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ABSTRACT

In order to reduce the signaling overhead in adaptive OFDM
transmission systems being designed for B3G and 4G wireless
communications, the basic resource unit, referred to as chunk,
comprises a number of adjacent sub-carriers and OFDM symbol periods. A consequent open issue is the mapping of long
codewords onto limited size chunks, especially when link adaptation per chunk is carried out. This paper proposes a new
method for joint coding and modulation. A data packet, independently of its length, is encoded without any segmentation
into a single codeword spanning different chunks employing
different signal constellations. The parameters of the underlying error correction code are chosen independently of the signal
constellation and no puncturing is required. Moreover, a joint
adaptation of the code length and the modulation format is proposed to optimise the number of chunks allocated for transmission.
I.

I NTRODUCTION

It is widely recognized that link adaptation is highly beneficial to fully exploit the capacity of wideband and broadband
frequency selective wireless channels. A great number of bit
and power loading (bitloading) algorithms have been proposed
during last few years especially for OFDM (Orthogonal Frequency Division Multiplexing) systems [1, 2]. Most of these
algorithms are based on the well-known waterfilling principle
[3]. Channel coding then is required to guarantee sufficient
error protection and meet the QoS demands envisaged for beyond 3G and 4G communications. The easiest way to achieve
high spectral efficiency, which is also a requirement in these
systems, is that of applying coded modulation techniques. This
implies that adaptive coded modulation is needed.
Adaptive transmission, in the form of link adaptation as
well as adaptive resource allocation, requires however signaling overhead to acquire a sufficiently accurate channel state information and to schedule resources and transmission formats.
In order to reduce such signaling overhead, in different frameworks, e.g. the 3GPP LTE Study Item and the IST Project
WINNER [4], [5], it is recommended that the minimum resource unit is comprised of a number of time-frequency bins
constituting a rectangular area usually referred to as chunk.
The chunk size should be chosen according to the channel correlation properties, e.g. in such a way that within one chunk approximately flat fading and approximately time invariant channel can be observed, and a unique coding/modulation format
can be used.
This approach gives rise to a series of new open issues. One
c
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of these issues is mapping of long codewords onto limited size
chunks. This problem becomes even more difficult when link
adaptation is used. In [6], the authors presented a method
for the mapping of codewords on chunks based on the concatenation of an outer flexible code with an inner modulation
code, that performs joint adaptive coding and modulation per
chunk. In this paper, we propose a more general approach for
the mapping of data bits, coded or directly uncoded, on different chunks. This allows high granularity in the link adaptation
per chunk, while maintaining fully decoupled the choice of the
code length from the chunk size. A variation of the semi-BICM
coded modulation scheme presented in [7] is here considered
for the implementation of the proposed approach and its performance is illustrated.
The remainder of the paper is organized as follows. Section II. describes the semi-BICM scheme and illustrates how it
can be applied for chunk-wise adaptive transmission. Section
III. considers an OFDMA/TDMA multiple access scheme with
chunk-wise adaptive resource allocation. A joint adaptation of
code length and modulation format in the coded modulation
scheme is proposed towards the optimization of the number of
chunks spanned by a codeword. Section IV. presents the numerical results. Finally, some conclusions are drawn.
II.
A.

