
WO 2004/079563 PCT/US2003/024730  -1 SOFT INFORMATION
SCALING FOR ITERATIVE DECODING  RELATED APPLICATIONS:
5 The present application claims the benefit of U.S.
Provisional Patent Application S.N.  60/450,174, filed
February 26, 2003 titled "SOFT INFORMATION SCALING FOR
ITERATIVE DECODING". FIELD OF THE INVENTION:  10 The
present invention relates to decoding and, more
particularly, to methods and  apparatus for
determining a scaling factor which may be used, e.g.,
to scale soft information  values as part of a
decoding process. 15 BACKGROUND OF THE INVENTION:
Nearly all forms of electronic communication and
storage systems use error-correcting  codes. Error
correcting codes compensate for the intrinsic
unreliability of information transfer  in these
systems by introducing redundancy into the data
stream. The mathematical foundations 20 of error
correcting were established by Shannon. Shannon
developed the mathematical concept  of the channel in
which distortion of signals in communications systems
is modeled as a random  process. The most fundamental
result of Shannon is the Noisy channel theorem, which
defines  for the channel a capacity, a quantity that
specifies the maximum rate at which information can
be reliably delivered through the channel. This
capacity is known as Shannon capacity. 25 Reliable
transmission at rates approaching capacity requires
the use of error correcting codes.  Thus,
error-correcting codes are designed to achieve
sufficient reliability while approaching  capacity as
closely as possible. The complexity of implementing
the error correcting code is an  additional factor
that comes into play in practical applications of
error correcting codes. 30 Recent advances in error
correcting coding systems resulting from the invention
of turbo  codes and the subsequent rediscovery and
development of low-density parity-check (LDPC)  codes
offer coding systems of feasible complexity that can
approach Shannon's capacity quite  closely. WO
2004/079563 PCT/US2003/024730  



-2 Many kinds of error correcting coding systems rely
on soft information. Soft  information usually
represents a decision on a bit b, i.e., a 1 or a 0,
and some measure of the  reliability of that decision.
For example, a canonical form often used for soft
values is the log- likelihood ratio log p(y b = 0)
where y is some observation of the bit b, e.g., after
transmission  p(ylb=1) 5 through a communications
channel. Soft input values to a decoder are often
obtained from a  signal transmitted through a
communication channel which may subject the
transmitted signal to  noise. In such a case, the
measure of the reliability of the decision which
produced the soft  value will reflect the effect of
channel noise. 10 If one uses Binary Phase Shift Key
(BPSK) modulation, x = 2b-1, to transmit a bit
through a Gaussian channel, modeled by y = x + n where
n denotes a real Gaussian random  variable with 0 mean
and variance s2, then y is equal to the log-likelihood
ratio of x up to a  constant factor. More precisely,
log p(y I x 1) = 2 y. For some types of
error-correcting p(yI x=-1) s systems such as
convolutional codes with Viterbi decoding, it is not
necessary to know the scale  15 factors since the
decoding is invariant under scaling by positive
constants. This is because, in  effect, the Viterbi
decoder finds the codeword (xl,...,x") that maximizes
xiy1+x2y2+. ..+xy"  where yl,...,y2 denote
observations corresponding to the transmitted bits
x1,...,x,,. Recently, turbo codes and LDPC codes have
been shown to offer significant gains over  20
traditional coding systems such as convolutional
codes. The best decoders for these codes,  however, do
depend on the scaling of the soft values. Inaccurate
scaling of soft values can  negatively impact decoding
performance. Often in practice it is very difficult to
know or estimate the correct scaling factor. This is
25 because unknown scaling of data, that is not easy
to track, may occur in the system. Such data  scaling
which is difficult to track may be performed, e.g., by
automatic gain control circuitry or  other circuitry.
This may be especially true, for example, in fading
channels where the channel  applies a, possibly
unknown or only approximately known, multiplicative
gain to x. Using a  poor estimate of the correct
scaling factor can lead to significant degradation of
the coding 30 system's performance. Thus, there is a
need for a method that can provide a scale factor for
a 
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data, e.g., a set of soft input values, so that the
decoding performance does not  suffer a loss, or,
minimizes the loss suffered, relative to the case
where the correct scaling factor  is known. From an
implementation standpoint it would be highly desirable
if a suitable scale  factor could be determined from
the soft values to be processed without the need to
track scaling 5 and/or various channel conditions that
can affect the size of the scale factor which should
be  applied to soft values prior to decoding. SUMMARY
OF THE INVENTION: 10 The invention is directed to a
method and apparatus for scaling soft values prior to,
or in  conjunction with, error correcting decoding.
Selection and use of the scale factor to scale soft
values is designed to improve and/or optimize decoder
performance without prior knowledge of  the correct
scale factor or the actual channel conditions at the
time the signal, from which the  soft values were
obtained, was transmitted through a communications
channel. The methods 15 and apparatus of the invention
are well suited for use in a wide range of devices,
e.g., wireless  terminals, mobile handsets, and
various other types of devices which receive and
decode data.  For a given coding scheme and given
channel quality, assuming proper scaling by a
receiver, a plurality of soft value distributions are
possible at the receiver with the distributions  20
varying in a predictable manner depending on channel
quality. Thus, for a channel of a  particular quality,
e.g., as expressed in terms of a channel quality
values such as Shannon  channel capacity, a set of
corresponding soft value distributions can be
predicted. Channels  having other channel quality
values will correspond to different sets of soft value
distributions.  Thus, in the case of properly scaled
soft values, it is possible to relate a particular
distribution of 25 soft values at the receiver to a
particular channel quality value given a known coding
scheme. In accordance with the invention, it is
assumed that the communications channel satisfies  a
predetermined quality level, e.g., channel capacity,
as expressed in terms of a preselected  channel
quality value. Given this assumption, a scaling factor
is determined which, when 30 applied to the input set
of soft values, will produce a distribution
corresponding to a channel  quality matching, e.g.,
precisely or approximately, the assumed preselected
channel quality  value. 
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scaling factor is then used to scale one or more soft
input values prior to  a decoding operation which is
dependent on correct scaling. In various embodiments
the preselected channel quality value is selected,
prior to scaling  5 and decoding, to be a value near
the point where the channel becomes unacceptable. The
preselected value maybe within or just outside an
acceptable channel quality region. This point  where
the channel becomes unacceptable may be described as a
critical point. The preselected  channel quality value
maybe selected prior to decoding, e.g., based on the
coding scheme used,  and programmed into the device
which will serve as a decoder. The preselected channel
quality 10 value may be selected to correspond to a
channel capacity which is expected to be achieved
given the coding scheme being employed. The
preselected channel quality value may remain  fixed
during extended periods of decoding, e.g., for the
life of the communications device or  until the device
is programmed to support a new coding scheme or the
preselected channel  quality value is otherwise
updated. Thus, the preselected channel quality value
is normally 15 independent of the actual channel
quality at the time a signal is transmitted through
the  communications channel and/or received.
Furthermore, the preselected channel quality value
does not depend on Automatic Gain Control (AGC)
functionality or keeping track of other gains  applied
to a received signal in the communications device
which is performing the decoding. 20 BRIEF DESCRIPTION
OF THE FIGURES: Figure 1 illustrates an exemplary
communications system in which a scaling factor
determination method of the present invention can be
used in combination with an iterative  decoder which
depends upon correct scaling of input values. 25
Figure 2 illustrates a method of the present invention
where a scaling factor is generated  for a given set
of input values as a function of a preselected channel
quality value. Figure 3 illustrates an exemplary scale
factor determination method of the present 30
invention, which determines a scale factor to be
applied to soft values in accordance with one
embodiment of the present invention. WO 2004/079563
PCT/US2003/024730  



