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Abstract—Turbo equalization is applied to microwave channel in this
paper, and we bring forward an improved Turbo equalization algorithm
named Max-Log-Map. A simulation based on a given microwave fading
channel has been made. The results show that performances are close
to each other between improved TE-Max-Log-Map and Log-Map, and
the coding gain is 1 dB at 10−4 of BER compared with Max-Log-
Map. The improved Max-Log-Map method improves the reliability
of microwave communication.

1. INTRODUCTION

Microwave fading channel is a complicated channel. It also has many
characteristics such as high noise, strong multipath interference and
the serious transmission attenuation. Intersymbol interference (ISI)
of microwave channel brings from its frequency selective fading is the
main factors which influence the reliability of information transmission.
The typical communication systems usually use channel coding and
equalization technology against the impact of ISI. For of all, traditional
methods make it independent between channel decoding and channel
equalization. The two typical channel equalization algorithms are
linear equalizations (LE) and decision feedback equalizer (DFE). They
are all hard decisions of information output, so it is impossible to carry
out soft-decision decoding. Soft-decision decoding can obtain 2 dB gain
compared with hard-decision. To carry out soft-decision decoding,
equalizer must provide soft information, then system performances can
be improved. Moreover, as equalizer is independent from decoder, it
is more difficult to correct the burst errors after the equalizer decision,
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and the equalizer result will not be ideal. In recent years, iterative
decoding method of Turbo code inspired Turbo equalization which
combines Turbo code decoding principle with equalization technology.
Turbo equalization improves largely the reliability of communication
by many iterations of soft information between decoder and equalizer.

The principle of Turbo equalization is applied in microwave
communication in this paper. In view of ISI caused by microwave
channel’s multipath fading, an improved Max-Log-Map equalization
algorithm is brought forward and simulated in a given microwave
channel. Simulation results show that the improved algorithm
gets about 1 db coding gain compared with Max-Log-Map when
BER is 10−4, which is close to Log-Map performances, so the
improved algorithm improves the reliability effectively in microwave
communication.
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Figure 1. Turbo equalizer structure.

2. THE PRINCIPLE OF TURBO EQUALIZATION

Turbo equalization structure is shown in Figure 1, it needs multiple
iterations between equalizer and decoder to end receiving symbol’s
equalization and decoding according to Turbo code [4] iterative
decoding principle. According to SISO equalization algorithm, the
symbol’s posterior information Lpos

E (x̂k) will be estimated after channel
observed value yk and prior information Lpri

E (x̂k) are inputted to
equalizer in each iteration. By subtracting the prior information
Lpri

E (x̂k) as the posteriori information Lpos
E (x̂k) contains it, the extrinsic

information Lext
E (x̂k) is obtained. This extrinsic information is

deinterleaved using the same deinterleaver pattern in the encoder, and
is passed to SISO decoder as priori information Lpri

D (x̂k). The iterative
equalization and decoding proceed until a stop criterion is met, the
output of the decoder Lpos

D (ûk) is sent to a decision device and the
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process is terminated, the decision rule can be written as:

uk =

{
1, Lpos

D (ûk) ≥ 0

0, Lpos
D (ûk) < 0

(1)

3. IMPROVED MAX-LOG-MAP EQUALIZATION
ALGORITHM BASED ON THE MICROWAVE
CHANNEL

3.1. The Estimation of Map Equalization Algorithm’s
Posteriori Probabilities

Assume the channel observation at time k is:

yk =
M−1∑
n=0

hnxk−n + nk (2)

where Y = {yk} is information sequence inputted to equalizer, and
k is one of 1 . . . N , yk is a sampled value at time k, {nk} is AWGN
sequence, X = {xk} is symbol sequence inputted to channel, and M
denotes the memory length of the ISI channel.

kx

ky

0h
1h

2h 1−Mh
kn

Figure 2. Microwave ISI channel.

The modulation could be in the form of binary phase shift keying
(BPSK), where a pulse is modulated with either +1 or −1, so at time
k is: xk ∈ {−1, 1}. Microwave ISI channel is shown in Figure 2, we can
assume the microwave channel as a convolution encoder with 1 code
rate. So the symbol inputted to channel is xk, which the posteriori
probabilities can be copulated by setting up a microwave ISI channel’s
trellis structures. The MAP algorithm’s posteriori probabilities are
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defined as follows:

L(x̂k) = LPOS
E (x̂k) = ln

p(xk = 1/Y )
p(xk = −1/Y )

= ln

∑
(s′,s),xk=1

p(s′, s, Y )

∑
(s′,s),xk=−1

p(s′, s, Y )

(3)
and p(s′, s, Y ) can be expressed as:

p(s′, s, Y ) = p(s′, y1, . . . , yk−1)p(s, yk/s′) × p(yk+1, . . . , yN/s)

where:

αk(s) =
∑
s′

αk−1(s′)γk(s′, s)

βk−1(s′) =
∑
s

βkγk(s′, s)

γk(s′, s) = p(s, yk/s′) (4)

According to MAP equalization algorithm, γk(s′, s) can be
expressed as [2]:

γk(s′, s) = exp

− 1
2σ2

ch

∣∣∣∣∣yk −
M−1∑
i=0

hixk−i

∣∣∣∣∣
2

+
1
2
xkL

pri
E (x̂k)

 (5)

where hi =
√

1

10(
ρi−ρ1

10 )
, σ2

ch = N0/2 is the variance of the noise, and

Lpri
E (x̂k) is the a priori information of the coded bit xk. When the M

becomes bigger, the total states of trellis structure will be also big, and
it brings about Map equalization algorithm’s increased-complexity.