P ROPOSED C ODING M ETHOD

Semi-BICM

Many different coded modulation techniques have been proposed during last 30 years. The most remarkable one is multilevel coding (MLC) [8, 9], which is known to achieve the
channel capacity, provided that capacity-approaching component codes are used. Bit interleaved coded modulation (BICM)
[10] represents a pragmatic alternative to MLC, which is capable to closely approach its performance, at least for long codes.
The disadvantage of multi-level codes is that they require usage of component codes with length exactly equal to the length
of the multi-level codeword. In the context of chunk-based
systems, this prevents one from using good long codes. The
natural solution is to combine the concepts of BICM and multilevel coding. Namely, the original signal constellation is partitioned into 2l subsets, where l is some integer. For example,
Figure 1(b) illustrates the partitioning of the 16-AM constellation into four subsets, denoted by circles, diamonds, triangles
and squares. The subsets are indexed by Gray-encoded labels.
Within each subset either Gray or Ungerboeck labeling may be
used.
Encoding is performed as follows. The data stream is partitioned into two substreams, as it is illustrated in Figure 1(a).
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Figure 1: Semi-BICM
The first substream is encoded with a (n, k) code. The obtained
codewords are partitioned into l-tuples used to select a constellation subset for each of the n/l symbols. The second substream can be kept uncoded. Its bits are grouped into t-tuples
identifying a particular point within this subset, for each of the
n/l symbols. This approach is denoted here as semi-BICM
due to it similarity with the one presented in [7]. Observe, that
the obtained Euclidean-space code can be still considered as a
multi-level code with just two levels of coding. The first level
is protected with a length-n/l code over GF (2)l , and a trivial (n/l, n/l) code over GF (2)t is used on the second level.
Moreover, the proposed method has also some similarity with
pragmatic trellis-coded modulation [11].
The advantage of semi-BICM with respect to multi-level
coding is that it allows one to employ l times longer binary
codes, with potentially better performance. Furthermore, only
one coding scheme is employed, while MLC requires in many
cases both low-rate and high-rate codes. If, e.g., LDPC (Low
Density Parity Check) component codes are used [12], it may
be difficult to fine tune their rate as required. The advantage
of semi-BICM with respect to BICM is that it decouples the
length of the underlying binary code from the size of the signal constellation being used. Indeed, one can use any 2l+t -AM
constellation, where t ≥ 0. Conventional BICM requires implementation of codes with different parameters for each modulation format being used.
The main factor affecting the performance of semi-BICM is
the Euclidean distance d between adjacent constellation points.
Since the average power of 22(l+t) -QAM symbols is given
2
by d6 (22(l+t) − 1), one can assume that the SNR needed to
achieve some target codeword error rate is approximately given
by ξ = Γ(22(l+t) − 1), where Γ is a factor which depends on
the underlying binary code. This is similar to the well-known
gap approximation [13].
B. Mapping of Codewords on Chunks
Semi-BICM allows one to implement joint coding of chunks
with different modulation formats. Indeed, different symbols
within a semi-BICM codeword can be taken from different signal constellations, by simply changing the number of uncoded

bits t transmitted within one symbol. Depending on the required performance, a fixed and equal number of coded bits l
is mapped on each symbol of the allocated chunks, as shown in
Figure 2, independently of the signal constellation supported
by that chunk. The number of chunks m being coded jointly
and, hence, the length of the code obtained, is chosen based on
a tradeoff between the required level of error protection, and
the number m of chunks that the coded packet can be allocated
for transmission.
Let us assume that each chunk consists of 2S 2l+ti -AM symbols or, equivalently, S 22(l+ti ) -QAM symbols, and all symbols in the chunk carry ti , i = 1..m uncoded bits per dimension, where m is the total number of chunks being encoded
jointly. Link adaptation per chunk can be accomplished by
varying ti , i = 1, 2, ..m.
Furthermore, assume that a (2Sml, mk) binary component
code is used. Then the total number of information bits carried
by such semi-BICM codeword is given by
K = mk + 2S

m−1
X

ti .

(1)

i=0

It can be observed that the function Γ(m) yielding the required
SNR gap in the case of (2Sml, mk) component code is a decreasing function of m, the number of chunks being encoded
jointly. Indeed, performing joint coding of a number of chunks
allows one to employ longer error-correcting codes, improving
thus the performance.
Link adaptation per chunk can be accomplished by varying
ti , i = 1, 2, ..m, the number of uncoded bits transmitted within
one 22(l+ti ) -QAM symbol dimension in the i-th chunk.
III.

J OINT OPTIMIZATION OF CODE LENGTH AND
MODULATION FORMATS

The main difficulty arising in the design of adaptive coded
modulation in an adaptive chunk based OFDM system is that
the number of chunks actually used and their modulation formats are random values, which are not known at the design
time. According to the classical waterfilling theorem [3], in
a frequency-selective channel data should be transmitted only
over the best sub-carriers. The use of other sub-carriers could
require too high transmit power in order to achieve the required
SNR at the receiver. This effectively limits the number of
chunks which can be used for data transmission, i.e. the length
of the code. These constraints contradict the desire to use long
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capacity-approaching component codes, e.g. LDPC, in order
to achieve strong error protection of data bits. It is therefore
necessary to find a tradeoff between good long codes, which
need a lot of chunks, and short codes requiring only a few best
chunks.
In what follows the joint optimization of code length and
modulation format is addressed, in order to optimize the number of allocated chunks m for codeword transmission in terms
of minimization of required transmit power.
Let us consider a chunk-based OFDM system, where each
chunk consists of Lt OFDM symbols and Lf adjacent subcarriers, i.e. S = Lt Lf . In order to fulfill the envisaged
stringent requirements on air interface delay, semi-BICM codewords have to be transmitted within one chunk duration, but
can span more than one chunk in the frequency direction. The
received signals ri in an OFDM system can be written as

