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Abstract. In this paper, energy efficient VLSI architectures for linear turbo equalization are studied. Linear turbo
equalizers exhibit dramatic bit error rate (BER) improvement over conventional equalizers by enabling a form of
joint equalization and decoding in which soft information is iteratively exchanged between the equalizer and decoder.
However, turbo equalizers can be computationally complex and hence require significant power consumption. In
this paper, we present an energy-efficient VLSI architecture for such linear turbo equalizers. Key architectural
techniques include elimination of redundant operations and early termination. Early termination enables powering
down parts of the soft-input soft-output (SISO) equalizer and decoder thereby saving power. Simulation results
show that energy savings in the range 30–60% and 10–60% are achieved in equalization and decoding, respectively.
Furthermore, we present finite precision requirements of the linear turbo equalizer and an efficient rescaling method
to prevent overflow.
Keywords: iterative equalizer, iterative decoder, SISO, low-power, turbo,architecture

1.

Introduction

Most high bit-rate communication systems suffer from
intersymbol interference (ISI) in addition to noise during transmission over frequency selective channels.
Conventional solutions (e.g., see Fig. 1) use separate
equalization and decoding functions to compensate for
the ISI and noise, respectively. Recently, the concept
of turbo equalization has been proposed [1–5], where
the equalization and decoding functions are iteratively
combined through the exchange of soft information between the constituent devices. In turbo equalization, a
soft-input soft-output (SISO) equalizer and a SISO decoder exchange soft information to jointly estimate the
transmitted data. In [1], a maximum a posteriori prob∗ This
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ability (MAP) detector combined with a MAP decoder
has been shown to provide dramatically improved bit
error rate (BER) performance for many transmission
channels. However, the complexity of such MAP-based
schemes is prohibitive for modulation with high spectral efficiency and large delay spreads. For example,
the number of states in a MAP SISO equalizer is
164 = 65536 for a channel with memory 4, and 16
quadrature amplitude modulation (QAM). The MAP
SISO equalizer can be replaced by a lower complexity
linear SISO equalizer such as an ISI canceller [2, 3]
or a minimum mean square error (MMSE) equalizer
[4, 5]. These equalizers can combat ISI with a higher
degree of computational efficiency even in the presence of high spectral efficiency modulation schemes.
For highly degraded channels [6], as shown in the example in Fig. 2, we see that these linear turbo equalizers can provide substantial gain over conventional,
separately equalized and decoded, systems. Note that
for very high-speed digital subscriber line (VDSL)
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Figure 1.

Block diagram of a conventional communication system with separate equalization and decoding.

Figure 2. Comparison of turbo equalization and conventional
equalization: (a) BER advantage for severely attenuated channels
H = [0.407, 0.815, 0.407] and H = [0.227, 0.46, 0.688, 0.46,
0.227], and (b) data-rate advantage for VDSL channels.

systems, turbo equalization can increase the transmission data rate by up to 60% while transmitting data over
longer lines (≥3.5 kft) where non-iterative schemes [7]
can fail to achieve the recommended BER = 10−7 .
The system level benefits of joint equalization and
decoding motivate our research into low-complexity
and low-power VLSI architectures for linear turbo
equalizers. Related work includes low-power design
techniques proposed for turbo code decoders [8–16]. In
[8–11], the effects of quantization of the log-likelihood
ratio (LLR) from each SISO module are discussed, and
the required precisions are determined empirically. In
[8, 12, 13], various techniques for early termination
of iterative decoding of turbo codes are introduced and
some experimental results are given. In [14, 15], the optimization of memory accesses has been studied, and in
[16], a sliding window log-domain MAP algorithm is
proposed to reduce the memory storage requirements.
However, most published research on turbo equalization has focussed on algorithmic issues [1–5, 17–19]
rather than implementation issues. In this paper, we
investigate low power VLSI architectures for the constituent SISO equalizer and decoder blocks.
In a turbo equalizer, it is known that different portions of a data block may require a large number
of iterations between the equalizer and decoder to
converge. This is similar in nature to the behavior
observed in decoding of turbo codes [8, 11–13]. We exploit this property to eliminate unnecessary operations
thereby reducing power. We further reduce power in
the system via early termination techniques [11–13] as
used previously in low-power turbo decoders. We can
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achieve early termination by monitoring the soft information passed between the SISO devices, as opposed to
requiring a fixed, large number of iterations to complete. Experimental results on typical channels show
that the proposed complexity reduction techniques for
linear turbo equalization can achieve significant energy
savings.
This paper is organized as follows. After a review of
linear turbo equalization in Section 2, a VLSI architecture for linear turbo equalizers is presented and possible
architectural approaches for achieving energy savings
are explored in Section 3. In Section 4, finite precision analysis via empirical experiments is summarized
and simulation results are presented to validate the proposed low-power techniques. Section 5 provides some
concluding remarks.
2.