-5 Figure 4 illustrates another method for determining
and using a scaling factor, in  accordance with
another exemplary embodiment of the invention. Figure
5 illustrates the function g, where g(x) = 1 - h(z(x))
with h being the binary 5 entropy function and z(x)
=1/(l+e" ), corresponding to the use of Shannon
channel capacity as  the channel quality value.
DETAILED DESCRIPTION OF THE INVENTION: 10 Fig. 1
illustrates an exemplary communications system 10 in
which the scaling factor  determination methods of the
present invention can be used in combination with an
iterative  decoder which is dependent on correct soft
value scaling, e.g., an LDPC decoder or a Turbo
decoder. As illustrated the communications system 10
includes first and second communications devices 11,
13. The first communications device 11 may be, e.g., a
base station  15 while the second communications
device 13 may be, e.g., a wireless terminal. The base
station  11 can communicate with the wireless terminal
13 via an airlink 37. The first communications device
11 includes a processor 14, e.g. CPU, input/output
interface 16, input device 20, output device 22, a
transmitter 35, and memory 30 which are  20 coupled
together by a bus 18. Memory 30 includes data 32,
e.g., data to be transmitted and control routines 34.
Processor 14 operating under the direction of control
routines 34 controls  the transmission of data to the
second communications device 13. 1/0 interface 16
allows the  first communications device 11 to receive
and/or send data from/to a network such as the
Internet. Input device 20 may be, e.g, a keypad, which
can be used to input control signals 25 and/or data
into the first communications device 11. Output device
22 may include, e.g., a  display for displaying
information, data and/or device status information to
a user. Transmitter  35, which is coupled to a
transmitter antenna 36 is used to transmit data over
the airlink 37 to the  second communications device
13. The transmitter 36 includes an encoder 28 and a
modulator  26. The encoder 28 implements any one of a
plurality of encoding techniques where decoding 30 of
the encoded signal depends on appropriate scaling of
soft values obtained from a transmitted  signal. The
encoder 28 may be, e.g., an LDPC encoder or a Turbo
encoder for example. The  encoder 28 receives data
values to be transmitted and generates encoded values
there from. The  encoded values output from the
encoder 28 are subject to modulation by modulator 26
prior to 
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as part of a signal broadcast from antenna 36. While
not shown, it should be  understood that the first
communications device 11 may include receiver
circuitry similar to that  of the second
communications device 13 so that the first
communications device 11 can receive  as well as
transmit data. 5 The second communications device 13
includes a processor 44, e.g. CPU, input device  50,
output device 52, receiver circuitry 54 and memory 60
coupled together via a bus 48. The  second
communications device 13 also includes a receiver
antenna 38 for receiving signals  transmitted over the
air. Memory 60 is a machine readable media that
includes data 62, control 10 routines 64, a
preselected channel quality value 66 and a scaling
value computation routine 68.  Control routines 64
control the general operation of the second
communications device 13 when  executed by the CPU 44.
Data 62 may include data obtained by demodulating and
decoding a  received signal in accordance with the
invention as well as data used by the control routines
64.  Scaling value computation routine 68 includes
computer instructions and/or modules which, 15 when
executed by the CPU 44, cause the processor 44 to
generate an appropriate scaling value  as a function
of unscaled soft values output by the demodulator 56
and the preselected channel  quality value 66 stored
in memory 60. As an alternative to a software
implementation of the  invention, hardware modules
and/or a combination of hardware and software may be
used to  compute scaling values in accordance with the
invention. While not shown, it should be 20 understood
that the second communications device 13 may include
transmitter circuitry similar  to that of the first
communications device 11 so that the second
communications device 13 can  transmit as well as
receive data. In the Fig. 1 embodiment, soft values
output by the demodulator 56 can be supplied  25
through the decoder 58 to the processor 44 for
purposes of determining the scale factor to be  used
as a function of the preseleced channel quality value
66. The processor 44 can then scale  and return the
scaled soft values to the decoder 58. Alternatively,
the processor 44 can return  the determined scaling
factor to be used with scaling circuitry included at
the input of the  decoder 58 being used to scale the
soft input values prior to processing by the circuitry
used to 



