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Fractionally spaced adaptive equalizers can readily
compensate for timing-phase variations between the
transmitter and receiver clocks that are on the order of
several symbol intervals. When there is a frequency
difference between these clocks, the equalizer com-
pensates for the accumulated timing-phase difference
by shifting the equalizer tap weights in the appropriate

- direction along the delay line. Performance, as mea-

sured by the mean-squared error, is not degraded until
the center (largest) tap migrates toward one end of the
equalizer.

In this paper, we demonstrate how the spatial
distribution of the equalizer coefficients can be used to
lock the receiver sampling frequency to that of the
transmitter. Replacing the standard envelope-derived
timing recovery system with a closed-loop center-tap
tracking algorithm offers significantly improved per-
formance for narrow roll-off or severely-attenuated
systems, reduced complexity, and a structure appropri-
ate for all-digital receivers.

Introduction

Fractionally spaced equalizers (FSE) have been considered for
application to voice-grade data transmission.»2 Such equalizers are
tapped delay line structures whose tap spacing is less than the recipro-
cal of twice the bandwidth of the baseband data signal. In contrast to
the conventional synchronous equalizer, in which taps are spaced a sym-
bol interval apart, sufficiently long FSEs can provide significantly
improved performance in the presence of severe delay distortion.

Furthermore, such an FSE can synthesize any fractional delay
within its time span, and consequently is insensitive to the choice of
receiver timing (sampling) phase—assuming that the transmitter and
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receiver have essentially the same timing frequency. In
practice, these frequencies typically differ by several parts
in 108, and it is necessary to provide a means of tracking
and eliminating this difference.
Because this frequency difference is so small, sig-
nificant timing drift only occurs after many symbol
intervals have elapsed. Under these circumstances, the
timing recovery problem can be viewed as one of adjusting
the timing phase. In this paper, we will describe an alter-
native to the conventional envelope-derived timing
recovery technique.® The envelope method is known to be
plagued by considerable timing jitter, either when the
channel bandwidth is fully used by a narrow roll-off system
or when the channel is severely attenuated at the band
edge.
The purpose of this paper is to describe how the
receiver’s timing frequency can be locked to that of the
transmitter in a closed-loop manner by observing the dis-
tribution of the equalizer tap weights. The timing phase is
adjusted so as to maintain the dominant tap weights in the
center of the equalizer. Several such “center-tap tracking”
techniques will be proposed and discussed. Related prior
proposals for center-tap timing-frequency tracking have
been made by Ungerboeck! and Forney.*
Three requirements in the design of a closed-loop
timing algorithm are:
= Decoupling the timing-frequency tracking algorithm
from any equalizer tap rotation (which provides partial
carrier-phase tracking).®

= Ensuring that any tap drift is controlled by a suitable
tap-leakage algorithm, because of the random nature of
optimum equalizer tap settings in an FSE.?

= Ensuring that the timing recovery method and tap-
leakage algorithm drive the system toward the same
equilibrium state.

These requirements ensure that, apart from dif-
ferences in the transmitter and receiver clocks, a stable,
steady-state distribution of tap weights exists. Hence,
equalizer tap weights are subject to continuous adjustment
by the conventional LMS tap-adjustment algorithm,? the

tap-leakage algorithm,® and the center-tap tracking timing-
recovery algorithm. It is somewhat remarkable that these
coupled algorithms can all function cooperatively to provide
an extremely powerful adaptive equalizer that performs an
essential part of the timing recovery function, as well as
providing effective channel compensation.

It is interesting to note that a sufficiently long
fractionally spaced equalizer can adaptively realize the
optimum linear receiver,? and consequently can provide
carrier-phase compensation via the tap rotation property of
bandpass equalization,® as well as compensation for any
timing-phase error (up to some fraction of the time span of
the equalizer). However, because of the conflicting band-
width requirements between the equalizer, timing and
carrier-tracking adaptation loops, the carrier synchroniza-
tion functions are best handled respectively by data-
directed carrier-tracking techniques” and a center-tap
timing-frequency tracking algorithm of the sort described
in this paper.

QAM Systems

This section describes the background material in
quadrature-amplitude-modulated (QAM) data communica-
tion systems employing fractionally spaced equalization
needed to develop the timing-frequency tracking algorithm
described later.