Linear Turbo Equalization

In this section, we first describe the operation of the
conventional decision feedback equalizer (DFE). We
then highlight the differences that arise in a SISO equalizer and the associated SISO decoder.
2.1.

Decision Feedback Equalizer

Figure 1 describes the transmitter and the conventional
receiver model in which a DFE is used. The binary data
bi is encoded to yield the coded data ci , the interleaver
permutes the coded data ci , and then m interleaved bits
at time index n, dn,0 , dn,1 , . . . , dn,m−1 , are grouped into
one of 2m symbols, xn , which is transmitted over the ISI
channel with additive white Gaussian noise (AWGN).

Figure 3.

Block diagram of a linear turbo-equalizer.
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The channel output z n is given by
zn =

M2


h k xn−k + wn ,

(1)

k=−M1

for an equivalent baseband discrete-time channel response h k and noise sequence wn . The DFE computes
the estimate x̂n from z n and the past hard decisions from
the slicer, x̃n = arg minx∈X ||x̂n − xn ||2 , as follows:
x̂n =

L


HkFF · z n−k +

k=−L

M


HkFB · x̃n−k ,

(2)

k=1

where 2L +1 and M are the number of taps in the feedforward (FF) and feedback (FB) filters, respectively.
The slicer outputs are then processed to yield bit estimates b̂i by the channel decoder.
2.2.

SISO Equalizer

The linear turbo equalizer shown in Fig. 3 improves
receiver performance by exchanging soft information
between each of the SISO blocks [2–5]. The turbo
equalizer operates on a block of N coded bits, in which
the SISO equalizer operates on mN symbols, while the
SISO decoder operates on the block of N bits. In the
SISO equalizer, soft symbols x̄n from the previous iteration of the decoder are processed in the feedback
filter, rather than hard symbols from the slicer x̃n . The
channel output z n and soft symbol x̄n are processed as
follows,
x̂n =

L

k=−L

HkFF · z n−k +

M

k=−M

HkFB · x̄n−k ,

(3)
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where H0FB is equal to zero, in order to generate the
estimated symbol x̂n and to avoid the short feedback
cycle of soft information; this is analogous to the so
called extrinsic information used in turbo decoding
and MAP-based turbo equalization. The symbol-tobit (STOB) mapper [3] converts each estimated symbol x̂n to a LLR on dn,k denoted by L eE (dn,k ), where
k = 0, 1, . . . , m − 1 is the bit index within a symbol.
The LLR is approximated as:
L eE (dn,k ) = K ln

Pr(dn,k = +1 | x̂n )
,
Pr(dn,k = −1 | x̂n )

(4)

Figure 4.

Symbol to binary (STOB) mapping logic.

By setting K to 2σw2 , L eE (dn,k ) is only a function of the
linear equalizer output,
 ∗
L eE (dn,k ) ≈
min (x̂n − xn {dn,k = 0})2
dn {dn,k =0}


∗
− min (x̂n − xn {dn,k = 1})2 , (9)
dn {dn,k =1}

where K is a constant to be defined later. By defining the vector, dn = {dn,0 , . . . , dn,m−1 } and applying
the law of total probability [20], (4) can be written
as

L eE (dn,k )

dn :dn,k =1

P(x̂n | dn )

dn :dn,k =0

P(x̂n | dn )

