{akz} E{akz} {ak.1} {?ﬁ: k-i }
* With E {a;.; } =0, thesecondterm=0fori=1

E {a;.; %hs Qi } =

1
E{ar;23} A
E{a } Bla@y o lkITHH
* Replacing E {@? } = E {ax.; 2}, then the above term simplifies to &;

* The second term = h;_ forall i's.

* Then, E {z4¢ } = E {first term} - E {second term} + &;
* Replacingwe get, E{zgt}= hy - by + by = h;
E {zq1 } = h.] =f(7)
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Appendix B

Derivation of the Variances

B.1 Derivation of the Variance Expression:

In this section, we derive the variance expressions for the four timing estimates

using equation (4.22), repeated below for convenience:

Var{z }= E{(hTde 2}+ E{gTQg }+ o E{guTIg } (B.1)

Given (4.18) Aigr =u+dg, then forf{t) = h; for m=2, (4.18) becomes:

ar O 1 (=u.)) dg-2
|:ak-1 ai ] gi ] = [0 (=uo)]+ di-1 (B.2)
0 agj 0 (=uj) di

Multiplying each side, we obtain:
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ak Bk-1 -1 +dp.2
Qk-1 8k-1 + Gk Bk |= dg.} (B.3)
ai.1 8k dp
The above expression yields the following equations:
dp-2 =1+ ap gg-1
di-1 = k-] 8k-1 + Gk Lk (B.4)
dr = ag.] gk

(B.4) will be used to calculate the dy terms for each estimate from the

corresponding g 's.

Taking the first term in (B.1) and expanding, we get:
(B.5)

dg-2
hTdg =(h.1 hoe h; ) [ dg-1 J:h.} dr-2 +ho di-g + hy dy,
d

Replacing (B.4) in (B.5), we get:
(B.6)

hTde = by (1+ ap g1 Y+ ho (app 8kl + a 8k )+ H1 Al gk

Squaring (B.5) and taking the expected value:
(B.7)

E {(hTdg )2} = E{ (h. da +ho di.g + by di)?}

Expanding (B.7), we get:

E{Tdr )2} = E{ hy27dk 22+ hp2d 12+ hy2d2 4+ 2hphydepdiy +
2hyhrdpade +2hhy di dpy } (B.8)

Simplifying (B.8) by removing the constants from the expectation:
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E{hTd )2} = h12E {dk22}+ ho?E {dp.1 2 }+ hy 2E {de2 } +
2hoh.y E{dr2dks }+2hihy E {dp2dx }+
2h.p ho E {drdy.; } (B.9)

After determing the di terms for each estimate from (B.4), (B.9) will be used to

calculate the first term in the variance expression in (B.1).

Taking the second term of (B.1), we expand the matrix Q from (4.15) as follows:

Q=E{a} T hiphip = mjjia12ju12 (B.10)
p(»1,2)

From (B.10), we expand the first two terms of the second term of (B.1) to obtain:

j=1 =2
S hip? ZThiphap | io
gt Q=(gk-1 8% VE{a2}| »wi12) 7 peal)? ¢ | 1=1 (B.11)
Thiphzp  Thyp? | i=2
(»1,2) p(=1,2}

Multiplying the terms of (B.11), we get:

2
T Q= E{akz}(gk-J leig-p +gkp( z'hl-phz-p 8k-1 th-phz-p+8kp ( E’g ) (B.12)

Adding the last term of the second term of (B.1) to (B.12), we get:

_ 8k-1 1 Thip?+ hi-ph2_pgk- hy.pha.pt h.,2
0T Qe =B ) (801, Zh 7 0k, Jlrheoses Shihoose Sherty

(B.13)

Multiplying the terms in (B.13):
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T = E{a;2 12 Shi 2+ 2 . hyphap + gk2 Tha,2)  (B.14)
2" Qg {k}(gup(g.'zg p gkgup(g.z{ ph2.p + 8k p(g'z)p

Taking the expected value of (B.14), we obtain:

E{g.T =E{a}E{gr-12}} Sh;.2+2E § hi-pha.p +E{gt %} Tha.p?)
{2:TQgk }=E{ar?}(E{g-1 }p(ﬁzg {8k 8ie-1 }p(g’z.)rp 2.p +E{gk }p(ﬂ'z)p

(B.16)

(B.16) will be used to calculate the second term in the variance expression of (B.1).