QAM Data Transmission. High-speed [=4.8 kilobits
per second (kb/s)] QAM voice-grade modems are generally
configured as in Figure 1. The transmitted signal is given
by

s(t) = ReD, d p(t — nT)er Q)

whered, = a, + jb,is a complex data signal whose
real (in-phase) and imaginary (quadrature) components
assume discrete multilevel values, p () is the transmitter
pulse shape, 7! is the symbol rate, and w, is the radian
carrier frequency.

The received signal at the bandpass filter output is
expressed compactly as
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Figure 1. In-phase and quadrature data transmission system.
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where the real and imaginary parts of #(#) denote the in-
phase and quadrature (Hilbert-transformed) received sig-
nals, f(f) is the received baseband-equivalent pulse,? 7 is
the time delay in the channel, ¢ is the carrier phase shift
(or jitter), and v(#) is additive noise of variance N,. If the
baseband transmitter pulse, p(f), has no energy beyond
(1 + o) /2T Hz, then to compensate perfectly for delay
distortion,? the tap spacing of the FSE, T, must be such that
T,< T/(Q+ a). After sampling 7 (f) at the instants
mT,, the signal is passed through an adaptive mean-
squared fractionally spaced equalizer which, if infinitely
long, realizes the baseband-equivalent transfer function?

F*(w)ef'”’

2m

™

C,w) = 7

RITIES (3a)

2

+ N,

1
T

where the analytic, or passband, equalizer transfer func-
tionis C,(w — w_). We denote the equalizer tap weights by
¢, where we recall the Fourier relations

Cow) = TOE ¢ e Ty, |wl$1
n TO
_ Ty . dw
W L G )

Henceforth we will, for convenience, drop the
subscript on C,(w) . (This means that we have implicitly
interchanged the demodulator and equalizer.) This inter-
change has no effect on the timing problem under
consideration, and, without loss of any generality, we fur-
ther specialize to the case T, = T'/2, where T" is the
data symbol interval as seen at the receiver. Also note that
att = mT’, the m/2% data symbol is entering the equal-
izer, and when " = T, synchronization between
transmitter and receiver has been achieved.

Note that the FSE compensates exactly for the
fixed channel delay, 7, as well as the delay distortion in the
channel. Practical finite-length equalizers will closely
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approximate this transfer function, and will render the
receiver’s performance essentially independent of the
channl delay and receiver sampling phase, provided that

T' = T (i.e., the receiver clock is locked to the transmit-
ter clock in frequency). Recall that the conventional
synchronous equalizer is very sensitive to the choice of the
receiver’s sampling phase.? To complete the signal proc-
essing description, the equalized signal of Figure 1 is
sampled at rate T,,"!, demodulated, and sliced at intervals
of T' to provide the data decisions, d = a + ]b The
adaptive equalizer is adjusted every T seconds to mini-
mize the average squared error between the demodulator
output and the transmitted symbol.2

The Timing Frequency Problem. In practice, the trans-
mitter and receiver clocks will differ somewhat, and, if
nothing else were done, the equalizer would simply track
the accumulated delay by building the compensating delay
(or advance). As shown in Figure 2, this compensation
would be manifest by a slow drift of the equalizer dominant
taps toward one end of the equalizer (during which time
performance would be initially satisfactory but gradually
degrading) until, at some later point in time, the dominant
taps would “fall off” the equalizer. Performance as mea-
sured by bit error rate or mean-squared error would by
then be unacceptable.

That is, even though the FSE can compensate for
any fixed timing phase (small compared with the time span
of the equalizer), it is necessary for the receiver to track
the transmitter timing frequency. The fact that this track-
ing can be done by observing the migration of the equalizer
center tap provides an alternative for the conventional
envelope-derived timing recovery technique.? This is desir-
able for several reasons. First, the circuitry for
constructing the envelope can be eliminated. Second, the
envelope technique produces a timing wave form whose jit-
ter increases significantly as the amount of excess
bandwidth is decreased to the 12-percent level commonly
used for 9.6-kb/s data transmission.® Third, the center-tap
tracking algorithms may be readily applied to all-digital
receivers.