with total data rate constraint
K = mk + 2Lt Lf

where k is the dimension of the code to be used for singlechunk coding.
The described optimization problem belongs to the class of
integer programming problems. Its exact solution may require
considerable computational effort. The complexity can be reduced by allowing tj to take continuous values. For a fixed m,
the Lagrangian of this problem is given by
L(ti , λ)

χ̂j Vj2 = Γ(m)(22(l+tj ) − 1), j = 0..m − 1.
Observe that it may be necessary to introduce the per-subcarrier
gain factors Vjl , l = 0..Lf − 1, in order to compensate frequency selectivity of the channel.
In this scenario, it is not a-priori clear if it is better to employ a short semi-BICM code over just a few chunks with the
highest CNR, or activate some not so good chunks, by employing longer and better code with smaller Γ(m). Hence, the
optimization problem can be formulated as minimization of the
total transmit power
min P (m, t0 , . . . , tm−1 ),
where
(2)

j=0
m−1
X
j=0

22(l+tj ) − 1
χ̂j
m−1
X


tj − K  .

This leads to the following system of equations:
Γ(m) ln 2

22(l+tj )
χ̂j

2Lt Lf

m−1
X

tj

= λ
= K − mk

j=0

³
Letting 2tj = log2
µ
log2

λ
Γ(m) ln 2

λχ̂j
Γ(m) ln 2

´

¶
= 2l −

− 2l, one obtains
m−1
1 X
K − mk
log2 (χ̂j ) +
,
m j=0
mLt Lf

or
2ti = log2 (χ̂i ) −

m−1
1 X
K − mk
log2 (χ̂j ) +
, i = 0..m − 1.
m j=0
mLt Lf

(3)
The values ti obtained from this expression may be non-integer
or even negative and must be appropriately rounded, making
thus the solution suboptimal. Observe that (3) depends on m,
but not on Γ(m). However, (2) does depend on it, and has to
be optimized over m. In principle, one can consider all possible values of m and find the required average power using the
expression in (2). If Γ(m), considered as a function of a realvalued argument, is convex, the complexity can be reduced by
employing the golden section optimization method [14].
Hence, the optimization algorithm involves the following
steps:
1. Order chunks according to their average CNR.

m,tj

Lt Lf Γ(m)

j=0



i=jLf

=

m−1
X

j=0

loss of generality, assume that χ̂0 ≥ χ̂1 ≥ . . . ≥ χ̂M −1 . Data
transmission has to be performed over a number m ≤ M of
chunks with highest CNR χ̂j . For each active chunk j the transmitter has to compute the number of uncoded bits per symbol
tj , j = 0..m − 1, and the power gain Vj , so that the average
chunk signal-to-noise ratio at the receiver satisfies

Vj2

= Lt Lf Γ(m)

− λ mk + 2Lt Lf

where si is the symbol transmitted over the i-th subcarrier, se2(l+tbi/Lf c )
lected from 2
-QAM constellation, µi is the channel transfer factor, Vj is the transmitter gain factor applied to
all sub-carriers within chunk j, ηi is an AWGN sample, and
N = M Lf is the total number of sub-carriers. The channel
is assumed to be time-invariant. It is convenient to introduce
2
the sub-carrier channel-to-noise ratio (CNR) χi = |µσi2| , and

