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Abstract— We propose a link adaptation technique for IEEE
802.11n MIMO-OFDM systems with convolutional coding. The
technique dynamically selects the best modulation and coding
scheme (MCS) based on channel conditions and on the medium
access control (MAC) layer performance (coded BER or PER)
requested by applications. We show that the coded performance
at decoder output can be modeled as a function of decoder-input
uncoded BER and the code rate. For MIMO-OFDM systems
with different modulation types for different spatial streams
at each subcarrier, we propose a simple and accurate method
for computing the BER for each spatial stream mixed from
different subcarriers. We also discuss approaches for searching
and selecting the MCS.

I. INTRODUCTION

The emerging IEEE 802.11n standard employs multi-
input multi-output orthogonal frequency division multiplex-
ing (MIMO-OFDM) transmission techniques to enable high-
throughput communication for up to 600 Mbps in a 40 MHz
channel bandwidth [1]. Since the wireless fading channel
varies with time, link adaptation must be employed to sustain
reliable communication and maximize throughput. The stan-
dard defines medium access control (MAC) protocols and a
large set of modulation and coding schemes (MCS) to facilitate
this goal [1]. In this paper, we present a MAC performance-
based link adaptation technique for IEEE 802.11n.

The technique dynamically selects the best MCS based
on channel conditions and on the MAC layer performance
requested by applications. The performance request here refers
to the MAC packet-error rate (PER) or coded bit-error rate
(BER). With the CRC-32 [1] code, the physical (PHY) layer
PER may be treated approximately identical to MAC PER for
practical applications.

IEEE 802.11n implements bit-interleaved coded modulation
(BICM) [2]. Adaptive BICM for scalar channels has been
well studied [3], where the coded BER can be computed
via the trellis codes’ transfer function for symbol/block-wise
adaptation [4]. For matrix channels, such as the MIMO-
OFDM channel in 802.11n, since the channel state information
is no longer a scalar, the scalar-channel results can not be
directly applied except using the post-processing SNR. In [5],
adaptive BICM is studied for MIMO-OFDM channels with
beamforming and sub-channel grouping, assuming each spatial
channel employs independent BICM streams (i.e. horizontal
encoding [6]). Vertical encoding is examined in [7] for turbo-
receivers for MIMO channels using EXIT charts [8]. An
expurgated bound technique is introduced in [9]. There are
also a large number of publications on adaptive modulation
and bit-loading (e.g. [10]) where uncoded BER is used as

a performance measure. In addition to these analytical ap-
proaches, simulation-aided techniques can be found in [11]
for OFDM and [12] for MIMO-OFDM, where the adaptation
SNR thresholds are determined via simulations.

Despite extensive research effort on adaptive modulation
and coding, the techniques in [3]-[7] are dependent on channel
fading statistics and are still too complex for practical imple-
mentations, especially for systems with a large set of MCS
such as 802.11n. For coded systems, the uncoded BER [10]
alone is not a useful performance measure, since the coded
performance also depends on the code rate. On the other
hand, the effectiveness and efficiencies of simulation-based
approaches depend heavily on the assumed channel model,
and could be problematic in practice, particularly for MIMO-
channels.

In this paper, we propose a practical link adaptation tech-
nique designed specifically for the 820.11n vertical-encoded
BICM-MIMO-OFDM system with and without beamforming.
We adopt a minimum mean-square error (MMSE) receiver
[13] for the (space-time coded) MIMO channel. Using Gaus-
sian approximation for the MMSE output [14], we derive
alternative simple close-form expressions of BER and PER
for BICM with M-QAM over the AWGN channel, which can
be applied to our situation. We show that the decoder-output
BER/PER can be approximated as a function of the decoder-
input BER (over all MIMO spatial streams and OFDM subcar-
riers) and the code rate, which can be optimized for real-time
applications. We also propose a simple SNR metric that by-
passes the intensive computation of combining uncoded BER
from OFDM subcarriers. We demonstrate that the proposed
technique [15] can satisfy the PER requirement and also upper
limit the average BER for failed packets in simulations.

We briefly review the system model in Section II. The
alternative performance bounds of BICM-QAM is presented
in Section III. We discuss computation of decoder input-BER
in Section IV for MIMO channels with different modulation
types on each spatial stream. In Section V, we discuss algo-
rithms for searching and selecting the MCS. In Section VI, we
present simulation results. Section VII concludes the paper.