To quantify the manner in which the equalizer

taps migrate, we note that because the difference in timing
frequency between transmitter and receiver is smail, the
sampled equalizer input can be written as

()-300(£ )

_2 d f(7 - nT+Am> @)

where we define the difference in periods, €, and the accu-
mulated timing-phase ervor, A, via

T =T + €
A = mel2 ®)

m

If the elapsed time since the equalizer was first adjusted is
such that the accumulated phase difference, A,, is a small
fraction of a symbol interval, then A  can be approximated
by the constant, A. Thus, in these circumstances the tim-
ing-frequency problem has been recast as a timing-phase
problem. Note that the equalizer will continuously adapt to
compensate for the accumulated timing phase, so that the
equalizer transfer function at ¢ = mT' /2 is given by

Cw) = C,wee 6)

where C(w) is the steady-state (or optimum) transfer
function when the equalizer is first adjusted. The goal of
the timing-frequency tracking algorithm is to estimate A,
while it remains a small fraction of a symbol interval, and
once A is estimated, the frequency of the receiver clock
will be adjusted in the direction to coincide with that of the
transmitter. Use of the equalizer output is precluded in
estimating A, because the equalizer has presumably com-
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Figure 2. Sum-of-squares of tap weights when receiver clock
is slightly faster than transmitter clock; (a) shortly after
steady state is reached, (b) after some time has elapsed.

pensated for this small timing phase shift and performance
1s unaffected. Next we will discuss using equalizer coeffi-
cients for providing an estimate of A.
Center-Tap Tracking Algorithm

To see how the equalizer tap weights can be used

to estimate A, we note from Equations (3) and (6) that at
t = mT' /2

Fw)ee? e

F<w+k27w>

E* (w)e” e
. 2w

where the pulse G(w) incorporates the channel delay, 7,

C,w)= Clwe*?* = >
+ N

0
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and  denotes an arbitrary phase shift owing to the tap-

rotation property® of bandpass equalizers. At this point we

recall that when N, is small, FSEs have a wide variety of
tap settings that provide performance close to optimum,®

and digital roundoff errors cause the taps to drift over a

considerable range. Under these uncontrolled circum-

stances, Equation (7) would only approximate the equalizer
transfer function (particularly in the spectral region where
there is no transmitted energy). The tap-leakage
algorithmé provides a simple means of inhibiting the build-
ing up of extraneous tap weights; thus by using the tap-
leakage algorithm, Equation (7) can be used with confi-
dence. The time-domain interpretation of the above is that
without the tap-leakage algorithm, there will not be a well-
defined center tap, and relatively large tap weights will
occur at various locations along the delay line. This sort of
quasi-random tap drifting would preclude use of the center
tap for tracking purposes.

The key ideas in center-tap tracking algorithms
are:

1. Construct a control function, like that shown in Figure
3, of the equalizer tap weights, say D (c,; A), that indi-
cates the accumulated timing-phase error, A, at the nt
sampling instant.

2. Use this control function to adjust the receiver sampling
phase to minimize the accumulated timing phase differ-
ence between transmitter and receiver clocks.

The desired properties are that over a reasonable
fraction of a symbol interval, D (-) be a monotonic increas-
ing function of A, and D (¢;A) = 0 for A equal to or near
zero. Once a suitable function D (¢;A ) is selected, the

receiver sampling phase, ¢, at the A/D converter becomes
T!
t = ”7 + 3, (8a)

where the accumulated phase difference, An, between
transmitter and receiver clocks is

nT n n
An—tn—7—8n+§ - €

(I ~T)=38, + 3

(8b)
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The timing phase, 3, is controlled by the first-

order control algorithm:
8,,. = 8,— BD;A),n=012... (%)
Or from Equation (8b):
A, = A+ g — BD(c,;A) (9b)

(A second-order algorithm would eliminate any fixed
steady-state timing-phase error. However, the a priors tim-
ing-frequency error, €, is so small that the second-order
loop is probably not necessary in most applications.) In
Equation (9a), B is a constant, called the step size, and is
chosen small enough so that A will converge to a fixed
value; it is clear that when Equation (9b) converges, then
A, can settle only at a value, A, such that D(c,;A) =

€/ 2. To establish local convergence, we assume that a
two-term Taylor series is reasonaby accurate over several,
say L, symbol intervals, i.e.,

D) ~ D©) + DOA ,|A|< LT  (10)
and thus (9b) becomes

A, = [1 - 3D(0)] A, +§ — BD(),
n=123, ..