30 implement the scaling dependent iterative decoding
process. The decoding process implemented  by decoder
58 may be, and often is, the inverse of the encoding
process performed by the  encoder 28 which was used to
perform encoding prior to transmission. The decoder 58
is, in  some embodiments, an LDPC decoder. WO
2004/079563 PCT/US2003/024730  -7 The airlink 37
between antenna's 36 and 38 represents a
communications channel  through which the signal
generated by transmitter 35 is transmitted. The
communications  channel may be interpreted as also
including other elements in the communications path 5
between the encoder 28 and decoder 58 including, e.g.,
automatic gain control circuitry, which  can affect
signal gain and thus the values of the soft values
output by demodulator 56. The  decoder 58 can, and in
some embodiments does, provide feedback, to the
demodulator 56.  Thus, the demodulator 56 may form
part of the iterative decoding process, e.g., loop
through  which generated softvalues are repeatedly
processed until a suitable degree of decision
reliability 10 is achieved or some other decoding stop
criteria are satisfied. The communications channel 37
through which the transmitted signal is communicated
introduces noise and will result in scaling  errors,
e.g., the soft values output by demodulator 56 may be
generally too large or too small,  e.g., due to
channel attenuation, imprecise AGC operation and/or
other factors and also may  assume a distribution
other than the distribution of values which were
transmitted. 15 For a given coding scheme and given
channel quality, assuming proper scaling by a
receiver, a plurality of soft value distributions are
possible at the receiver with the distributions
varying in a predictable manner depending on channel
quality. Thus, for a channel of a  particular quality,
e.g., as expressed in terms of channel quality values
such as Shannon channel 20 capacity, a set of
corresponding soft value distributions can be
predicted. Channels having other  channel quality
values will correspond to different sets of soft value
distributions. Thus, in the  case of properly scaled
soft values, it is possible to relate particular
distributions of soft values at  the receiver to a
particular channel quality value given a known coding
scheme. 25 In accordance with the invention, it is
assumed that the communications channel satisfies  a
predetermined quality level, e.g., channel capacity,
as expressed in terms of a preselected  