= K ln 

,

(5)

where, k = 0, 1, . . . , m − 1. By approximating
P(x̂n |dn ) as a Gaussian probability density function
(pdf), (5) can be expressed as
L eE (dn,k )



exp − 2σ1 2 (x̂n − xn {dn,k = 1})2
w
,
 1
= K ln 
2
dn {dn,k =0} exp − 2σ 2 ( x̂ n − x n {dn,k = 0})


dn {dn,k =1}

w

(6)
where, xn {dn,k = 1} denotes a symbol mapping in
which dn,k is equal to one. However, the LLR computations in (6) cannot be easily mapped to VLSI because the exponential terms require a large dynamic
range and are non-linear. However, by employing the
logarithm Jacobian approximation [3]


ln{e−x + e−y } ≈ − min(x, y) + ln 1 + e−|x−y|
∗

= min(x, y),

(7)

we can express (6) as
L eE (dn,k ) ≈

K  ∗
min (x̂n − xn {dn,k = 0})2
2σw2 dn {dn,k =0}

∗
− min (x̂n − xn {dn,k = 1})2 . (8)
dn {dn,k =1}

and the receiver complexity is simplified since the noise
variance disappears and its estimation is no longer
needed.
Figure 4 shows a potential hardware implementation
for computing L eE (·) using a look-up table (LUT). The
SISO equalizer outputs L eE (·) are passed through a deinterleaver and then fed to the SISO decoder, which is
described next.
2.3.

SISO Decoder

The LLR’s updated by the linear SISO equalizer are
taken by the SISO decoder as inputs and used to produce the reliability metric L eD (·) on coded bits [3]. In
this work, a sliding window log-domain MAP algorithm is employed to make the overall metric be a sum
rather than a product and to minimize the metric storage requirements. If c is the coded block and LaD (c) is
the updated LLR sequence from SISO equalizer, then
the a posteriori LLR for the kth bit is given by


P ck = +1 LaD (c)
D

L e (ck ) = 
P ck = −1 LaD (c)



D
c{ck =+1} p c, La (c)

.
= 
(10)
D
c{ck =−1} p c, La (c)
The sliding window Log-MAP algorithm can be used to
compute (10) [16]. In this algorithm, we define the forward metric ak (s), backward metric bk (s), and branch
metric γk (s  , s) as
1
γk (s  , s) =
(11)
ck · L aD (ck )
2
∗
ak (s) = max
[ak−1 (s  ) + γk (s  , s)]
(12)

s
∗

b j−1 (s) = max[b j (s) + γ j (s  , s)],
s

(13)
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Table 1.

4-PAM binary to symbol mapping.

Binary

01
−3

Symbol

00
−1

10
+1

11
+3

∗

where the max operation is implemented as


∗
max(x, y) = max(x, y) + ln 1 + e−|x−y| ,

(14)

and the approximate LLR of the k-th bit as
L eD (ck ) ≈

∗

max [ak−1 (s  ) + γk (s  , s) + bk (s)]

s  ,s:ck =+1

−

∗

max [ak−1 (s  ) + γk (s  , s) + bk (s)].

s  ,s:c

k =−1

(15)
The updated L eD (·) is passed through an interleaver
and used as input to the bits-to-average-symbol (BTOS)
mapping block, which computes the average symbol
value, x̄n , by taking a statistical expectation. For BPSK
modulation, the average symbol can be expressed
as
x̄n = Pr{xn = 1} − Pr{xn = −1}


exp L aE (dn ) − 1

,
=
1 + exp L aE (dn )

(16)

and for a 4-level pulse amplitude modulation (PAM)
where the symbol mapping is defined in Table 1,
x̄n = 3 · Pr{dn,0 = 1, dn,1 = 1}
+ 1 · Pr{dn,0 = 1, dn,1 = 0}
− 1 · Pr{dn,0 = 0, dn,1 = 0}
− 3 · Pr{dn,0 = 0, dn,1 = 1}
E

=

E

E

e L a (dn,0 ) 3e L a (dn,1 ) + 1 − 1 − 3e L a (dn,1 )
1 + e L a (dn,0 ) 1 + e L a (dn,1 )
E

E

.

(17)

The averaged symbols x̄n are then fed back into the
SISO equalizer for the next iteration. Unlike a conven-

Figure 5.