(11a)

Aslong as |1 — BD(O) | <1, it is clear that (11a) con-
verges to the steady-state value

€
£ _DO)
A, =B (11b)
0

AD(A)

| | -
—ir / LT Timing phase error: A

W]

Figure 3. A suitable center-tap control function.

Thus the steady-state timing offset has two components:
one because of the a prior: difference in transmitter and
receiver timing frequencies, and the other because of the
bias in the control function (i.e., D(0) # 0). The size of
the latter component is dependent on the particular control
function, D(A), selected. The former component could be
eliminated by use of a second-order control algorithm, but
the magnitude of the error is generally negligible. [If

T-' = 2400 and the clocks are accurate to within 50
parts in a million, then (') = 2400 (1 = 50 X
109, ande = T — T = 2.08 x 1078]

It is important to realize that the tap weights will
generally be continually adapted, perhaps to track a slow
drift in the channel characteristics, and thus the control
function cannot simply attempt to restore the tap weights
to some fixed set of values. Rather, the control function
must sense some property of the tap weights that reflects
the mismatch of the transmitter and receiver clocks, and
which also allows the tap weights to compensate continu-
ously for channel variations.

There are various functions D(A) that might be
considered for controlling the timing offset, A. In this dis-
cussion, we assume that | 7" — T | is quite small and that
the frequency error can be conveniently treated as a tim-
ing-phase error.

Timing Error Functions. There are several considera-



tions governing the choice of D(c;A), and we list these

below:

1. D(¢;A) should be a monotone function in A over a small
number of symbol intervals. Because an FSE can com-
pensate for timing-phase errors of several symbol’s
duration, it is only necessary that the algorithm con-
verge to a time instant within this interval.

2. D(¢A) = OwhenA = A, where A, is no more
than a small number of symbol intervals.

3. D(c;A) should be easily implementable.

4. D(c;A ) should be independent of any tap rotation
because of partial carrier-phase tracking.

To study the properties of the various control
functions analytically, it is convenient to deal with infinitely
long equalizers, and we use Equation (3a) freely in the
sequel.

Spectral measurement functions: frequency domain.

J. E. Mazo has noted that because the equalizer transfer

function, in the nonexcess bandwidth region (i.e., where

signal energy is present) initially has the form

Cw) = e%/Gw) (12)
and after some time is given by
W

€ = e

et 13)

it is possible to estimate A by examining C, (w) / C , (w) at
two frequencies. Consider,

1T *
cfg)eo]
D) = Im| —— |=sn>=  (14)

o\ 4T
(@)

b -

which is a sinusoidal function of the error A. Note that

properties (1), (2), and (4) relating to timing error func-
tions and discussed above are satisfied, and that D,(A )
can be written from Equations (3b) and (14) in terms of
rather simple operations on the current and stored tap
weights.

Median type of functions: time domain. Generally,
when the equalizer is first adjusted, there will be a smail
number of dominant (i.e., largest in magnitude) tap
weights, and the remaining tap weights will be significantly
smaller. One approach to maintaining this equilibrium is to
ask for the sampling phase that equates the tap energy to
the left and right of the center tap. Toward this end we
define the function,

D=2 |c .- el = X |6, -2 |6l 15
n<( n=0

n>0 n=<0

which measures the asymmetry of the tap-magnitude dis-
tribution. In order to investigate the properties of Equation
(15), we note the following identities® involving “one-sided”
summations:

2T =gr oot =gt g 20\ w—n e
% -1 .
E ool — 2 gwnT = i cot E)I (16b)
n=1 n=—x T 2

From Equation (7) we know that the equalizer transfer
function s given by

Cw) = Hw)e'e (17)
where
Hw) =1 cw 9
T2 G<w+k27'”> + N,
k
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Thus from Equations (15) and (16b), we have

D,A) = [E — 2]-

n=>0 n<0
2w/T
ff C(W)C*(U)efw”f e jvn? dw d'v
—2w/T 211, 211_

]' 2mT w-o)T
cot
=il ot

x H w)H*@) o> gw 5’1’; (19)