channel quality value 66. This value may be selected
prior to decoding, e.g., based on the  coding scheme
used. For example, the preselected channel quality
value may be selected to  correspond to a channel
capacity which is expected to be achieved given the
coding scheme 30 being employed. The preselected
channel quality value 66 may remain fixed during
decoding  for extended periods of decoding, e.g., for
the life of the communications device 13 or until the
device 13 is programmed to support a new coding
scheme. Thus, the preselected channel  quality value
66 is independent of the actual channel quality at the
time a signal is transmitted WO 2004/079563
PCT/US2003/024730  -8 through the communications
channel and/or received. Furthermore, channel quality
value 66  does not depend on AGC functionality or
keeping track of other gains applied to a received
signal in the communications device 13. 5 Capacity
targets, e.g., channel quality values to be used as
said preselected channel  quality value, can be, and
in various embodiments are, selected as follows.
Simulate the target  code on known, e.g., an Additive
White Gaussian Noise (AWGN) channel. Find the capacity
of  the channel at the point where the performance of
the code achieves its target performance level  (e.g.,
10-3 frame error rate) and use this for the
performance target. 10 It has been observed that
scaling data by too large a factor incurs less
degradation then  scaling by too small a factor.
Therefore, it may be advisable to set the capacity
target slightly  higher than that dictated by the
above method. 15 It will be clear to experts in the
art that functionals other than binary capacity can be
used  as a basis for scaling. One possible example is
the reliability tanh(a JyJ). Targets, e.g.,
preselected channel quality values are selected and
adjusted accordingly, but the basic principle  remains
the same. Once this is done the method is the same:
use a preselected channel quality  value near the
critical channel parameter for the code being used but
within or just outside the 20 range of acceptable
channel quality values, assume that the actual channel
matches the channel  quality value, and compute the
scaling factor which would produce a soft value
distribution  corresponding to the preselected channel
quality if applied to the input set of soft values. As
will be discussed below, a scale factor to be used in
scaling soft values produced by  



25 demodulator 56 is generated under the assumption
that the unscaled soft values generated by the
demodulator 56 were transmitted through a channel
which may be described as satisfying the  preselected
channel quality value 66. That is, the scaling factor
to be used for scaling the  demodulator output is
determined by computing what scale factor, when
applied to the  distribution of soft values output by
the demodulator, will result in a distribution of soft
values 30 corresponding to a communications channel
having the level of quality specified by the
preselected channel quality value 66. WO 2004/079563
PCT/US2003/024730  -9 The computation of the scale
factor to be used based on the distribution of soft
values  output by the demodulator and the preselected
channel quality value can be performed using any  one
of several straightforward techniques. Some techniques
involve computing, for a given set  of unsealed soft
values, multiple channel quality values, each of the
multiple channel quality 5 values corresponding to a
different potential scaling factor. Interpolation is
then used to find a  channel quality value between the
multiple channel quality values which corresponds to
the  preselected quality value. The scaling factor
corresponding to the interpolated quality value is
then determined and selected for use as the scaling
factor to be applied to the given set of  unsealed
soft values. 10 In accordance with another technique
for computing the scaling factor as a function of  the
soft values output by the demodulator and the
preselected channel quality value, a channel  quality
function is determined from an initial scale factor
and at least one of the unsealed soft  values output
by the demodulator. The initial scale factor may be
preselected from a range of 15 scale factors over
which the utilized scale factor is allowed to vary.
The initial scale factor may  be somewhat arbitrary
since it merely serves as a starting point from which
the scale factor that  is applied will be generated.
Over time the applied scale factor, referred to as the
current scale  factor, is adjusted as a function of
the soft values output by the demodulator. In
accordance with  this particular embodiment, the
determined quality channel function is solved to
determine a 20 scale factor which, when applied to
said function given at least one of the soft values
generated  by the demodulator, produces the
preselected channel quality value. 



In still other embodiments, a channel quality value
corresponding to a soft value scaled  by a scale
factor, determined in accordance with the present
invention, is compared to the 25 preselected channel
quality value, and the scaling factor to be applied to
a subsequent softvalue  is adjusted as a function of
any determined difference, e.g., to reduce future
discrepancies  between the preselected channel quality
value and the channel quality value corresponding to a
subsequent scaled soft value. In accordance with this
approach, adjustments to the scaling  value used on
the soft inputs is changed over time, e.g., with the
scaling value being modified 30 for each soft value
being processed. In various embodiments the size of
each adjustment in the  scaling factor is kept small,
e.g. to less than 2% of the maximum step size value
and, in some  cases less than .75 % of the maximum
step size value to avoid wide swings in the scaling
value WO 2004/079563 PCT/US2003/024730  -10 with each
adjustment and to encourage convergence of the scaling
factor to a consistent value  over time. While based
on certain observations of the nature of typical
communications channels  5 and the performance of
scaling dependent iterative coding systems such as
LDPC codes and  turbo codes, the present invention is
directed to methods and apparatus for determining and
applying a scale factor as part of a decoding process.
The first point of observation upon which the
invention is based, is that the performance  10
curves, for many modem iterative coding systems which
are scaling dependent, are steep. This  means that,
compared to, e.g., convolutional codes, the range of
channel parameters in which the  performance of the
coding system changes from, e.g., 10-1 frame error
rate to 10-4 frame error  rate is relatively small. It
most cases, the coding system is intended to be used
in a certain  performance range, i.e., the system has
a target performance, e.g., 10-3 frame error rate for
the 15 coding system. This means that the
communications system attempts to maintain channel
operating conditions close to those that give rise to
10-3 frame error rate. Thus, let us refer to  the
range of channel conditions such that the coding
system performance is close to the target as  the
critical region. In this case, sensitivity of
performance to estimation of the scale factor is
highest when the actual channel conditions are close
to the critical region. If the channel is 20 much
worse than the critical region, then scaling is often
irrelevant since the decoder is very  