Binary to average symbol (BTOS) mapping logic.
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tional DFE, the use of soft symbols in a turbo equalizer
helps mitigate error propagation. However, the exponential terms in both the numerator and denominator
of (17) are not easily implemented in VLSI circuits.
For modest signal-to-noise ratios (SNR) and typical
channels, we have found empirically that |L eD (·)| typically lies between 0.0 and 30.0. Therefore, we would
need at least six bits for the integer part and a few bits
for the fractional part in order to represent L eD (·). From
(16), we see that if L eD (·) = ±6.0, then x̄ = ±0.99,
which implies that the absolute values of L eD (·) greater
than 6.0 would make little difference in the average
symbol computation. Furthermore, for the 4-PAM constellation example, the output average symbols depend
on only L aE (dn,0 ) if L aE (dn,1 ) is more than 6.0 and vice
versa.
This property can be exploited to reduce the lookup
table size, and the logic required to transfer the LLR
value of each coded bit into soft symbols is depicted in
Fig. 5, where L aE (·) is passed through saturation logic,
and then becomes the look-up table access address. Although the dynamic range is much smaller, numerical
experiments verify that the BER performance loss is
negligible.
3.

Turbo Equalizer VLSI Architectures

Figure 6 describes the VLSI architecture of a linear
turbo equalizer, which is made up of a linear SISO
equalizer and SISO decoder employing sliding window Log-MAP decoding. In the linear SISO equalizer, the feedforward and feedback filters are implemented using multiply-accumulate (MAC) based architectures. The estimated symbol x̂n is the input to the
L eE (·) LUT address generation logic. The LUT outputs
are de-interleaved and passed to the SISO decoder.
In the SISO decoder, the de-interleaved LLR outputs L aD (·) are used in the branch metric (γk (s  , s))
unit. There are two backward metric computation units
and one forward metric computation unit which contain an array of add-compare-select (ACS) circuits.
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Figure 6.

VLSI architecture of linear turbo equalizers.

Equation (15) is implemented in the L eD (·) LLR output
block. The L eD (·) LLR’s are interleaved bit-by-bit, and
then passed to the address generation block to access
the soft symbol LUT, whose outputs will be used in the
next iteration of SISO equalization.
There are a wide range of known architectural techniques [21–25] to parallelize both the MAC-based finite
impulse response (FIR) filter implementation [21, 22]
and the computation of L eD (·) LLR’s [23–25] thereby
improving the equalizer and decoding throughput.
A snapshot of averaged and estimated symbols over
all iterations reveals that different symbols often converge at different rates, that is, different regions within
a data block require more iterations than others. This
motivates several key techniques which not only attack
the computational inefficiency of SISO equalization by
eliminating unnecessary operations, but also enable the
termination of iterations by employing a novel stopping criterion to detect convergence. In this section,
energy efficient architectural solutions for the linear
turbo equalizer are described in more detail.

3.1.

Low-Power SISO Equalization and Decoding

Various stopping criteria in turbo decoders [12, 13]
were proposed to achieve low-power VLSI implemen-

tations. However, most of these techniques cannot be
directly applied to the linear turbo equalization because
the soft information exchanged between the equalizer
and decoder are different.
In the linear turbo equalizer, the average symbols are updated using (16) or (17) at every iteration and can provide clues for convergence. For
example, the difference between average symbols of
consecutive iterations can be checked over one block as
follows:
E

x̄ni − x̄ni−1 =

i

e L a (d̂n ) − 1
e

L aE (d̂ni )

+1

E

−

i−1

)

−1

L aE (d̂ni−1 )

+1

e L a (d̂n
e

< δ S , ∀n,

(18)
where i is the iteration index, δ S > 0 is a constant, and
BPSK modulation is assumed. As the SISO decoder
converges, the magnitudes of the LLR values become
large and Eq. (18) can be used as a stopping criterion.
The turbo equalizer may initially have some symbols
converge to desired values, while others do not. In each
iteration of the SISO equalizer, we compute
x̂ni =

L

k=−L

HkFF · z n−k +

M


i−1
HkFB · x̄n−k
.

(19)

k=−M

If |x̄ni−1 − x̄ni−2 | ≤ δ S over the filtering window, then
the estimate x̂ni does not need to be updated. From
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Figure 7.