Note that if H(w) is real then

4 =7 (w — v)T
D) = = W = )L
W=7 fzfr “ [ @) (20)
“| H¥w) | sinw — 0y A 940 90

21 2m

which is a monotonic function of A that goes through zero
when A = 0. This is not surprising, because when the
channel has no phase distortion and the amplitude distor-
tion is symmetric about the carrier, it is well known that
the taps are such that ¢, = ¢ ,, and an asymmetric
tap distribution (relative to ¢, = ¢ _,) will be an accurate
measure of the accumulated timing delay. To consider the
realistic case of a complex channel distortion, we let

Hw) = |Hw)|e®w (1)
then
4 T (w—ov)T'

D,A) = T ;fzf/r cot 5

| Hw) |

X |I7(v)[-sin<0(w) @) + (w — v)A) dw dv
272w

(22)

and we observe that the zero crossing of the function

D,(A) will be shifted away from A = 0. This can be

demonstrated by expanding D,(A) in a Taylor series, for
small A, and noting that D,(0) # 0. To within the approxi-
mation afforded by the first two terms in the Taylor series,
we have that the zero-crossing of D ,( A ) is

A, = l_)g('qz
D.(0)
2miT w-ovT dw dv
_ jfj;{/r oy 2 H( )H*( ) 2m _’TT
- 2T _ '
I w - v)cot( Zv)T Hw H*@ )d_w@
—2w/T

(23)

As we have previously noted, all that is important
in stabilizing the receiver timing is that A, be well within
the span of the equalizer. We will demonstrate that this is
indeed the case by noting that, to a first approximation,
the cotangent function behaves like the negative derivative
of an impulse, i.e.,

cot x = — é(x) (24a)

As suggested by G. J. Foschini, to improve this approxima-
tion, we would have to introduce a parameter that “speeds
up” the decay of the cotangent near the origin. We recall
that

[ fdx—a)de = —f@) (24b)

With the above approximation for cotangent we
see that

2w/T 97T _ . - dw
z(A)~ J f H*(U) —* f Hw)d(w—v) gw 02 —
—2a/T ’TI' — 2T 211-

2w/T

~ H* H AH (@) —
]—2{1/7 W[H@) +j (v)] 25)



27T 2w/T

=7 J H*(v)H(v)———A J IH(v)I2

—2uw/T —2n/T

(26)

Note that if H(w) is real, then for a pulse with less
than 100-percent excess bandwidth the first term in (26) is
zero, because

2w/T T g o
[ H (v)H(v) — = [ —Hwdv= HZ[ ]
- 27/T —2/T d T
- — 21

(Because the excess bandwidth is less than 100 percent,
H[2%w / T] =0.) Consequently, Equation (26) has the solu-
tion A, = 0. When there is delay distortion, the first
term in (26) provides an offset, because DZ(A) = 0, when
A = A, where

2T T . dv
Im f H*(U)H(v)— I | H) |20(U)—
A — —2n/T — —ewT
opt 27T z-n/T
J | Hw |2 = J 1 Huw) |2
—2n/T 2'TT — 2T

(28)

Thus the bias, A, can be interpreted as a
weighted delay distortion, where the delay distortion is
weighted by the channel magnitude. To estimate A, we
note that the maximum channel delay distortion, 6,_,,, is
generally limited to several symbol intervals. Thus, from
Equation (28), we see that A , < 6, ,,, and the bias is
generally confined to several symbol intervals. We again
emphasize that as long as A, is well within the span of the
equalizer, a root-seeking algorlthm of the type described
by Equation (9), will converge to a satisfactory value.

If one wishes to eliminate the bias (i.e., the fact
that A ,, # 0), thenit is necessary to form the difference
of the control function at two time instants. (If the bias is
too large, then the ability of a finite-length equalizer to
compensate for the channel distortion can become
impaired. )

If we use D,(0) to denote the value of D, when the
equalizer is first adjusted (i.e., when A = (), then con-
sider the difference.

D(A)=D,A) — D,0)
j 2w/T ( _ v)T’ . %
=qp et HwA e

dw dv
w—va _ 1] —__—
Lo Do 2w

where we have used Equation (19). Expanding D, (A) in a
Taylor series for small A, we see that

2w/T — ' —~
DA~ — 2A I - v)cotﬂH{w) H*(v)
T —2u/T
dw dv
% 27 2% G0

and the double integral is easily shown by symmetry argu-
ments to be a real function. Thus, for small A, DB(A) is
the desired zero-intercept linear function and D 0.
However, as we have mentioned, it may be nelther p0551b1e
nor desirable to store the original set of tap weights.
Moreover, the bias will typically be less than a small num-
ber of symbol intervals, as indicated by Equation (28).