Taking the third term of the variance expresion of (B,1), we expand as follows:

e Tee =Coet 2x ) (o7) (857 ) (B.17)

Multiplying the tems in (B.17);

gl g = g2 + gi2 (B.18)

Taking the expected value of (B.18) and replacing in the last term of (B.1):

o? (E{gi'I gk D= o E{gri2}+ E{gk2} (B.19)

We will use (B.19) to calculate the last term of the variance expression of (B.1).

B.2 Variance of Estimate #1

For the estimate #1, the weighting coefficients are :

1
8kl = g a @2 -5); 8k =-Tlg a1 (@2 -5)
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Then from (B.4), the di 's are:

di.2 =1+Tlgak2(ak2 -5)
1 1
di.] =1g ak-1ak (@i -5)-{gar1ak (a? -5)=0

1
dr = -1gak-1%(ai? -5)

From (B.9), we need to calculate E { dp.22 L, E{dx2 },E {dr2 di }:

1 5 25
E{d22}= E{“*E ot -teal Y =

E{ d?}= E{(16)20k- ‘@ -5 1= 15

E{dk-2 di. }-E{- g k12 (a? -5)}1+ E{-

(16)20"' 1242 (@2 -5 }='16

Then, the first term in the variance is calculated:

41 25

E{(hT d¢ )2} = h.1 16 +?h1 h.}

16

For the second term of the variance, we need E{ gx 2 },E{ gr-1° L.E { gk-78% }:

E{ge’}= (16)2 E {af (& -5)2}

E{gii?}= )g{E{akG} 10E { a4} +25E (a2 =1

(16

E{g?}= (16)2 E {a-12} E {(a? -5}

E{g?)= 2

(16)2E{ak-12}{E{0k4} 10E {a? } + 25} =7¢

E { gt 8k.1 }='(IIT)ZE{Gk-1}E{ak(ak2 -52}=0
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Replacing the above in (B.16), we get:

25
E{g’Qer }= {6 { Ship? + T ha,p?}
a1’ pel)

Seti=1-p,ifp+#12theni=0,-1;andj=2-p,ifp# 1,2 thenj= 0,+1;

replacing in the above equation , we obtain:

E{gTQg: }= { a2 + Y R2 0}
i(=1) j=1)

(Noze: A () prime on a summation denotes absence of zero term)
To calculate the last term of the variance, we use (B.19) and the terms E {22},

E { gk-12 } as determined above:

PE{g g }=P{E{gk2}+E{gr? }}= 2 (= i)=%ae=o.62502

Adding the three terms, we get:

2 ] L]
Varlzn =5 ha? v h2-Barng + B0 a2 4 T k2 1 062507
i(=1) j&D)

Grouping the terms and simplifying we get:

Var{z]k}—- E hi2 1611.] + 2 h“r h}2+h1 -2—85-111 hy +0.625¢02
(’ﬁ-l) ( 1)
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Combining the first two terms ylelds 16 Z hiZ and similarly, the second two

terms yield T 16 2 k2 , and combining both summations, we get:

Var{zjz } = ?5 > h2 4 hy? - 2?511;1:_1 +0.62502
1

B.3 Variance of Estimate #2

For estimate #2, the weighting coefficients and di terms are as follows:

gl =—=—t—0; e =l
i VSap +5° VSap.; + 5

2
dr. =___l£k__ 1
k-2 V35 ag +5

- @k Q-] Gk Qk-]
N5ap +5 V5ap +5

Ld" e e Gkl
V5a; +5

From (B.9), we calculate E {dr.22},E {d;2},E {drdi; }

ar? .2 a2 13225 245
(5ai? +10¥5 ax +25) " VS5 ap +5 40

E{dr22}=Ef{

4 205
E{di2 }=E k-1
L = T s ey v 25 " D

- ap? ag g2 -165
E{dis di }= E Gk~ Gk-] -
{d2 di } {Sa,:;2 +10v5 a; + 25} 40
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Then, the first term of the variance becomes:

245, , 205, , 165

E{(hT d¢ 2 }=Z5 h1? + 35l %-55

hy h;

For the second term of the variance, we calculate E{gr 2 },E{gg.;2 }.E{gr.1 gk }

ai? }=§_§_
S5a;2 +10v5 a; + 25° 40

E{gr?}= E{

2 25
2 =E Qk-1 = =
Efae®} {Sakz +10v5 ap + 25} 40

ag
(¥5a; +5)

E{gr g1 }=-E{ar1}E{ > 1=0

Replacing in (B.16), we get;

25
E{elQe}=5G) ThiP+5G) Tho?
p(#1,2) p(*1,2)

1 ' 12 '
E{gfQul= G T n2 + (2 Y ap
i(#-1) &

For the last term in the variance, we use (B.19):

oZ (E{geTIgr D= P (E{gri?}+ E{gk2}D= ﬁ%*i_g)z%é

Adding the three terms, grouping and simplifying, we obtain the variance of

estimate #2 as follows:
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245 205 165 1 125 8
1(¢-1) _|(¢1
165 2 125
Var{zz;c}- 40 Zh; 20 hy? 152}1, hy2+
=1
80, 7,80, 2 165
ah1? +qg 255 "1 h.y %""

Var{zzp }=7.25 3, b2 +2 h.32 +2 h;2 + 8.25h1h.; 1.45 o2
i

B.4 Variance of Estimate #3

For estimate #3, the weighting coeffecients are:

alk .
E{a?}

8k1 = gk =0

This is based on the error signal as given in equation (4.12) instead of the received
signal, for this, a slightly different approach is required. We will determine the variance

from its definition: Var{zx } =E{ 22} - E2{ z; }. First we will calculate the E{ z; 2 }.
E{z?}= E{giTer eTge }= E{gT (xx -ho ar ) (X -ho a )T g }
Expanding the above expression into matrices and vectors:

E{z%2}= E{(gk-1 8k ){x“ “ho a-; } (xk-1-ho ak.1 Xk -ho ar ) (g" )

xg -ho a

Multiplying and simplifying, we get:
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E{zp 2} =E{ @k xexkTgr }-2h0 E{ gxTxp axTge }+ o2 E{ g Tag 2, T gy }
The second term of the variance E2{ z; } will be calculated using equation (4.12).
E2{z;} = E2{gTxx }-2hp E {gTxx JE {gTax}+ ho2 E2{g;T ar}

Subtracting the second term from the first:

Var{ z;x }= E{ gkl xexe Tge }-E2 {gTxp } -2k E{ Tt 2, Tgp }+
2h0 E{gc™k YE {gTar} + ho 2 E{ gTag ax Tge }- ho2 B2 {g:T a; )

The first and second term of the above expression give the variance expression in

(B.1) and will be calculate as for the previous estimates, Then, the dg terms are:

dp.o = _‘IL .
E{a:?}
de.; = S£%k-1
1= E{a2}
dry =0

E{di2?}= 35E{a?}-2 Efa}+1-18

E{de12}= E{akz}E{akoIZ}"'

E{dr.1dp2} = E{ak-I}E{aka 15"—}=0

Calculating (B.9) from the above:
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E{(hT de 12} =22 hy2 + o2

Now, we calculate (B.16); for this we need E { gr.;2 }. The other term gk =0..

