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PCM BIT SYNCHRONIZATION
TO AN Eb/No THRESHOLD OF -20 dB

Gene F. Schroeder

ABSTRACT

This paper presents an overview of a digital PCM adaptive bit synchronizer capable of bit
synchronization down to an Eb/No of -20 dB where Eb/No is the energy contrast ratio.
The topics addressed include:

1. Functional block diagrams.
2. Loop bandwidth as a function of synchronization threshold.
3. Accuracy, resolution and stability requirements of the Numerically Controlled

Oscillator (NCO) and Loop Filter (LF).
4. Performance data.

The purpose of this paper is to highlight the major components of a unit capable of
performing this task based on an actual development program.

INTRODUCTION

A digital PCM adaptive bit synchronizer was developed jointly by the US government and
LORAL Data Systems. The main purpose of this development was a unit capable of
synchronization to a very low signal-to-noise ratio (SNR) and automatic adaptability for
optimum loop bandwidth (LBW). This paper deals only with the low SNR synchronization
aspect of the development.

Some phase-locked-loop (PLL) fundamentals are presented to familiarize the reader with
the basics of the major function of the bit synchronizer. A block diagram further details the
major functions and analogies are drawn between an analog system and its digital
counterpart. Analysis of the LBW and hardware for low SNR is followed by some
performance data.



SOME PLL FUNDAMENTALS

Using standard closed loop feedback system analysis, the following relationships can be
obtained as they relate to Figure 1-1 where H(S) is the closed loop transfer function.

For N = 1

(1)

where: F(S) = Loop Filter transfer function
K = Kd Ko Kg and
Kd = phase detector gain in (volts/rad) (2)
Ko = Kg/S = VCO gain in ((rad/sec)/sec)
Kg = any other gain in the path

Figure 1-1. Phase Locked Loop (PLL)

There are any number of circuit configurations for a loop filter which will satisfy the
desired transfer function for a second order type 2 PLL but the circuit of Figure 1-2 adds a
few extra desirable features.

This filter has a transfer function

(3)

which when substituted into the closed loop Equation (1) yields

(4)



Figure 1-2. An analog loop filter design

The denominator of this closed loop transfer function is the characteristic equation, C.E. A
standard form of this second order C.E. may be written as

(5)

where: Zeta = damping factor
Wn = undamped natural frequency in radians/second

When like terms of this PLL transfer function (4) are compared to the second order
characteristic Equation, (5), it can be seen that Wn is proportional to LBW control, A. To
keep the LBW proportional to the bit rate, one must change K and 1/RC proportional to
the bit rate. The VCO gain, Ko should be such that the frequency - vs input voltage curve
is a straight line when the frequency is plotted on a logarithmic scale. This leaves only
1/RC to be programmed.

FUNCTIONAL BLOCK DIAGRAM

A functional block diagram of a digital PCM bit synchronizer is given in Figure 1-3. Like
many bit synchronizers, this unit contains the necessary components of a PLL. A bit
matched filter (BMF) limits the loop input noise bandwidth and provides for optimum bit
decisions into the code converter while a transition matched filter (TMF) along with the
BMF provide the input to the phase detector.

The matched filters of this digital design are implemented as an accumulate and reset
which is analogous to the familiar integrate and dump of an analog design.



Figure 1-3. Digital PCM Bit Synchronizer Block Diagram

The particular phase detector used in this design multiplies the output of the TMF' by a
limited version of its derivative. Since both the BMF and the TMF are sampled only once
per bit, the derivative is estimated by combining the forward and backward differences of
the BMF. For an Eb/No greater than 0 dB the loop SNR is improved because the loop
input is clamped to zero by the derivative when no transition is present; however, for an
Eb/No less than 0 dB, the detected transition density (TD) tends toward 50 percent no
mater what the actual TD.