3.2. Description of the Improved Max-Log-Map
Equalization Algorithm

The Log-Map and Max-Log-Map algorithms are typical and simplified
Map equalization algorithms. The Log-MAP algorithm calculates
αk(s′), βk−1(s), γk(s′, s) in logarithmic terms using the Jacobian
logarithmic function. Using this approach the forward/backward
recursion will change to:

αk(s) = m̂ax
(
αk−1(s′) + γk(s

′, s)
)

βk−1(s
′) = m̂ax

(
βk(s) + γk(s

′, s)
)
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where

m̂ax(z1, z2) = ln(ez1 + ez2) = max(z1, z2) + ln
(
1 + e(−|z1−z2|)

)
(6)

αk(s), βk(s), γk(s′, s) represent the logarithmic values of αk(s), βk(s),
γk(s′, s) respectively. Finally, the soft output maximum a posteriori
log likelihood ratio of the decoder can be determined as follows:

L(x̂k) = m̂ax
(s′,s),xk=1

(
αk−1(s′) + γk(s

′, s) + βk(s)
)

−
(

m̂ax
(s′,s),xk=−1

(
αk−1(s′) + γk(s

′, s) + βk(s)
))

(7)

The Max-Log-MAP algorithm is obtained by omitting the
logarithmic part of Equation (6). Using this approximation,
the Max-Log-MAP algorithm is suboptimal and gives an inferior
performance compared with that of the Log-MAP algorithm. On one
hand calculation of the TE-Log-Map algorithm using the Jacobian
logarithmic function results in high complexity. On the other hand,
saving the results of ln(1 + e(−|z1−z2|)) as different |z1 − z2| value
in a lookup table will introduce a quantization error caused by
truncation of the input of the lookup table(this truncation is necessary
otherwise the size of the lookup table becomes extremely large and the
implementation is infeasible), all of those mentioned above increase
hardware cost. Moreover, for the calculation of each maximum a
posteriori value L(x̂k) at the output of the equalizer or the decoder,
we have to read the correction terms from the lookup table recursively.
Reading data from these tables is a time consuming process and thus
it is not desirable. It should be noted that the logarithmic term of
Equation (4) is effective when |z1 − z2| in Equation (6) is around zero,
otherwise the effect of this term is negligible. Therefore MacLaurin
series expansion can be employed to describe the logarithmic when
|z1 − z2| is around zero. When x = |z1 − z2| → 0, MacLaurin series
are as follows:

f(x) =
n∑

k=0

1
k!

f (k)(0)xk + o(|x|n),

So,

ln
(
1 + e(−x)

)
≈ ln 2 − 1

2
x +

1
4
x2 − . . . (8)

Since the logarithmic term of Equation (6) is always greater than zero,
we rewrite m̂ax(z1, z2) as follows:

m̂ax(z1, z2) ≈ max(z1, z2) + max
(

0, ln 2 − 1
2
|z1 − z2|

)
(9)
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Equation (9) can be easily implemented using comparators,
adders and a shift register. Therefore, calculation of maximum
value in Equation (7) based on Equation (9) is the key to improve
algorithm. The improved algorithm’s complexity is close to Max-Log-
Map equalization algorithm, but the performance is close to Log-Map
equalization algorithm, and is better than Max-Log-Map equalization
algorithm.

4. SIMULATION AND ANALYSIS

We simulate in following conditions: the microwave multipath fading
channel (3 multipaths), BPSK modulation, the carrier frequency is
the intermediate frequency after carrying out the DDC, and RSC
encoder with 1/2 coding rate, and the interleaver size is 2000. The
performances of equalization algorithm including improved Max-Log-
Map algorithm, Log-Map algorithm and Max-Log-Map algorithm are
shown in Figure 3 and Figure 4. Figure 3 shows that improved Max-
Log-Map equalization algorithm performance becomes better obviously
as more numbers of iteration are taken, and it can obtain 2 dB gain
when BER is about 10−4 after 6 iterations. Figure 4 shows that
improved Max-Log-Map equalization algorithm can get more than 1 dB
gain compared with Max-Log-Map equalization algorithm, and it is
close to the Log-Map algorithm performance. Thereby, the improved
algorithm is effective to improve microwave communication with ISI
reliability.
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Figure 3. Performance of improved Turbo equalization algorithm
after 0, 1, 6 iterations.
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Figure 4. Comparison between Max-log-map, Log-map, and
improved Turbo equalization.

5. CONCLUSION

In microwave communications, the channel exists many multipaths,
and great multipath time delay difference. When the symbolic
transfer rate is high, the equivalent of the channel impulse response
will be in great duration and because the complexity of the Map
equalization algorithm is increased exponentially with channel memory
length and modulation signal constellation size, which will lead to
Map equalization algorithm large amount of computation and become
unfeasible. The improved Max-Log-Map equalization algorithm’s
complexity and performance shown in this paper are compromised, and
also it effectively improves the reliability of microwave communication.
It can be believed that this algorithm will be more widely used in
microwave communication and other similar communication system.
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