Control logic for low-power VLSI implementation.

the second iteration, the equalizer operations are selectively carried out only if the update of L eE (d̂ni ) is
needed. Control logic checks the differences between
soft symbols of two consecutive iterations over the filtering window, and decides whether L eE (d̂ni ) is updated
or not.
Figure 7 depicts the details of the control logic
to generate pwrdn EQ and pwrdn DEC for the SISO
equalizer and decoder, respectively. The pwrdn EQ signal turns down SISO equalizer operations if the update of L eE (d̂ni ) is not necessary and the pwrdn DEC
signal terminates iterations by turning off the SISO
decoder block. The most significant bit (MSB) of
|x̄ni−1 − x̄ni−2 | − δ S is computed and stored in the 1-bit
register over the 2M + 1 filtering window. If all MSB’s
are equal to ’1’ which implies all difference values over
the 2M + 1 filtering window are less than δ S , then the

Figure 8.

Modified architecture for energy saving.
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control signal will turn off equalization of the current
sample. For generating the decoder control signal, at
the first symbol of one block, the 1-bit register is reset
to one. For each symbol, the MSB of |x̄ni−1 − x̄ni−2 | − δ S
updates the pwrdn DEC signal stored in the 1-bit register. After processing one block, if the pwrdn DEC
signal is equal to ‘1’ meaning all the difference values are less than the stopping threshold, the iteration is
terminated. It should be noted that the logic complexity of this control block is marginal compared to that of
the SISO equalizer and decoder blocks. Figure 8 shows
the modified data-path including the necessary control
logic.
3.2.

Determination of Threshold Value δ S

The threshold value, δ S , enables us to trade-off BER
versus energy efficiency. As in [26], the mutual information (I ) between LLR’s of the outputs of SISO
decoder and the transmitted symbols can be used to
test convergence. Therefore, we determine δ S such
that
Iorg − ILP < IT

(20)

where Iorg and ILP are the mutual information of the
original and low-power turbo equalizer, respectively,
and IT is the threshold value of the difference between
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Table 2.

Iorg and ILP . Note [26] that the mutual information I is
given by
I =

1  
2 x∈{±1} l
· log2

f

L eD (l

f L eD (l | x)
2 f L eD (l | x)
, (21)
| + 1) + f L eD (l | − 1)
2

(l− xσ )2

1
where, f L eD (l | x) = √2π
exp(− 2σ22 ) and σ denotes
σ
the variance of the LLR value L eD (·). We have determined empirically that IT = 10−4 is a reasonable value
for channel SNR’s in the range from 15 dB to 20 dB
for typical channels.

4.
4.1.

Summary of Experimental Results
Simulation Setup

We employ a recursive systematic convolutional (RSC)
encoder at the transmitter with a generator polynomial
(23, 35)8 . The coded bit stream is first passed through a
random interleaver [27] followed by 4 level pulse amplitude modulation (PAM). For purposes of comparison, we considered three static channel models (channel A, B and C),
H A (z) = 0.04z 5 − 0.05z 4 + 0.07z 3 − 0.21z 2 − 0.5z
+ 0.72 + 0.36z −1 + 0.21z −3 + 0.03z −4

Number of taps in SISO equalization.

Channel

NFF

NFB1

NFB2

A

15

7

14

B

7

4

6

C

11

5

10

quent iterations, respectively. A sliding window LogMAP algorithm [16] is employed and 5 iterations are
used for channel A and B and 8 iterations for channel C are carried out. For performance comparison,
the BER is measured by transmitting as many blocks
as are needed so that at least ten erroneous blocks are
received.
4.2.

Optimization of Word-Lengths

By employing the proposed soft input mappings in (9)
and (17), an integer-based linear turbo equalizer is implemented. Word-lengths of internal variables of the
linear turbo equalizer were determined empirically in
order to minimize loss in BER. A comparison with
a floating point implementation is given in Fig. 9 for
the channel H B (z), where the performance loss is negligible at BER of 10−6 after 5 iterations. The precisions used for each internal variable are summarized in
Table 3.
The precisions of path metrics in SISO decoding should be carefully determined to avoid overflow.