Synchronization signal-to-noise ratio (SSNR) is estimated to assist is adaptation to the
optimum LBW when operated in the automatic mode. Synchronization and data quality are
estimated to assist in downstream processing.

Assuming that contamination of the input signal is additive white Gaussian noise only and
the bit synchronizer has achieved perfect frequency and phase synchronization, bit error
rate is a function of the energy contrast ratio, Eb/No. Synchronization threshold however
depends primarily on the SNR in the loop. For a given Eb/No, the error signal in most 



squaring type PLLs is proportional to the TD; therefore, SSNR is sometimes referred to as
the transition SNR which is important to the PLL. SSNR can be computed from the Eb/No
and TD as follows:

SSNR = Eb/No + 10Log(TD) in dB (6)

It can be seen that for a TD = 50 percent, SSNR is 3 dB less than Eb/No.

For a digital loop filter shown in Figure 1-4, the integrator is replaced by an accumulator
where the time constant is affected by the accumulation clock rate and gain constant Tau
instead of the value of 1/RC. A digital NCO can be designed to be programmable in
samples per bit (SPB) for which case the frequency, and thereby the deviation gain, is
logarithmic. For a digital loop then, the LBW is automatically proportional to the
programmed bit rate without changing any component or gain value.

It can be shown that the loop filter design of Figure 1-4 is the result of a simple backward
difference transform where (S) in

Equation (8) is replaced by     Therefore,

(7)

where 1/RC is replaced with Tau/T and Tau is the accumulator gain or rate. This transform
is is adequate so long as the LBW is small compared to the sample rate. Although not
shown in Figure 1-4, there are pipe line registers after each multiplier and adder. It has
been shown in both a computer model and a prototype unit that these delays have little
affect on the PLL performance so long as the delays are less than 1/10 of 1/LBW. The
coefficients of Figure 1-4 represent a LBW of one percent when the nominal input from the
analog-to-digital converter (ADC) is +/- 16.

Figure 1-5 illustrates the numerically controlled oscillator (NCO) used in the design. The
setup input of samples per bit (SPB) is in a 32-bit fixed point format with a sign bit which
is always positive, eight integer bits, and 23 fractional bits. Setup SPB is designed to be
between 7 and 128 and is maintained above 32 for bit rates less than 2 Mb/s. Modulation
from the loop filter is added to the setup SPB and must be in the same format.



Figure 1-4. A Digital Loop Filter Design

A 70 MHZ/P clock is divided by the integer portion of the sum of the two inputs to
provide output bit rate clocks. To maintain long term accuracy, the remainder (fractional
part of the SPB) is always accumulated with the next sample. The integer portion is shifted
by two bits to provide the 180 degree strobe and by four bits to provide the 90 and 270
degree strobes. Although not shown in Figure 1-5, the one or two bits that are shifted out
of the register for a divide by two or four are accumulated as a fraction just as the 23-bit
fraction above is accumulated so as to maintain symmetry of all clocks on the average.

SYNCHRONIZATION THRESHOLD

A PLL can be modeled from which the theoretical synchronization threshold may be
computed. Depending on the assumptions used, most models agree within several tenths of
a dB. Assuming white Gaussian additive noise only and a mean time to a bit slip of 10^8
bits, Figure 1-6 plots the theoretical synchronization threshold curve as a function of LBW.
It should be noted that LBW is the single sided equivalent noise bandwidth of the loop and
is typically given as

LBW = (2Pi*fn/4Zeta)(1 + 4Zeta^2) (8)

where: Pi = 3.1416
Fn = undamped natural frequency in hertz
Zeta = damping factor



For a minimum LBW capability of 0.0005 percent, the theoretical synchronization
threshold can be read from the curve to be approximately -22.5 dB. At a 50 percent
transition density this threshold would be at an Eb/No of -19.5 dB.

The programmable and adaptive LBWs shown in the Figure 1-6 are those taken from a
prototype unit.