E{g?}= 75 E{a?}=1

Then from (B.16), we get:

E{ el Qg }=53 LS 2
l(at-l)

Now we calculate (B.19) for the noise term:

? E{gd g }=50% =020

Now we calculate the third term in the variance i.e. -2 g2 E { T xe arTgy .

2ho? B {mTxear T =200 (g1 g4 ) (U1 ) (anr ar ) (B!

We multiply the above, simplify by replacing the weighting coefficients in 8k 's

)

and xi by 3h;ak.i ,and calculate the expectation of every simplified term:
1

292 E {giTxr ar Tgy }= - 2hp2

Now we calculate the fourth term, 2hp E {e:Txr YE {mTa;}:

2ho E{gsTxx E{giTar} = 2h0 %E {@Gk-7 gk ) (x" - )} E{gk-1 &k) (a“ )}
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Muitiplying, simplifying and replacing as in previous term, we get:
2ho E{grTxx E{giTag} =0
Now we calculate the fifth term, #p2 E{ g,Ta;, a, T &}
ho? E{geTar aeTge b =hp2(gr-1 g2 )( )(au ak)(g“
Multiplying and simplifying:
ho? E{ guT o ar T g } = hp? E{ gps2 a2} = hy 2
Now we calculate the sixth term, - 2 E2{g;Taz}:
~hp2 B2 {gTar} =-hy2 E2 {(gk-1 gk ) (a" -1 ) }
Multiplying and simplifying:
-ho? E{miTar}=-h92 E2{ gz} ap; =0

Adding all the terms together, we obtain Var{ z3 }:

Var{z_gk}-zsh-] +ho%+ X' h? 10202 -2hg24 hy?
i(=-1)

Cancelling the terms and recombining the A.; term with the summation:

Var{zz}=22hs2 4 Y h2 . = h? 4+ 0202
i®1)

* Grouping the terms:
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Var{ z3¢ } = Z' hi2 -0.36h.;2 +0.2 o2
i(=-1})

B.5 Variance of Estimate #4

This estimate uses the signal x; and some constant offset #; , then (B.1) can still
be applied since the expectation operator is linear; and we can find the variance using the
same steps as for estimates #1 and #2, with minor manipulations. However, it proves to

be easier to derive the variance of estimate #4 directly from its definition as follow:

8k-1 = -8k 8k = Q-

E{a } " Elad
Var {zgx } = E {z4¢ 2 } - E? {z4¢ }

E{z4x 2} = E{(g %k + h1)2}= E{gToexe T gx }+2h1 E{gT xx } + hy2

Ef{zqr }=B{ &Txk}+ by = hy > E{ gTxe}=hg - Iy
Replacing in E { z¢2};

E {z4x2}= E{@Txexk T g }+2h1(hy - hgy ) + b2

E2{zgx }= hp?



141

Var{z4x }= E{g"xexeT g }+2h1hy - 132 - hy2
Now we evaluate the term E { geTxex: T g¢ }:
E{ee™exkT g Y=E{gr-r2x12+ 8k 2 22 +2 8) 8k Xtel X }

Replacing the g 's with the weighting coefficients and x; terms with Yhiag.;,
1

we get:

E{geTxexeT g }= m[E{akz Ehzak;Z }+

E{ ar.;? 2 hﬂ Ao 23}+2 E{apar; Z‘,Zh, ax-ihjag-; }]

E { gxTxe xx Tgr } = [E{ar? }E{ ar.12 Y hp2 + E{a)? }h.;? +

EZ{ a2}
E{a?}E{ar1.i2} ¥ hi? +E{ ar- 2YE{a}hp?
i(=1)

E{ar/*}h12+ E{ap12}E {a} Y h;j2 -
j&=1)
2E{a? YE{ar-12Yp? - 2E{a? YE{ ap.12 Yh.1 by ]

E{glcTXkaTgk}— s=h? + Zh,z +;—§h12+2 h -2hy hg
i(2-1) jED

Replacing in the variance expression of estimate #4:
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Var{z4k}--— Z hi? + —-h1 + hi2 -2hy h.p +2hphy -hy2-hy?

