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Abstract

The Maximum Likelihood Sequence Estimation scheme is modified to improve the error perfomance of

the correlative coding in the Tamed FM. To remove intersymbol interference, the Decision Feedback

Equalization scheme with the delayed LMS alogrithm and the Viterbi algorithm(10-symbol delay) in the

delayed adaptive equalization are proposed for the performance of decision-directed adaptive equalization

under the High Frequency channels, and the condition of convergence is analyzed.

1. _TFM encoding

In the TFM, the phase shifts of the modulated

carrier over a one bit period are restricted to *

/4 or + 7/2 [rad] determined by three consecutive
input binary data bits in accordance with the
encoding rule as shown below,

A0 (mT)= $(mT+T)- §(mT)
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Fig.1. Basic scheme for the generation of a TFM signal
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In equation (1), bm.1, bm and bm+1 represent the
binary data at the time t=(m-1)T, mT and (m+1) T
respectively. The input data are 1 or -1. Using the
delay operator D, that equation is described by,

x® (D)= n/2(D'/4+1/2+D"'14) - BD)=«
(8D H14D)? ¢ B(D) eeerereeemmrvmeverermsssrnreeesisinnss %))

If the TFM encoding polynomial is S(D) and
its frequency spectrum is S(f), S(D) and S(f) are
defined by,

S(0) =B = 78 D7} (1+ D)*

S(N=5(D) | p=exptiowrr)

= z/8exp(-j2 xfT) * (1+2exp(2 xfT)+ exp(j2 =fT))
= z/8(1+0.5(exp(-j2 nfT)+exp(2 =fT)))

= 7/8(1+cos@ fT))

= x[2cos2( xfT)
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The phase shifts of the modulated carrier of TFM
can be extended to include a wide range of values
by modifying the premodulation filter charcteristics
as follows. Let the premodulation filter G(f) be
given by,

G) = SH) X H(E) wrererererermnrcresmsccessssereenenn 5)
H(f) is a low-pass filter satisfying the Nyquist-3

criterion. This filter. ie., junction with the
frequency modulator, serves to ensure the phase @
(1) after a smooth transition settles at one of
prescribed values at the end of a bit period. In
general, H(f) can be written as H(f)=w(f)( zfT/sin
( nfT)). where H(f) is a low-pass filter satisfying
the Nyquist-1 criterion. In this thesis, w(f) is
considered to have a raised-cosine characteristic, such

as,
1 LO<IA((1=-a)/2T)
w(H=11/2(1-sin((A-1/2)/xa) ,((1-a)2T<((1+)/2T)
0 ’ , elsewhere

where a is the rolloff factor in the range from O
to 1. The chosen value of @ has a significant
influence on the noise floor level of the signal
spectum as well as on the realizable BER
performance with the proposed noncoherent
detection scheme.

S(f) is a 3-tap transeversal filter that extends the
influence of input data over three bit periods for
the phase function @(t). ie., therefore, S(f)
introduces the correlative encoding properity into
the premodulation filter. The ampilitude response

of S(f) is given by,
| S(f) | =B(1+2a/B cos(2 AfT)) wevveriviriersranninas )

where a and B are the tap coefficients of S(f).
With this modified premodulation filter, the phase
shifts of the modulatlated carrier during the m-th

bit can be expressed as,

AT (MT)= 7/2(aXbmifd+aXbnaifd) cvvivinnnnan 8)
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where a and B satisfy the condition (2a + B) =
1, so that the maximum change in @(1) during a
one bit period is restricted to x/2 rad. Consequently,
the modulation index of the resulting TFM is always
equal to 0.5, the same to the Minimum Shift
Keying(MSK) signal. This suggests that the basic
coherent demodulator for the MSK signal is also
applicable to TFM signals.[1,2]

I. Trellis detection algorithm.

A whole class of signals, each with a given set
of allowable phase shifts in accordance to eq.(8),
can be realized by varying the tap coefficients a
and B of the transversal filter S(f) and the rolloff
factor @ of the Nyquist-3 filter. We call this
technique of signal generalized TFM. Because the
detected value is dependent to the output sequence

b, at the receiver.
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Fig. 2. Trellis diagram for initialization

Trellis detection algorithm is a modified Viterbi
by  Viterbi - for

convolutional decoding. Trellis detection algorithm

decoding algorithm made
is based on the MLSE and decreases the number
of calculation using the trellis characteristics of
TFM based on the rule for encoding and level
transition probability of (D*+2D+1) in the table
1,2.
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Table 1. Rule for encoding and phase shifting
of (D*+2D+1)

Ak ax Ak bx %)
1 1 -1 2 52
-1 -1 1 -1 -4
-1 1 -1 0 0
B 1 1 1 4
1 1 1 -1 4
1 -1 1 0 0
1 1 1 1 4
1 1 1 2 /2

Table 2. Rule for level transition probability of

(D*+2D+1)
RIN\R2 | © 1 -1 2 2
) 8 | yt6 | y16 | 0 0
1 116 | 116 | 116 | 116 | ©
-1 o |66l o | 16
2 o [ y16| o | 116| 0
2 0 0 (16| o | y16

The Fig. 2 describes the initialization of Trellis
detection algorithm. At starting point, the initial
states is initialized. This function is named Trellis
diagram initialzation stage. The Fig. 3 presents the
result of the Trellis diagram initialzation. The real
line branch is for ap = -1.