likely to fail anyway. If the channel is much better
than the critical value than scaling is not as
critical to successful decoding. The method of the
present invention assumes that the channel is near the
critical region,  25 e.g., near the edge of the
acceptable channel quality region, and derives an
appropriate scale  factor based on this assumption and
the unscaled soft input values. We will show how to do
that  below. If the channel is near the critical
region, but still in an acceptable region, then the
assumption is correct or nearly correct, and scaling
will be correct or nearly correct and,  furthermore,
the resulting performance will be the same or nearly
the same as if the correct 30 scaling were known and
used. If the channel is much worse than the critical
region, then scaling  is nearly irrelevant, as we
already pointed out and decoding may fail but this is
likely to occur  due to poor channel conditions
anyway. If the channel is much better than the
critical value  than scaling based on the use of a
preselected channel quality value near the critical
region but WO 2004/079563 PCT/US2003/024730  -11 still
in an acceptable region will still give performance
better than the critical value, which in  various
embodiments is the target performance. In fact, in
some implementations it has been  observed that such
scaling can actually improve performance in the
so-called error floor region  of an iterative coding
system. 5 We now present a method for performing
scaling as described above. Various  embodiments of
the invention use a value describing, e.g.,
corresponding, to the critical region  that depends
primarily or only on the distribution of the
magnitudes of properly scaled soft  values, e.g.,
log-likelihood ratios. Then, given a collection of
input soft values, e.g., a set of 10 incorrectly
scaled log-likelihood ratios, computes a scale factor
which, when applied to the  unscaled soft values,
creates a distribution of log-likelihood ratios that
appear to lie in the  critical region, e.g., a
distribution which corresponds to the preselected
channel quality value  used to determine the scale
factor to be used. The critical region may be
expressed in terms of a  range of channel quality
values with a preselected, e.g., target, channel
quality value falling in 15 the critical region which
corresponds to acceptable transmission performance but
is close to the  area where the channel quality
becomes unacceptable. 



Soft values obtained from a signal transmitted through
a channel having a particular  quality as indicated by
a particular channel quality value will tend to have
particular value  20 distributions, e.g., due to a
particular amount of channel noise. Accordingly soft
value distributions will correspond to channel quality
values. A plurality of different soft value
distributions normally correspond to a single channel
quality value. Different sets of soft value
distributions will correspond to different channel
quality values. This fact is used in accordance  with
the present invention, to determine a scaling factor
to be used as discussed below. 25 The various methods
of the present invention are based on certain
properties of typical  channels. These properties
include the fact that different soft value
distributions can be  expected, assuming correct soft
value scaling, given channels of different channel
qualities and  the fact that these different channel
qualities can be expressed as a channel quality value,
e.g., a 30 Shannon capacity value, which can be used
in various computations. Let p(I ) denote a memoryless
symmetric binary channel. Symmetry, in this context,
means p(ylx=1) = p(-ylx=-1). Let f denote the density
of the magnitudes of received log WO 2004/079563
PCT/US2003/024730  -12 likelihood ratios associated to
this channel. Then, the binary Shannon capacity, e.g.,
maximum  oo  rate under BPSK signalling, of the
channel is given by J(1 - h(z(x))) f (x)dx where 0
z(x) and h is the binary entropy function defined as
1+ex h(z) _ -z loge z - (1- z) loge (1- Z) . Suppose
we have an empirical sample, e.g., the 5 magnitudes of
unscaled soft input values, jyl~,...,ly"j where yj is
equal to a -1 times the log- likelihood ratio
associated to bit i in, e.g., a transmitted LDPC
codeword. If a is known then we  can estimate the
corresponding channel quality value, e.g., capacity of
the channel, as In  -j (1- h(z(a I y, I))) .
Similarly, if the channel capacity C were known we
could solve for a  n i=1 