A Practical Control Function. For practical applications
with finite-length equalizers and where implementation
complexity is an important factor, it is necessary to reduce
the range of the summations in Equation (15); typically, we
would be interested in using as few as two terms, and con-
structing the control function
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D) = | o |2 - | 6 |2 @D

which, in the frequency domain, is given by

; 2w/T
D = 11 B [1 -eﬂw—wg]

T/2 — 27T
dw dv
w—od 7~ T
¢ 27 2w (32)

which will again be biased whenever there is delay distor-
tion. However, as with the previous function, if we construct

D,(A) = D,A) — D 0)

]‘ 2%/T - . [ o T ]
- 7 H(W)H*(v) 1 — gl — 0o
72 172 _{{,T :
dw d
X I:ej(wu)A — ]_:| é?u.: % (33)

then, expanding D( A ) in a Taylor series about A = 0
gives the unbiased function

DA) = D,0) + AD,0) — D,(0)
2mw/T
=A= [f w—v) HwH*W)
T —2n/T
X [1 - ef‘“"”’%] g—: g%
4 2n/T . .
=A= [f w—v)Hw H*@
T —2=w/T
Ty D0 @
X ¢~ 97 sin(w — v) 190 o (34)

To summarize, we have demonstrated several
suitable control functions for the timing-recovery loop. We
have also indicated that to eliminate the bias or offset, it is
necessary to store (or freeze) the tap weights achieved
when the equalizer has first converged. This is undesirable
(a) because of increased complexity and (b) because it
does not permit the possibility that the equalizer might
have to track variations in the channel characteristics. It is
reassuring to know that the bias is generally less than sev-
eral symbol intervals, and, consequently, quite acceptable.

Required Tap-Weight Precision

In this section, we will indicate the tap-weight
precision in the computation of D (A) required to keep the
timing-phase jitter to a fraction of a symbol interval. The
results reported in previous sections presume that the
equalizer coefficients possess infinite precision, and that
this precision is used to compute the various timing con-
trol functions.

Modeling Tap-Weight Quantization. When the tap
weights are quantized to a given number of bits, the
receiver timing phase is adjusted according to

8n +1 = 6n - B [D(An) + Qn] (35)

where @, represents the fluctuation in the control function
because of tap weight quantization. For example, if we
denote the quantized tap weights by [c, ], the quantization
error by vy, then

€ = e + v, (36)

and the quantized control function D,(-) is given by

N N
Dlc, ) A) =2 [T, + 7, =2 | Tt 5, I

m>=>0 m<0

N
= 2 (sen m)'ﬂfmfz + 2Re¥,C,* + W,niz]

m=—N



— DA + @ 37)

where

N

Q= 2 (gmm: [ 2Re ¥, T,* + |7, |2] (38)
m=—N

and a control function, D,, with the arguments [c,,] and A

denotes a function with quantized tap weights.

An exact evaluation of Equations (35) through (38)
to determine the timing jitter is quite formidable. We will
make some rough approximations to estimate the addi-
tional timing jitter because of limited tap-weight precision.

Worst-Case Timing Offset. Here we specialize to the
control function D, (A), thus

Dylc,]A) = DA) + 2Re{?1 ¥, + T, %}

+ P + P
< Dy(A) + 4|3 | €| + 272 (39)

We have assumed a A such that D, is positive. In Equation
(39), -y denotes the maximum tap-weight quantization
error and |¢| . is the maximum tap value.

Note that v2 << | ¥ | | T |,,,, and thus

Dylc,), A)<DJO) + ADJ®) + 8| 5| 7| ©0)

Consequently, because D,(0) is zero, the peak timing jitter
is, from Equation (40), approximately

B ¥ | T |
Ay = ——— (41)
D 0)

The peak quantization error is given by
|y =T2"" (42)

where B is the number of bits and I' is the full-scale tap
range. To avoid overflow, typically the ratio of I'? to the
received signal power is on the order of four. We also note
that [¢_, |2 is on the order of one over the received
signal power. With unity received power, the above consid-
erations imply that Equation (41) reduces to

32278
jX0)

A

pk

43)