(1)

Rearranging and grouping the terms, we simplify as follows:

9 9

2
Var{24k}—25h-1 +Z hi? +-—gh1 + E h 2 "2?"-12'2_5"12

i2-1) j@1)

' 9
Var{24k}=2z, hi? - 5zhp? -%h.rz
1

As mentioned previously, the above expression can be also determined from (B.1).

It was verified and similar results were found. This will be used for the noise expression:

P E{gTl gr }= P(E{ger?}+ E{g2}

R E{mT g }= P (5+5)=202 =04 &

Replacing in Var{z¢; }:

Var{24k}=22'h52 - %h.] 295h12+04 g2
i
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Appendix C
CAPSIM/BLOSIM Simulations

C.1 Introduction

CASPIM/BLOSIM or BLOck SIMulator/CAPture SIMulate, is a time driven signal
processing simulation program suitable for digital signal processing and sampled-data
communication systems. It provides great flexibility in the setup, configuration and
alteration of simulations by allowing a hierachical structure of systems from basic simple
building blocks to higher level groupings of these blocks. CAPSIM is the front end for
BLOSIM providing the graphical interface for simulations, plotting facilities, sequential
simulation analysis and easy retrieval of block-related information.

There are three basic building blocks: stars, galaxies and universes. A star
corresponds to small pieces of simulation programming written in pseudo-C code which
will be described later. It can have none, one or multiple inputs and/or outputs as well as
user-definable parameters. Stars performing basic common signal processing operations
(ex. add, multiply ) are provided in the CORE (main) library. User-defined stars can be any
specific operations implemented in code and stored in the user library. The creation of

custom made blocks will be described in the following sections. A galaxy is a larger
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building block created out of interconnected stars and other galaxies with none, one or
multiple inputs/outputs/paramters. Any of the galaxy's blocks' inputs, outputs or
parameters can be defined as the galaxy's inputs, outputs or parameters. The collection of
stars and galaxies that form the executable simulation is called a universe. This highest
level block does not have any floating inputs or outputs. All inputs should be connected to
signal sources and all outputs should be connected to signal sinks. A universe is specified
by its topology. The names of stars and galaxies, their respective parameters and the
specification of the interconnections between them is called a topology. Topologies can be
stored and reloaded. Topology files will be described in detail in the next section.

A simulation (universe) is constructed in the graphic domain by creating a block
diagram of the system. This corresponds to bringing in instances of the required blocks
and galaxies into the user's workingspace, interconnecting the inputs and outputs and
specifying the parameters of every block. Simulation input can be derived from files or
data generation blocks. After the universe has been defined graphically by the user,
CAPSIM reads or "captures” the topology information in a non-graphical form which is
used by CAPSIM/BLOSIM when the simulation is run. Simulation output can be plotted
or stored in data files which can later be used for plotting, printing or as inputs to other
simulations. The window-based user-interface is friendly with icons and pop-up menus
for mouse-selectable functions and keyboard entry.

A more detailed description of the CAPSIM/BLOSIM environment is given in
[[StFA88], [NoPA89] and [HaYa88]. The complete description of the simulation
environment created to model the ISDN U transceiver with all the stars including their
source code, galaxies and universe topologies used, is given in [HaYa89]. A detailed
description of all the blocks described in chapter 6 for the simulation of the half-duplex

receiver as well as all the blocks needed to incorporate the full-duplex transceiver as
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decribed in chapter 3 is included in [HaYa89]. In the next sections, we will briefly
describe the topology file and the pseudo-C template provided for the creation of a custom-
made block (star), as well as give an example related to the ISDN transceiver simulation for

each.