+ 0.07z −5
H B (z) = 0.407z + 0.815 + 0.407z −1
HC (z) = 0.227z 2 + 0.46z + 0.688 + 0.46z −1
+ 0.227z −2 ,
where H A (z) is a “good” channel, H B (z) has “medium
ISI”, and HC (z) has “severe ISI” [6]. We employ a
1024-bit interleaver for channel A and B while a 4096bit interleaver is employed for channel C because the
larger interleaver overcomes the worst ISI channel,
HC (z), more effectively by decorrelating a burst of
errors better. To determine the coefficients of the feedforward and feedback filters (H FF and H FB ), we employ a least-mean-square (LMS) adaptive algorithm.
The number of taps used in the SISO equalizer is
summarized in Table 2, where NFF denotes the number of feedforward filter taps, NFB1 and NFB2 are the
number of feedback filter taps in the first and subse-

Figure 9. BER performance comparison of integer implementation
over H B (z).
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Table 3. Empirically determined precision summary in linear
turbo equalizer for 4-PAM.
Variables

Precision

z(n)

12-bit

WFF (n)

11-bit

FF filter coefficient

yFF (n)

16-bit

Accumulation of FF filter

Received symbol

WFB (n)

11-bit

FB filter coefficient

yFB (n)

16-bit

Accumulation of FB filter

x̄(n)

5-bit

Average symbol

λmax , ck

7-bit

Maximum branch metric in
SISO decoder

a k , bk

10-bit

Forward & backward metrics

L eE (·)

7-bit

LLR of SISO equalizer

L eD (·)

5-bit

LLR of SISO decoder

LUT in (9)

128 entry ROM

L eE mapping LUT

LUT in (17)

725 entry ROM

Average symbol mapping LUT

Metric values may be corrupted due to overflow since
the forward metrics, ak , are accumulated over a block,
and the backward metrics, bk , are computed in a recursive manner over a sliding window [16]. The path
metric normalization method developed via a modulo arithmetic [28] is not applicable here because, in
SISO decoding, the difference values between path
metrics are used as a measure of reliability rather than
the comparison results on which path metric is larger
in Viterbi decoders. In this paper, we subtract a constant scale from all the path metrics to avoid overflow
[29].
The updated path metric at time index k is bounded
by
ak (s) = max
[ak−1 (s  ) + γk (s  , s)]

s

≤ Q + λmax ,

(22)

where ak−1 ≤ Q and λmax is the maximum branch
metric. In practice, Q is not known but the upper bound
pm on the path metric difference is known as pm ≤
λmax v [30], where v is the memory order of the encoder.
Therefore, we choose q, the path metric precision, to
satisfy 2q−2 > pm = λmax v. This enables us to check
for overflow of each path metric by using the circuit in
Fig. 11, where q-bit metric registers are employed and
Ns is the number of trellis states in the SISO decoder. If
all metrics are greater than 2q−1 , then we subtract 2q−1
from all state path metrics. In our design, the maximum
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branch metric, λmax , is less than 26 , v is 4, and 28 >
pm . Hence, 10 bits are assigned to the path metrics,
ak and bk . We also found empirically that 10 bits of
precision do not cause overflow due to the rescaling.
Figure 10 shows the maximum values of the ak and
bk metrics during the transmission of 108 information
bits.
Furthermore, the path metrics are positive quantities,
and hence the constant subtraction can be done efficiently by setting q-th bit of all path metric registers
to zero. The logic diagram implementing the proposed
normalization method is shown in Fig. 12 and only
one multiplexer is required for rescaling each metric
register.

4.3.

Power Savings

Threshold values satisfying (20) were determined empirically to be δ S = 1.0 for 4-level PAM. Figure 13
illustrates the relative BERs of the floating point and
integer implementations with the low-power schemes
and thresholding methods explained in the previous
section. We note that the impact on the BER performance is relatively small.
To measure the energy efficiency of the proposed
scheme, we compute the overall energy savings in
SISO decoding and equalization. The energy consumed by the SISO decoders is largely proportional
to the number of executed iterations and hence the
energy saving of the SISO decoder can be computed
by
E DEC,org − E DEC,LP
× 100
E DEC,org
Niter,org − Niter,LP
=
× 100,
Niter,org

E SDEC =

(23)

where Niter,org denotes the number of iterations in the
original decoder, Niter,LP is the number of iterations in
the low-power decoder, and E DEC,org and E DEC,LP are
the consumed energy of the original decoder and the
low-power decoder, respectively.
Further, we assume that the energy consumed by
the multiplier-accumulate (MAC) of SISO equalization is proportional to the precisions of a multiplier (b1 × b2 ) and an accumulator (b3 ) as shown
below,
E MAC ∝ K  · (b1 × b2 + b3 ),

(24)
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Figure 10.