In order to estimate bs(O), we will use Equation

(34) to evaluate the control function D, ( A ) for an ideal
channel. For this control function, an ideal channel has the
transfer function H(w) = Te ™~ (ie., there is a T/4
delay that should force ¢, and ¢,, which are spaced T/2
apart, to be nearly equal in magnitude). Under these cir-
cumstances, differentiation of Equation (34) gives

. 2mT
D) = T? [ (w—v)sin(w — v)z d_w Q (44)
ot 4 2m 2%

Recalling the formula
A A
[ JCw —vdwdv = [ [2A — w]C(w)dw (45)
-4 -A

aids in our evaluation of (44), and we find that

. 128
DJ0) = T (46)

Combining Equations (43) and (46), we have

%,"—k = 2.462°¢ A7

73



74

and for B = 7, peak jitter extends for only 2 percent of a
symbol interval. Thus, the control function can be com-
puted using far less tap-weight precision than the sixteen
bits needed for normal operation of the equalizer®. Conse-
quently, using this particular center-tap tracking algorithm
does not impose any special precision requirements on the
equalizer.

Implementation of Center-Tap Tracking on a 7/2 Equalizer

In this section, we describe using a center-tap
tracking algorithm for a QAM fractionally spaced 7/2
equalizer. The algorithm essentially identifies the (com-
plex) equalizer tap of greatest magnitude, and notes its
position relative to an imaginary dividing line positioned
along the equalizer tap structure to evenly partition the
taps. A clock pulse addition-deletion circuit operates
periodically at a rate sufficient to overcome worst-case rel-
ative transmitter-receiver clock drift. The correction is
based on whether adding or deleting clock pulses will push
the largest tap in the direction of the dividing boundary.
The equilibrium condition occurs when two taps, one on
each side of the boundary, contend to be the largest tap.
This control function is closely related to the control func-
tion in Equation (31).

A convenient configuration for an experimental
T/2 equalizer is shown in Figure 4. Two conventional syn-
chronous (T-spaced) equalizers operate concurrently on
interleaved sets of T/2-spaced data samples. Associated
with each tap is a complex coefficient with real and imagi-
nary components ¢; and d,. To emphasize that the structure
consists of two coordinated complementary T equalizers,
we have two “ith” taps labeled i, and i,. The “A” taps are
referred to as the primary taps; the “B” taps as alternate
taps. It 1s important to recognize that the data sample
components stored at tap ¢, are 7/2 seconds older than
those at tap 7,.

So that the equilibrium condition is not a function
of the carrier phase angle, the magnitudes (or the squared
magnitudes) of the complex tap coefficients (rather than
any individual component) must be compared to establish

the largest tap weight. In consideration of this, the eight
most significant bits each of ¢, and d, address squaring
ROMS whose outputs are added so as to generate a 12-bit
representation of the quantity ¢Z = d?. For convenience,
let C? represent the 12-bit representation of ¢, + @2, thus

symbolically
¢ +d,—~C]
and

¢ +d-C 48)

Once formed, C? (or C2) is compared bit by bit
to the contents of a 12-bit reference storage denoted as R
with the contents of a 12-bit reference storage denoted as
R with C? replacing R if and only if C? is larger than R.
The reference R is cleared at the start of each symbol
interval, and the squared magnitudes are examined in the
sequence C%B, C"{A, Ct, C;A, ce G Gz, ... CﬁA. A
boundary line is drawn between two consecutive squared

magnitudes, say C? and C?%, ,, , such that a timing signal

T, goes high after C? is compared with R, but before

C%,,,,1s compared with R, where typically j = N/2. The
replacement of R by a larger C? at such time the signal T,
is high will set and latch an initially cleared flip-flop F, to
the “1” state.

The presence of a “1” at F at the close of the
symbol interval is taken as an indication that the receiver
timing is running fast relative to the transmitter and must
be retarded. The presence of a “0” indicates the reverse
situation. Periodic pulse stuffing corrections are made to
the master timing countdown chain in the direction speci-
fied by the state of flip-flop F, at the end of the symbol
intervals during which the corrections are called for. In the
experimental modem we have been describing, the symbol
interval is lengthened or shortened by approximately 0.1
percent once each 15 symbols to overcome a maximum rel-
ative clock drift of 50 parts per million, which is typical of
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Figure 4. Experimental modem equalizer configuration.

the numbers experienced in modem design.