C.2 Topology File

The topology file is divided in two sections: the star/galaxy information and the
interconnection information. For every star/galaxy in the topology, the star/galaxy
information includes the type of the block (star or galaxy) star, the ID of the block, and the
block's name. This is followed by a list of all of the block's parameters, numbered from
zero and up, with the type and value of every parameter. A parameter can be integer,
floating-point or "file" (character) type. The value of the parameter is the actual numerical
or string entered by the user. The interconnection includes a list of the interconnected
inputs and outputs Every interconnection is specified on one line with the keyword
“connect", followed by the input's star ID, the input number, the output's star ID and the
output number, as well as an optional user-specified signal name (for the signal formed by
the connection).

The following is an example of the topology for the ISDN half-duplex transceiver

shown in Figure 6.1, for estimate #1, for the B3 loop.

**********************************************#*************************
estl_b3lt

param int 2

param int §

star 10228 linecode

param array 2 1 -1



star 15151 sum
star 15234 atgq
star 15340 error

param int 0
star 17744 time_est

star 17853 loop_filt
star 19712 fork
star 19812 fork
star 20012 fork

param int 0
param int I
param int 120
param int 150000
param int 1

star 20321 trig

param int 300000
param int 12

param int 2

star 21258 data_new

param int 0
param int 128
star 21584 adaptive_phase_ver2

star 21812 fork

param int 120
star 21981 tr_variance

param int 168
param file stb37d_8br_short.prq
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param int O
star 22363 linear_conv

param float 16
param float 0
param int O

star 22447 resmpl

param float 5

param int 0

param int 128

star 23291 phase_quantz_ver3

param float 0
param float 6.000000e-03
star 23392 arc_ver2

param int 17

param float 6.000000e-03
param file estl_b3_snrl6db.taps
star 23493 t_dfe_ver2

param int 1

param int 150000
param float 0.1

param int 1

star 23667 random_new
star 23710 add

star 23831 sink

star 23942 drain

connect 10228 0 22363 0 2B1Q_pulses

connect 10228 1 23831 0

connect 15151 0 15234 0 XK
connect 15151 1 15340 0 XK
connect 15151 2 17744 ( XK
conpect 15234 0 19812 0 DRX
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connect
connect
connect
connect
connect
connect
connect
cennect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
connect
cennect

15340
17744
17853
19712
19712
19712
19812
19812
19812
19812
20012
20012
20321
20321
21258
21584
21812
21812
21981
21981
22363
22447
23291
23291
23392
23493
23667
23710

0
0

0
0
1
2
0
1
2
3
0
1
0
1
0
0
0
1
0
1
0
0
0
1
0
0
0

0

20012 0
21812 0
23291 0
15234 1
15340 2
23291 1
15340 1
23392 0
23493 0
17744 1
23493 1
23392 1
23291 2
17853 1
10228 0
23710 1
17853 0
21981 0
23942 1
23942 2
22447 0
21584 0
21584 1
23942 0
19712 0
15151 1
23710 0
15151 0
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ERROR
ZK
tf_avg
ARC
ARC
ARC
DRXC
DRX
DRX
DRX
ERROR
ERROR
FRAME
FRAME
TX_bits
signal
ZK
z_k

recsig_8br
recsig_128br
phase_jump

ARC
ISI

sig_noi-e

ekl e o o s s g o s o s s sk b b ol ofeseafeofeafeale s oo steatear sk ke ke e e ol sl o sfe el oo ok ke ke ke e sl sk ok e b sk s s sk s s o o e ok

C.3 Creating Custom Made Blocks
The CAPSIM/BLOSIM package provides a simple structured pseudo-C template

which the user fills in, Pseudo-C is a "code structure” specific to the BLOSIM/CAPSIM

program, based on the C language. The source code of a star consists of nine sections:

Comments, parameters, input_buffers, output buffers, declarations, states,
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initializution_code, main_code and wrapup-code. Each of these sections will be described

in detail below:

1. /* COMMENT SECTION */

This consists of any user comments identifying the star name, author, date,

and functionality.