The bit-by-bit detection is the symbol detection
at t=kT times, but the symbol of the trellis
algorithm is detected from the trellis diagram using
the encoding rule and the level transition probabilty
at ax =+1,-1. _ .

The number of branch. r;=#*2 is two, That of
branch r,=%1 and O is four individually, and so
total number of branch is 16. The flow chart of
TDA is shown at Fig. 3. The first step in the trellis
diagram initialization like Fig. 2. And the second is
the path expansion at this stage, the CPM
(Cummulative Path Metric) is calculated, the

number of received branch at +2 in 2 , and at 1
, and O are 4 , so that, the all of branches is 16.

And one path from two branchs is removed by
calculating the CPM after K® path . Therefore, 8
survival paths are found by camparison of distance
from 16 expansion paths at this time, if the CPM
is the same, CPM is campared until t=r,5 .

If there is no symbol edtection during N-symbols
because of many symbol error, the survival path is
the shortest CPM. If a signal &cq is detected from 1
branch, then remove the other. In the case of
bit-by-bit detection, the symbol error is the bit error,
but in TDA, the bit error is corrected by viterbi
Algorithm.[3,4]

[treitis diagrem initialization]

path expansion

[find survival paths ]
yiva

[change optimatl path |

end of receiving

Yos

< End ">

Fig. 3. Flowchart of the Trellis detection algorithm

Trellis detetion algorithm finds the similarity
between the received sequence and trellis paths,
gets the optimum path using the real path for
each level of the trellis diagram. In Fig. 3, the
simiarity is correalated to the distance. Since the
bad path is not used on each level of the trellis
diagram by a metric parameter, the optimum path
is obtained. The optimum path is called survival
path. There are some defintions for. the trellis
algorithm as belowing,

1) Branch Metric is the level distance of branch

between t=(k-)T and t=kT.

2) Cummulative Path Metric is the metric

summation.

3) The maximum path length is confined 10

symbols against error propagation.
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In Fig. 3, the path metric is calculated at the
path expansion. If the path after k™ path is the
same, one path from two branchs is removed. At
this time, the survival path can be obtained from
the Comparision between Distances. Then 8
survival paths are survived from 16 expansion
paths.[3-5]

I the cummulative path metric is the same,
cummulative path metrics are compared until t=ry..
At the control path length:, if any symbol can’t be
detected during N-symbols due to many symbol
errors, the survival path is the shortest cummulative
path metric. And the new path axq is detected from
one branch and the other branch is removed.

The Trellis Detection Algorithm and linear
equalizer (Model-A) is shown at Fig. 4. The output
signal of the frequency discriminator passes the
linear equalizer. The output of linear equalizer is
feedback through the hard-decision circuit of typical
FM receiver with fiequency discriminator.[6]

~
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error signal LG

Fig. 4. Detection of the MLSE and the linear equalizer
(Model_A)

But, the proposed model has linear equalization
and MLSE, that is,. Trellis Detection Algorithm
using correlative redundancy. The model-B is the
Trellis Detection Algorithm with delayed LMS and
MLSE. The error is from the summation the
output signal of linear equalization and MLSE
output. Therefore, The error signal from the output
signal of Model-B is more correct than that of
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Model-A. The output of frequency discriminator is
the summation of 3 inter-symbols. Fig. 5 shows a
model for a DLMS.
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Fig. 5. Detection of the MLSE and the Delayed LMS
(Model_B)

II. Channel Modeling

The discrete-time characteristics of telephone
channel modeling is described by eq.(9), and the
frequency characteristics is shown at Fig. 6. The

discrete-time telephone channel is described by,
F(2)= 0.04—0.052"1+0.0727%-0.212730.52*
+ 0.72275+0%7 1.0.2127840.0327°

+ 0.07=z"1°

litumin]

Fig. 6. Frequency characteristics of Discrete-time
Telephone Channel

Those of HF (high frequency) channel is
represented at eq.(10) and Fig. 7

F(2)=0.408+0.8162"" +0.408z
(Eigen value = 00) .coeiiiccnmmienninirinnniniiines (10)
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Fig. 7. Frequency characteristics of High Frequncy
Discrete-time Channel

IV. Simmulation and Result

For the more spectral efficiency and high SNR
of the multilevel TFM, the trellis detection with
DLMS is proposed for the BER enhancement at
telephone and HF channels.