 L1
f
jLf +Lf −1
Y
the average chunk CNR χ̂j = 
χi  . Without

m−1
X

tj ,

j=0

ri = µi Vbi/Lf c si + ηi , ηi ∼ N (0, σ 2 ), i = 0..N − 1,

P (m, t0 , . . . , tm−1 ) = Lt Lf

m−1
X

22(l+tj ) − 1
,
χ̂j

2. Use (3) to compute ti , round it appropriately, and substitute it into (2) in order to obtain total transmit power P (m)
for m = ml = 1 and m = mh = M .
3. Let m1 = b0.382mh + 0.618ml c and m2 = d0.382ml +
0.618mh e Perform the same calculations for m = m1
and m = m2 . Let mh = m2 if P (m1 ) < P (m2 ), and
ml = m1 otherwise. Repeat this step until mh − ml < 4.
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4. Let m0 : ml ≤ m0 ≤ mh be the number of active chunks minimizing the total transmit power. Return
((m0 , (t0 , . . . , tm0 −1 )).
The algorithm returns the number of chunks being coded
jointly, and the proper modulation format for each chunk.
IV.

N UMERIC RESULTS

Figure 3 illustrates the performance of semi-BICM with
l = 2 coded bits per dimension in AWGN channel.
(384m, 192m), m = 1, 2, . . . interleaver-permutation LDPC
codes [15] were used as component codes. For comparison,
the curves corresponding to pragmatic TCM [11] with the
same block length are also presented. As it may be expected,
long semi-BICM codes provide better performance than shorter
ones, and considerably outperform pragmatic TCM. However,
the use of only one level of coding leads to a slowdown of the
curves corresponding to long codes at F ER = 3 · 10−3 in the
case of t > 0 (Figure 3(b)). This is caused by errors occuring
in the uncoded bits of the signal constellation. If this behaviour
is not acceptable, e.g. if ARQ is not used, one may need to
replace uncoded bits (see Figure 1(a)) with the output of some
high rate algebraic encoder. However, this would require some
modifications to the derivations presented in Section III.
Figure 4 presents simulation results for an adaptive singleuser OFDM system using the proposed mapping of semi-BICM
codewords onto chunks and the above described optimization
algorithm for joint adaptation of code length and modulation.
The system has 512 sub-carriers, 20 MHz bandwidth, and is
assumed to operate in an Urban Micro channel modelled as in
[16]. The channel is assumed to be time-invariant for the duration of Lt OFDM symbols. The results are reported in terms
of transmit power required to achieve a given throughput per
ER)
OFDM symbol, which is defined as T = K(1−F
. Link
Lt
adaptation was performed on the per-chunk basis. The cases
of Lt = 1, Lf = 96 and Lt = 8, Lf = 12 are considered.
For comparison, the performance of conventional bit and power
loading [1] combined with independent rate 2/3 LDPC coding
(i.e. adaptive BICM) is also shown. It can be seen that if the
data rate is low, conventional bit and power loading provides
slightly better performance. For higher data rates semi-BICM
starts to outperform it in both considered cases. The reason is
that in the case of low data rate it is sufficient to employ loworder modulation formats like QPSK on most of the chunks.
Such signal constellations just do not have enough space to implement semi-BICM, which needs at least l = 2 coded bits per
dimension for the considered family of codes. This problem
can be avoided by decreasing l. This may, however, require
implementing coding at the second level of the generalized
multilevel code (see Figure 1(a)). Achieving higher data rates
requires employing higher order modulation formats on some
chunks. Since different chunks employ different modulation
formats, it is not possible to adapt the rate of the binary code
used in the BICM system to parameters of all chunks simultaneously, causing it to be suboptimal. On the contrary, semiBICM can be adapted easily, providing thus higher throughput
than pure adaptive BICM.

V.

C ONCLUSIONS

In this paper a novel method for performing adaptive coding
and modulation in OFDM systems is presented. The method
represents an efficient solution to the problem of mapping
codewords on different resource units experiencing different
propagation conditions and hence supporting different modulation formats. It has to be observed that the method can be
applied also when each time-frequency resource unit is reused
in the spatial or code domain. Its investigation jointly with multiple antenna techniques, e.g. SDMA (space division multiple
access), is subject of further study.
The coding approach is based on semi-BICM coded modulation scheme, which can be considered as a combination of
well-known BICM and MLC techniques. This enables one
to encode an entire data packet, independently of its length,
into a single codeword spanning different chunks, using chunkspecific modulation formats. Moreover, an optimization algorithm is proposed to jointly adapt the modulation format and
the code-length to optimize the number of spanned chunks.
The proposed approach outperforms conventional BICM combined with bit and power loading in the high data rate region,
where high-order modulation formats have to be used on some
chunks.
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