2. Parameters

type  parameter_name
end

3. Input_buffers
min_delay = delay value
max_delay = delay value
type buffer_name
end

4. Output_buffers
min_delay = delay value
max_delay = delay value

type buffer name

end

/* type = int, float or file(char) */

/* parameter_name is user specified */

M minimum number of past input values*/
/* accessed by input buffer*/

/* maximum number of past input values*/
* accessed by input buffer */

/* type=(int or float), buffer_name is user*/

* specified*/

M minimum number of past output values*/
* accessed by output buffer*/

/* maximum number of past output values*/
/* accessed by output buffer */

1* type=(int or float), buffer_name is user*/

* specified*/



5. Declarations

type Variable_name

end
6. States

type Variable_name

end

7. Initialization_ccde

User defined C code.

150

/* type=any C type variable, variable_name*/
/* is user-specified. These variables are */

/* temporary storage for a star, i.e. their */

/* content is lost every time the star is */

/* visited and exited, during the whole */

£* simulation run */

/* type=any C type variable, variable_name*/
/* is user-specified. These variables are */

/* permanent storage for a star, i.e. their */
/* content is saved every time the star is ¥/

/* visited and exited, during the whole */

/* simulation run */

Ex: memory allocation, opening input/output files for read/write access,

setting up arrays and variables, basic error checking. This code is executed
he first time tl is visited duri imulati .

end
8. main_code

User defined C code

Ex: the block’s functionality is implemented in this section. This code is
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should include reading of input buffers, processing of data and output
of results on output_buffers.
end
9. Wrapup_code
User defined C code
Ex: Deallocation of memory, printing of results, file closing. This code is
i he last time the block is visited.

end

An example of a star's source code is given below for the implementation of the
timing estimate generator block as defined in chapter 4. (Note: this version of time_est

implements estimates #1 and #2 only)

/*  time_est.s */
FAestesteokodcokesictfolokok siokoleste ok stk b ok btk sololestok skeseokeskok ik ok skokokak ok sk ook sk ok st ok sek ke sk skeskste sk

Star: TIME_EST - time estimate

Description: This block computes a timing function estimate based on
the Mueller & Muller method of general form:

z(k) = (g0*x(k) + gl*x(k-1) + g2*x(k-2))*beta

where the g's are a function of the data symbols.

Parameters:
method this parameter determines the type of function
= 0 -—-> 2B1Q data, 2 taps
with
g0 = DRX(K-1)

gl = -DRX(K)
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g2=0
beta = ([DRX(k)| - 2)/4;
Inputs:
XK data samples at input of data quantizer
DRX data symbols at output of data quantizer
Outputs:
zk timing estimate
Programmer: Mirna Hage
Date: July, 1988
Version: 1.0
Modified: November 17, 1988 by Mirna Hage

- Changed DRX input buffer to type float

February 2, 1989 by Mirna Hage

- Added another timing estimate which implements
the following:

g0 = -DRX(k-1)
gl = DRX(k)
g2=0

beta = 1/( 5 + (V5 * DRX(K)) )
This estimate is executed if method = 1.

**********************************************************************f
#include <math.h>

parameters

int method;

end

input_buffers

delay_max = 2;
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end
output_buffers
float z_k;
end
declarations

int i, drxi;
float g0, gl, g2;
float beta;

end
iniatialization_code

if(( method != 0 ) && ( method != 1))

{
fprintf(stderr,"TIME_EST: Invalid method parameter \n");
return(1);

}
main_code

for( i=min_avail(); i>0; i-- )
{

it_in(0);

it_in(1);

if( method ==0 )

{
g0 = DRX(1);
gl = -DRX(0);
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g2=0

beta = (abs((int)DRX(0)) - 2.0)/4.0;
}
else if( method == 1)
{
g0 = -DRX(1);
gl = DRX(0);
g2 =0;
beta = 1.0/(5.0 + ((sqrt(5.0))*DRX(0)));
}
it_out(0);
z_k(0) =((g0*X_K(0)) + (g1*X_K(1)) + (22*X_K(2)))*beta;

}

return{0);

end
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