The stability of the receiver timing thus acquired
is indicated by the oscilloscope pictures shown in Figures
5(a-e). Each trace is a one-minute time exposure of the
transmitter symbol rate clock of the experimental modem
in a line signal loopback mode, as viewed on an oscillo-
scope triggered by the counterpart receiver symbol rate
clock. Because a common oscillator is used in this mode of
operation, it is possible to display, for the purpose of meas-
uring jitter, a stationary pattern by inhibiting the timing
recovery operation. This is shown in the top trace of each
picture. The second trace shows the relative excursion of
the symbol rate clocks with conventional envelope-derived
timing recovery, and the third trace shows the excursion

using the tap tracking procedure. Each photograph is for a
different simulated channel as specified. The jitter is
reflected in the amount of overlap of the two levels shown
in each trace.

The striking feature of these photographs is the
relative insensitivity of the performance of the tap tracking
procedure in the face of increasingly severe impairments
as compared to the highly variable and often severely
degraded envelope-based timing recovery performance. In
fact, envelope-derived timing recovery is seen to fail totally
in Figures 5(c) and 5(e). The relative insensitivity of the
tap tracking scheme can be understood in terms of the
plots of distribution of squared tap weights for the various
simulated channels shown in Figures 6(a-e). The nature of
the distributions, in terms of having pronounced dominant
taps, is not significantly influenced by the degree of the
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(d)

(a) (b) (c)

(e)

Figure 5. One-minute time exposures of transmitter symbol
rate clock. Each oscillator photograph shows a different sim-
ulated channel: (a) back to back; (b) simulated C4 channel;
(c) simulated C1 channel; (d) simulated C2 channel; (e) sim-
ulated 3002 channel.

linear impairments. In fact, the ability of tap tracking to
successfully acquire stable timing on a given line is
strongly coupled with the ability of the receiver to equalize
that line. Tap tracking and equalization work in close har-
mony. By way of contrast, the envelope-based timing
recovery is usually the weak link in receiver operations,

denying operation over channels that even a synchronous
equalizer could equalize. Thus, tap tracking may extend
the operation of 9.6-kb/s modems to channels that have
amplitude distortion severe enough that the envelope cir-
cuitry fails, but that are capable of being satisfactorily
equalized when synchronization is provided.

There have been recent proposals [such as that
surrounding Equation (15)] for timing recovery schemes
that attempt to achieve certain relationships among the tap
weights such as equality between coefficients on either
side of the presumed center tap, or perhaps equality
between sums of taps on either side of a specified bound-
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Figure 6. Squared tap distribution.

ary.! These procedures would seem to be particularly
vulnerable in light of the tap build-up or drift phenomenon
associated with oversampled equalizers.” Tap build-up is
enhanced by timing drift, and it is conceivable that numer-
ous widely spaced equilibrium conditions might exist for
these alternate proposals.! The situation would be com-
pounded by the introduction of tap leakage’ to suppress tap
growth, for leakage would tend to make the equilibrium
states unstable. The dominant tap might drift off the end
of the equalizer during the search for equilibrium. Leak-
age, on the other hand, enhances the operation of the tap-
tracking method proposed herein by suppressing spurious
large taps. Essential large taps, that is, taps that contrib-
ute response essentially in the signal energy band and that
are not suppressed by leakage, are constrained to the cen-
ter of the delay line. Thus, it has been observed in the
laboratory that a simple technique, in terms of complexity,
may be used to lock the receiver and transmitter clocks.

ted

C1 channel

(d) Simulated C2 channel (e) Simulated
3002 channel

Conclusion

We have shown that an efficient, powerful method
for synchronizing the transmitter and receiver clocks in an
adaptively equalized data receiver can be realized by moni-
toring the tap-weight distribution of a fractionally spaced
equalizer. Novel timing recovery techniques based on the
tap weight distribution can replace the conventional enve-
lope-derived timing circuitry and achieve the following
advantages:
= Improved performance for severely amplitude-

attenuated or narrow roll-off systems.

= Reduced complexity.
= A structure appropriate for an all-digital receiver.
The tap-tracking technique appears capable of extending
=9.6-kb/s service to those band-edge attenuated channels
in which the envelope-derived timing circuitry fails, but
that are capable of being satisfactorily equalized when syn-
chronization is provided.
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