The maximum value in ak and bk metrics.

Figure 11.

Overflow detection logic.

Figure 13.

BER performance comparison versus channel SNR.

and hence the power consumed by a MAC operation
can be expressed as
2
2
P = α · C L · Vdd
· f S ∝ K  · (b1 × b2 + b3 ) · Vdd
· fS

(25)

Figure 12.

Add-Compare-Select unit and rescaling block diagram.

where C L is the load capacitance, Vdd is the supply
voltage, and f S is the operating frequency. The number of MAC operations required for the linear SISO
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Figure 14.

Energy savings of SISO equalizer and decoder.

equalizer is summarized in Table 4 and the energy consumed by the linear SISO equalizer can be expressed
as

the first iteration. The energy saving in the equalizer
can be defined as
E SEQ =



E EQ = K {N B (NFF (11 × 12 + 16)
+ NFB1 (11 × 2 + 16))
+ Nsym (NFF (11 × 12 + 16)
+ NFB2 (11 × 5 + 16))},

(26)

where N B is the number of symbols in one block and
Nsym denotes the number of symbols processed after
Table 4.

59

E EQ,org − E EQ,LP
× 100,
E EQ,org

(27)

where E EQ,org and E EQ,LP are the consumed energy of
the original equalizer and the low-power equalizer, respectively, and E EQ,LP includes the control logic complexity, which is a 5-bit subtract per symbol. Figure 14
shows the energy savings of the SISO equalizer and decoder; the proposed low-power scheme saves 30–60%

MAC complexity analysis of SISO equalizer.
Number of MAC’s

Feed Forward section

NFF · MAC11×12+16 per symbol

Feed Back section in the
first iteration

NFB1 · MAC11×2+16 per symbol

Feed Back section in later
iterations

NFB2 · MAC11×5+16 per symbol

Control logic: Equation (18)

5-bit subtracter per symbol

Table 5.
E b /No

Average number of iterations in low-power scheme.
H A (z)

E b /No

H B (z)

E b /No

HC (z)

6 dB

4.5

15 dB

4.33

24 dB

6.30

8 dB

3.42

16 dB

3.84

26 dB

5.66

10 dB

2.42

17 dB

3.35

28 dB

5.19

12 dB

2.02

18 dB

3.10

30 dB

4.84

19 dB

2.87

32 dB

4.60

Figure 15. Energy savings of SISO equalization and decoding vs.
iteration index for channel B.
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Figure 16.

SISO equalizer energy saving comparison in case that only stopping criterion is applied.

and 10–60% energy, in the equalizer and decoder, respectively, depending upon the channel SNR.
Figure 15 shows the energy savings for channel B
versus the iteration number. We see that the complexity
is reduced much more in the high SNR region than the
low SNR region. In particular, the 4th and 5th iterations
need little computation, which results in greater energy
savings. Table 5 shows the average number of iterations
for different channel SNRs. We find that the low-power
turbo equalizer achieves a reduction of 10 to 60% in
the number of iterations.
Figure 16 shows the energy savings of two different
schemes. The first scheme (solid line) employs lowpower techniques in both the SISO equalizer and decoder as explained in the previous section. The other
scheme (dotted line) applies only to the early termination of the linear turbo equalizer. It appears that
the SISO equalizer energy is saved more by using
low-power techniques than by applying only early
termination.
5.

Concluding Remarks

In this paper, we explore architectural approaches for
energy-efficient linear turbo equalization by eliminating unnecessary operations and employing early termination. The low-power techniques need marginal
control logic overhead compared with the main computation logic and are easily implemented in VLSI.
Computer simulations over various channel conditions
reveal that our integer-based implementation shows
negligible BER performance loss and provide energy
savings of 30–60% in the equalizer and 10–60% in the

decoder, depending on the channel and SNR. Moreover, we studied finite word-length effects of symbolto-binary and binary-to-symbol conversions inherent
to the linear turbo equalizer and presented an efficient
rescaling method for a SISO decoder.
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