At the BER curve for Telephone channel, the
DFE is 1~2 dB better than linear equalizer and the

- Ditbyon(w S FE)

= MLSE(witn OFE}

-~ bitbyit(without DFE)
= MLSEwitho.t OFE)

(a) bit-by-bit & MLSE with DFE scheme

TDA with DLMS is improved about 4dB, compared
with bit-by-bit detection with linear equalizer

The TDA with DLMS is improved some 4dB
TDA with Delayed LMS is the best. As a result,
the trellis detection with DFE is 4dB betier. The
trellis detection with DLMS is 3dB better

V. Conclusion

The MLSE detection used with the DFE obtains
a 4dB performance improvement when compared
to the bit-by-bit detection at the BER level under
the telephone channel. In Fig. 8 and Fig. 9, the
comparison of BER between bit-by-bit detection
and trellis detection with the decision feedback
equalization is shown

The MLSE detection with delayed LMS obtains

better performance improvement than that the
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(b) bit-by-bit & MLSE with DLMS

Fig. 8. BER curves of telephone line
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(a) bit-by-bit & MLSE with DFE scheme

(b) bit-by-bit & MLSE with DLMS

Fig. 9. BER curves of HF channel.
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MLSE  detection with linear equalizer, when
compared to the bit-by-bit detection at the BER
level under the HF channel. In Fig. 8 and 9, the
MLSE detection with DLMS gets 2dB BER
improvement that of bit-by-bit detection in the HF

channel.
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Appendix-A @ Delayed LMS

and it’s Convergence™

The output of the equalizer is given by

Pe= PP e (A1)
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(k)

where »'® is the colume vector of received samples

1)

on the delay line at time K and ¢ is the vector

of M tap coefficients of the transversal filter. The
steepest descent algorithm for adjusting the equalizer
to minimize the mean square error takes a step in
the direction opposite to the direction of the gradient
of the emmor D time units ago, that is, at time K+l

the weight vector becomes

BTl (1B g oD (A2)
where s, is a parameter controlling the step size
and g® is the gradient vector

2
P = E[_a%e(%] ............................................. (A3)

e, is the error, that is, the difference between the
desired and actual response,

Ca=ly— Vi et (Ad)
The weight adjustment algorithm then becomes

c*V =Pl g He— D] s (A5)

D = c(»—dk (Ac(k_o)-— 172 O (A6)

where 4, is the step size parameter (equal to 2s,),

A is the correlation matrix of the input sequence

(assuming 7

and 4, are stationary sequences)
A=E[r® 5O e (A7)

and ¢ is the cross-correlation vector

The optimum value of weight vector (that which

minimizes the mean square error) is given by
Cop™ AT @ (A9)

In order to decouple the weight adjustments,
define the transformation
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and A is the diagonal matrix of the eigenvalues
of A, of A. Then

UVt W_ g (N *D _Pg) (A12)

The optimum decoupled weight vector can be

written as

Let us define the tap weight error as

ER =B (Al4)
Then,
BV = B g AR D (A15)

Furher assume 4, to be constant and equal to
4. Then for each j, j=1,~,M, the z-transform
of the jth tap coefficient error is

zD+l h}{O)

H&= o,
o

The limit as %, — oo of Ih}”)i is zero if and
only if all of the poles of H,(z) are within the

unit circle in the complex z-plane. If

] L e — (A17)

»

then limc “WW=/¢
lime P=¢,,

Stability also requires that all of the poles of
H{z) be within the unit circle. Thus, we
conclude that the adjustment algorithm is stable
and converges if and only if, for each j, all of

the roots of the characteristic polynomial

1 FYSNTRN voe

Fig. A1. convergence curve of the linear equalizer

F(z)=z”“—z"+A/I,- .................................. (A18)

lie within the unit circle.

For the analysis of convergence curve, the linear
equalizer has 31-forward taps and coefficient is
0.001, The linear equalizer converges very well
like Fig. Al

Appendix-B : Stability and
Convergence criterea

The particular form of F(z) allows us to

detemine the location of its roots. Define

The values of g for which F(z) has roots on

the unit circle can be determined by setting

Since g is real, form(A18),

B=cosD¢— cos(D+ 1) -ecmrmiiarncinnnnns (A21)

sinD¢— sin(D+1)¢=0 e (A22)

The values of ¢ satisfying the latter equation
define the points at which roots can lie on the
unit circle, namely

In (A23)

where [ is odd and |4<2D+1 or I=0.

The values of B corresponding to F(z) having
roots on the unit circle can be determined form
(A21) and (A23),

P Ir L '
B=12sin SEDFD et RS

The overall behavior of the system can be
ascertained by using root locus techniques. For
B=0, D roots lie at the origin and one root lies
at z = 1. As B is increased, the root at z = 1
and one of the other roots move to toward each
other on the real axis to meet at z=D/(D+1).
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The other roots move radially form the origin. For
larger values of B, the two real axis roots split to
form a complex conjugate pair which cross the

unit circle at

The values of A for which all roots lie inside the
unit circle correspond to the interval (0, 8. )

where B, comresponds to /=] in (A24). In

terms of 4 and A; this interval is

2 T
0<4K A SINGEER Ty e (A26)

The step size 4 must satisfy (A26) for each A4;.

Thus, the system is stable and converges if and
only if

2 - T
0< A T sin SEDFL) (A27)

where A, is the largest eigenvalue of the correlation

matrix A.

The system of DFE and DLMS has 6-forward:

taps, 5-backward taps, and coefficient is the same
0.001 like the linear equalizer, and it converges
very well like Fig. A2.

Fig. A2. convergence curve of DFE and DLMS
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