n using C -Z (1- h(z(a I y1 j))) . The basic idea is
that if the preselected channel quality value  n l=1
10 C is chosen appropriately, e.g., set to some target
capacity Ct, one can solve the above equation  to find
a, and thereby determine the scaling factor. The
determined scaling factor can then be  used to scale
the soft input values to produce the scaled sequence a
yl... ay" which is then  provided as the scaled soft
input to an iterative decoder. When this is done in
accordance with  one of the various embodiments of the
invention, then performance of the decoder will be
nearly 15 the same as when the correct a were actually
known. Furthermore, this technique can be used
regardless of the type of memoryless channel, e.g.,
regardless of the distribution of the  magnitudes of
the log-likelihood ratios. This is because it has been
observed that if the critical  region is described in
terms of a channel quality value, e.g., the Shannon
capacity of the channel,  rather than typical
parameters, such as s2 for the AWGN channel or the
cross-over probability 20 for the binary symmetric
channel, then the observed critical region does not
depend significantly  on the particular channel and
can, in most cases, be nearly uniquely described by a
channel  quality value, e.g., the Shannon channel
capacity. Thus, a good choice for Ct is nearly
invariant  to the particular details of the channel
and depends primarily on the particular code employed,
provided the code is designed well and has a steep
performance curve. This invariance is 25 particularly
useful in situations where the channel is complicated
and can change quickly in  time, e.g., in the case of
wireless fading channels. WO 2004/079563
PCT/US2003/024730  -13 The methods of the present
invention will now be described with references to
Figures 2- 4. Fig. 2 illustrates an implementation
where a scaling factor is generated for a given set of
5 input values 102 as a function of a preselected
channel quality value 100, e.g., a channel  capacity
target value Ct. In step 106, the input unsealed soft
values yl,...,y" 102, e.g., the output of a
demodulator  56, and the capacity target Ct 100 are
used compute a scale factor to be applied by solving a
10 capacity estimation equation for a 108. The
capacity estimation equation which is solve may  



be expressed as follows: Cr = - 1 (1- h(z(a I y1 ~)))
n j=1 15 where Ct is the preselect channel quality
value, e.g., channel target capacity, i is a count
varable indicating the number of the unsealed soft
symbol in the input set of n soft symbols and  h is
the known soft value distribution function
corresponding to the corresponding coding function
used. 20 Next, in step 110, a 108 is used to scale the
unsealed soft values yl,...,y" 102 to obtain  scaled
soft values ayl,..., a y" 112. The scaled soft values
a y,,..., a y" 112, assuming  appropriate scaling,
will be, in one embodiment, log-likelihood ratios
which can be reliably  decoded by the iterative
decoder 58. 25 In addition to the general scaling
method, we propose two practical methods for input
data scale adaptation based on channel capacity
matching to a predefined target Ct. First, we  define
the function g by g(x) =1-h(z(x)). Figure 3
illustrates a scale factor determination method of the
invention which 30 determines the scale factor to be
applied in a single pass over the input unsealed soft
values y;...  yn. 202 as a fucnton of the preselected
channel quality value 200, e.g., capacity target Ct
for the  code which is being used. In step 206,
magnitudes of the unsealed soft values 202
jylj,...,jy"j WO 2004/079563 PCT/US2003/024730  -14
and the capacity target Ct 200, is used to compute a
plurality of channel quality values, e.g.,  capacities
CC for 3 or more different scale factors a1<a2<a3
(chosen to cover at least a portion of  an expected
range of actual value of a) as follows: n 5 C; = -I
g(a; I y l))  n ,_, Then, in step 208, the estimate
for scale factor is refined by using a fitting
function, e.g.,  as a function of the unscaled soft
values 202. For example, a 2nd or higher order inverse
interpolation is performed to estimate the scale
factor matching the target capacity Ct. An 



10 alternative and more accurate method which may, and
sometime is used to implement step 208,  is to
tabulate coefficients of polynomials that fit the
function g(a x) as a function of a around  each
possible argument and then average them over the
samples. Inverse interpolation may be  done in
hardware as a successive approximation iteration using
elementary addition/subtraction/shift operation. The
capacity function g() or the coefficients of the
fitting  15 polynomial can, and in some embodiments
are, stored in a lookup table included in memory 60.
It is possible to perform this capacity computation on
the fly during system data transfer  operations. A
refined estimate of scale factor a 210 is obtained as
output from step 208. Next,  in step 212 a 210 is used
to scale the unsealed input soft values yl,...,y" 202
to obtain scaled soft  values ayl,...,ay" 214. The
scaled soft values ay1,...,ayn 214, assuming
appropriate scaling, 20 which will be in the foam of
log-likelihood ratios in some embodiments, can be
accurately  processed by the decoder 58. Fig. 4
illustrates another method of determining and using a
scaling factor in accordance  with the invention. The
method of Fig. 4 is well suited for use in a system
where soft values y  25 are processed continuously,
e.g., in a turbo equalization scheme. In this case the
scale factor a can be determined using a control loop.
The error signal in the control loop is determined by
the  difference between the preselected channel
quality value, e.g., channel target capacity, and a
channel quality value corresponding to a scaled
sample, e.g., sample channel capacity g (a Iy;I).  The
error signal is then filtered and applied as a
correction to the current scale factor to form an 30
iterative update process. In this may be done as
follows: WO 2004/079563 PCT/US2003/024730  -15 a;+i =
a; + c * a; * (C'- g (a;*yi)), where 8 is a step-size
parameter. Similar equations  can be used with, e.g.,
different update step sizes. a can be allowed to vary
between some  preselected minimum and maximum value.
The scale factor adjustment step size is selected in
various embodiments to be relatively small, e.g., less
than 2% of the maximum value of a and, 5 in many cases
less than I% of the maximum size of a. This method has
an additional advantage in turbo equalization schemes
as it can maintain  nearly constant input capacity
throughout the decoding process compensating for
positive scale  feedback coming from increasing
decoder extrinsic soft output. 