ANALYSIS

From the theoretical synchronization threshold curve of Figure 1-6, a minimum LBW of
0.0005 percent is required for an Eb/No of -19.5 dB with a TD of 50 percent or a SSNR of
-22.5 dB.

So that bit rate tuning resolution is less than one-tenth of the LBW, at least seven decimal
digits are required to specify the setup bit rate. Twenty-four bit are required to represent
the bit rate at the NCO to provide the same or better resolution as the decimal bit rate
input. For a minimum seven SPB, three integer bits plus at least twenty one fractional bits
are required. Twenty-three fractional bits are provided so this requirement is met. Further,
it is convenient for the setup processor to use 32-bit floating point processing. DEC
floating point format was used which provides a 24-bit. fractional resolution.

Resolution analysis of the loop filter is considerably more involved. For a LBW of 0.0005
percent, the coefficients of Figure 1-4 must be multiplied by the floating point binary
representation of 0.0005 = 1.024 * 2^-11. For one count of phase error, the proportional
path output (PPO) is

PPO = 1 * 16790 * 1,024 * 2^(-1-11) = 4(9)                                                                           (9)
            truncated

A 32-bit output from the first multiplier is necessary to represent this small number.

The integral path output (IPO) is

IPO = 1 * 16790 * 1.024 / 2^8 = 67 (10)
           truncated to a 24-bit input to the 2nd multiplier.

Here a 24-bit input is required to represent this small number.

= 67 * 16790 * 2^8 * 1.024 / 2^23 = 35, truncated at the 24-bit multiplier output.

= 35 * 2^24 * 2^-16 = 8960 as a 48-bit number hardware shifted by -16 at the input.

= 8960 * 2^9 * 2^(-11*2) = 1.09 = 1 truncated at the accumulator input



Here a 48 bit accumulator is required to accumulate this small number.

The worst case equivalent SNR degradation due to phase error quantization in the LF is
approximately 0.02 dB. By far the worst degradation is due to quantization of the clock
phase in the NCO. The next worst contributor is imperfections of the antialiasing input
filter. These degradations are approximated in Table 1-1.

Table 1-1. SNR Degradations

SPB BR ANTIALIAS FILTER SAMPLE TIMING TOTAL

7 10.0 Mb/s 0.20 dB 0.23 dB 0.53 dB
8 8.75 Mb/s 0.16 dB 0.28 dB 0.44 dB
16 4/375 Mb/s 0.09 dB 0.14 dB 0.23 dB
32 - 128 2.1875 Mb/s - 8 b/s 0.05 dB 0.07 dB 0.12 dB

CONCLUSIONS

Figure 1-7 shows the measured phase error of the recovered clock as a function of signal
to noise ratio, Eb/No, for a particular NIZZ signal with a TD of approximately 50 percent
and a programmed LBW of 0.0005 percent. Note that the phase error measured is not the
mean squared phase error but rather the peak phase error observed on an oscilloscope.

If the peak phase error exceeds 180 degrees, a bit slip has occurred. Because the slope of
the curve is so steep at near 110 degrees, the SNR at which a bit slip is probable can be
read from the curves to be approximately -21 dB which translates to a SSNR of
approximately -23 dB for a 50 percent TD. This data correlates very closely to the
theoretical synchronization threshold of Figure 1-6. Other tests indicated that the unit has a
synchronization threshold as good or better than the model used for Figure 1-6.

The step response of the PLL at one percent LBW or less behaves according to text book
examples of the classical second order type 2 PLL. With a damping factor of 0.7, bit slips
tend to occur in bursts. A damping factor of 1.0 was used in order to make the bit slips
more independent.

Bit error rates were within 0.5 dB of theoretical for NRZ and BiPhase PCM codes for
Eb/No from 0 to 10 dB.



 
Figure 1-5. Numerical Controlled Oscillator (NCO)



Figure 1-6. Theoretical Synchronization Threshold



Figure 1-7. Measured Phase Error of Recovered Clock 