10 In Figure 4, data from the channel 302 is subjected
to equalizer and/or demodulator  processing in step
304 resulting in an output of an unsealed soft value
y; 306. The unsealed soft  value y; 306 and a
preselected channel quality value, e.g., Capacity
Target for a given code Ct  300, are input to a
filtering step 308 which is used to update the scale
factor a 310. The filtering 15 step may be performed
by a filter implemented in hardware. The filter used
in step 308 is a non- linear filter that solves for
the scale factor a 310 as a function of the soft
values input thereto and  the preselected channel
quality value 300. The filtering performed in step 308
is performed on a  per-value basis with gradual
adjustments being made for each sample processed. The
scale factor a may be initially set to a predetermined
starting value, e.g., 1, and converges as filtering
20 proceeds. As part of the filtering process, the
filter used in step 308 measures capacity
contribution and compares it to Ct 300. If capacity
contribution is larger than Ct, the scale factor  a
310 will be reduced. If capacity contribution is
smaller than Ct, the scale factor a is increased.
Next, element 312 multiples or scales the value of
scale factor a 310 output from filtering step  308 by
the unsealed soft value y; 306 resulting in a scaled
soft value a y; 314. Scaled soft value 25 a y; 314 is
input into a decoder 316 which outputs extrinsic soft
information 318. The extrinsic  soft information 318
enters the equalizer 304 where it is processed into a
new unsealed soft  value y; 306. The new unsealed soft
value y; 306 enters filtering step 308, where the
filtering  processing previously described occurs, in
order to slowly drive the value of scale factor a 310
to the correct value. Processing proceeds again
through the scaling step 312, decoding 316, and 30
equalizer step 304. The looping continues until a
satisfactory scale factor value a 310 is  obtained.
Then the scaled value of a y; is used as a
log-likelihood ratio by the decoder 316 to  generate
output 320. WO 2004/079563 PCT/US2003/024730  -16 In
Figure 5 we present the graph of the function g, where
g(x) =1- h(z(x)) with h  being the binary entropy
function, h(x) _ (1-x)log2(1-x) - xlog2(x), and z(x) =
1/(1+ex),  corresponding to the use of Shannon channel
capacity as the channel quality value. If x is a
random variable distributed as the magnitude of
log-likelihood ratios associated to a particular 5
channel, then the expected value of g(x) is the
(binary input) Shannon capacity for that channel.  



The above described methods may be implemented in a
computer system that includes  memory, a CPU and one
or more input and/or output devices coupled together.
The memory  includes a routine implemented in
accordance with the invention. When executed, the
routine 10 causes the CPU to receive, process, and
output data in accordance with the present invention.
Alternatively, the steps of the present invention may
be implemented using dedicated hardware,  e.g.,
circuits and/or a combination of hardware and
software. The above described methods and apparatus
are well suited for use with a variety of  15 decoding
techniques which are dependent on scaling. Examples of
such techniques include  LDPC decoding and turbo
decoding techniques. WO 2004/079563 PCT/US2003/024730
-17- What is claimed: 1 1. A method of operating an
apparatus to scale soft input values obtained, from a
signal  2 transmitted through a communications
channel, as part of a decoding process, the method 3
comprising: 4 computing a current scaling factor as a
function of a preselected channel quality value 5 and
at least one of said soft values, said preselected
channel quality value being independent of  6 actual
channel conditions at the time said signal was
transmitted; and 7 scaling one of said soft values
using said computed current scaling factor to produce
a  8 scaled soft value. 1 2. The method of claim 1,
wherein a plurality of soft value distributions are
possible, a  2 subset of possible soft value
distributions corresponding to said preselected
channel quality 3 value while other possible
distributions correspond to other channel quality
values, said step of  4 computing a current scaling
factor including: 5 determining a scaling factor
which, when applied to said received soft values,
produces a  6 soft value distribution in said subset
of soft value distributions corresponding to said
preselected  7 channel quality value. 1 3. The method
of claim 2, wherein determining a scaling factor
includes: 2 computing from at least some of said soft
input values a plurality of channel quality  3 values,
each channel quality value corresponding to a
different scale factor. 



1 4. The method of claim 3, further comprising: 2
interpolating between at least two of said plurality
of channel quality values to produce  3 an
interpolated value; and 4 determining said current
scale factor as a function of the interpolated quality
value.  1 5. The method of claim 1, wherein said
preselected channel quality value is a channel  2
capacity value. 1  1 6. The method of claim 3, wherein
computing said scaling factor includes;  2 determining
a current channel quality function from a first scale
factor. WO 2004/079563 PCT/US2003/024730  -18 1 7. The
method of claim 6, further comprising: 2 solving said
function to determine a scale factor which, when
applied to said function 3 given said at least some
soft input values, produces said target channel
quality, said determined  4 scale factor being used as
said current scale factor. 1 8. The method of claim 2,
wherein determining the current scale factor is part
of a iterative  2 process that includes: 3 updating
the current scale factor as a function of a soft value
scaled by the current scale  4 factor being updated. 1
9. The method of claim 8, wherein said updating
includes: 2 comparing a channel quality value
corresponding to the scaled soft value to the target
3 quality value to determine a difference between the
target quality value and the corresponding  4 quality
value; and 5 adjusting the scaling factor as a
function of said determined difference. 1 10. The
method of claim 9, wherein said scale factor is
adjusted in a direction which reduces  2 subsequent
differences between the channel quality value
corresponding to a subsequently 3 processed soft value
and said target channel quality value. 1 11. The
method of claim 9, wherein scale factor adjustments
are made within a range 2 extending between a maximum
permitted scaling value and a minimum permitted
scaling value,  3 individual scale factor adjustments
being no larger than a maximum adjustment step size of
2%  



4 of the maximum permitted scaling value. 1 12. The
method of claim 1, wherein said preselected channel
quality value is a value 2 corresponding to a quality
region that is within but near the edge of an
acceptable channel  3 quality region 1  1 13. The
method of claim 1, wherein said decoding process
includes at least one of a low  2 density parity check
decoding operation and a turbo code decoding
operation. WO 2004/079563 PCT/US2003/024730  -19 1 14.
An apparatus for determining a factor to be used to
scale soft input values obtained, from  2 a signal
transmitted through a communications channel,
comprising: 3 a receiver for receiving a signal
transmitted through a communications channel;  4 means
for generating soft input values from said received
signal; 5 memory for storing a preselected channel
quality value, said preselected channel quality  6
value being independent of actual channel conditions
at the time said signal was transmitted; and  7 means
for computing a scaling factor as a function of said
preselected channel quality 8 value and at least one
of soft input values. 1 15. The apparatus of claim 14,
wherein said preselected channel quality value is a
value 2 corresponding to a quality region that is near
the edge of an acceptable channel quality region.  1
16. The apparatus of claim 15, wherein said
preselected channel quality value is a channel  2
capacity value. 1 17. The apparatus of claim 14,
wherein a plurality of soft value distributions are
possible, a  2 subset of possible soft value
distributions corresponding to said preselected
channel quality 3 value while other possible
distributions correspond to other channel quality
values, said means  4 for computing a scaling factor
including: 5 means for determining a scaling factor
which, when applied to said received soft values,  6
produces a soft value distribution in said subset of
soft value distributions corresponding to said  7
preselected channel quality value. 1 18. The apparatus
of claim 17, wherein said means for determining a
scaling factor includes:  2 means for computing from
at least some of said soft input values a plurality of
channel 



3 quality values, each channel quality value
corresponding to a different scale factor.  1 19. The
apparatus of claim 18, further comprising: 2 means for
interpolating between at least two of said plurality
of channel quality values to  3 produce an
interpolated value; and 4 means for determining said
scale factor as a function of the interpolated quality
value. WO 2004/079563 PCT/US2003/024730  -20 1 20. The
apparatus of claim 19, wherein said means for
computing and means for 2 interpolating each include
computer instructions for controlling a processor to
implement at least  3 a portion of said computing and
interpolating operations. 1 21. The apparatus of claim
18, wherein said means for computing said scaling
factor  2 includes: 3 means for determining a channel
quality function from a first scale factor; and 4
means for solving said function to determine a scale
factor which, when applied to said  5 function given
said at least some soft input values, produces said
target channel quality, said 6 determined scale factor
being used as said current scale factor. 1 22. The
apparatus of claim 17, wherein said means for
determining the current scale factor  2 performs an
interactive process, said apparatus further including:
3 a control loop for updating the current scale factor
as a function of a soft value scaled by  4 the current
scale factor being updated. 1 23. The apparatus of
claim 22, wherein said control loop includes: 2 a
comparator for comparing a channel quality value
corresponding to the scaled soft 3 value to the target
quality value to determine a difference between the
target quality value and  4 the corresponding quality
value; and 5 means for adjusting the scaling factor as
a function of said determined difference.  1 24. A
machine readable medium comprising; 2 machine
executable instructions for controlling a machine to
perform the steps of- 3 i) computing a current scaling
factor as a function of a preselected channel 4
quality value and at least one soft input value
obtained, from a signal transmitted  5 through a
communications channel, said preselected channel
quality value being  



6 independent of actual channel conditions at the time
said signal was transmitted;  7 and 8 ii) scaling said
at least one said soft value using said computed
current scaling  9 factor to produce a scaled soft
value. 1 WO 2004/079563 PCT/US2003/024730  -21 1 25.
The machine readable medium of claim 1, further
comprising: 2 said preselected channel quality value,
said preselected channel quality value being a  3
value corresponding to a quality region that is near
the edge of an acceptable channel quality  4 region. 1
26. The machine readable medium of claim 25, wherein
said channel quality value is a  2 communications
channel capacity value. 