II. SYSTEM MODEL

Each MIMO channel carried by an OFDM subcarrier can
be expressed as (omitting subcarrier index)

R = HX + W (1)

where X is a vector of transmitted modulation symbols of unit
power [1], R is the OFDM demodulator output, and W is the
channel noise vector whose variance is denoted by N0. H
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Fig. 1. A brief diagram of the proposed system. Details on 802.11n can be
found in [1].

is the equivalent channel matrix, and depends on the channel
impulse response, the transmitter cyclic-delay diversity values,
and the transmitter spatial mapping (or beamforming) matrices
[1]. Its detailed expression is not of concern to this paper, and
beamforming is transparent to the techniques proposed here.
The propagation channel used in this study is the IEEE indoor
frequency-selective slow fading channel model [16].

The number of active spatial streams (modulated inde-
pendent data streams) of the MIMO channel is denoted by
Nss. When space-time block coding (STBC) is employed,
two OFDM symbols are processed together for space-time
decoding, and (1) should be structured according to the space-
time coding scheme [1].

We assume perfect and per-tone channel estimation (per-
carrier independent, unsmoothed channel estimate [1]) and
MMSE detection of X throughout this paper, although the
results can be easily extended to other channel estimation
and MIMO detection approaches, such as least-squares (LS)
channel estimation and VBLAST [18] detection. The MMSE
detector outputs log-likelihood ratios (LLRs) (with max-log
simplification [17]) that can be used by both Viterbi decoding
and belief-propagation decoding.

The overall structure of the proposed system is illustrated
in Fig. 1, where the transmitter and receiver PHY implements
the vertical-encoded MIMO-OFDM transmission technique as
specified in [1]. The proposed link adaptation is implemented
on the receiver side. The selected MCS is fed back to the
transmitter via mechanisms defined in the MAC protocols [1].
The receiver PHY supplies the estimated channel and MCS
of the current packet to the link adaptation unit, which selects
the best MCS based on the performance request (denoted by
“QoS” in Fig. 1) from the application in terms of coded PER
or coded BER. We point out that it is easy to verify via simu-
lations that over the AWGN channel, for different modulation
schemes and code rates, coded PER may be approximated as
a function of the coded BER. Thus the performance request in
coded BER can be converted to decoded PER and vice versa.

III. BOUNDS ON PUNCTURED CONVOLUTIONAL-CODED

M-QAM

As we discussed earlier, due to a Gaussian approximation
of MMSE output [14], we only need to focus on the AWGN
channel when analyzing the BICM performance. Rather than
following the complicated bounds in [2], we give simple
alternative derivations in this section.

Since it is well known that over the AWGN channel,
interleaving does not alter the inherent channel statistics
and hence performance, we can simply use the bounds for
convolutional-coded M-QAM. Although bounds on punctured

convolutional codes (CC) have been well studied in the liter-
ature [20], to our knowledge, all existing publications assume
BPSK modulation. We derive here tight bounds for punctured
convolutional-coded Gray-mapped QAM modulations defined
in [1]. We note here that it is also possible to approximate
the receiver QAM bit-LLR as a BPSK channel, but with a
rather complicated statistical behavior that precludes simple
closed-form expressions.

The union upper bound on the BER Pb for a (punctured)
rate R = k0/n0 (k0, n0 relative prime) convolutional code is
given by Pb ≤ 1

k0

∑∞
d=dfree

CdPd, where Cd is the number
of bit errors for the Hamming weight-d paths, and Pd is the
probability that a weight-d sequence is selected over the all-
zero sequence. For the industry standard (1/2,7) code used in
802.11n, Cd for different puncturing patterns is well known
[20].

Let dmin be the minimum Euclidean distance for the signal
constellation under discussion. For BPSK, it is well known
that Pd = Q

(√
2dEs

N0

)
. For QPSK, if k of the d bit errors

occur in k different QPSK symbols, then it is easy to show
that

Pd =
d∑

k=0

(
d
k

)
2d

Q

√ kd2
min + 2d2

min(d − k)/2

2N0

 = Q

(√
dEs

N0

)
.

For 16-QAM and 64-QAM, Pd depends on the bit-mapping
and the signal constellation layout. Let kn (1 ≤ n ≤ 4)
be the number of symbols corresponding to n bit-errors per
symbol in the symbol sequence mapped from the weight-
d binary sequence. To compute the bound on BER at the
decoder output, we need to first consider the probability that a
weight-d sequence is selected over a weight-0 sequence. Let d̃2

1
be the equivalent Euclidean distance corresponding to events
with one bit error per constellation symbol. For the 16-QAM
constellation defined in [1], there are only two possibilities
such that one symbol error leads to one bit error. Let P1
(P3) be the probability that such a symbol error has distance
dmin (3dmin), then d̃2

1 = 1+9P3/P1
1+P3/P1

d2
min ≈ d2

min, where the
approximation is accurate for medium-to-high SNR values.
Similarly, d̃2

2 ≈ 2d2
min, d̃2

3 ≈ 5d2
min and d̃2

4 = 8d2
min. After

simplification with d =
∑4

i=1 kii for 16-QAM, Pd can be
expressed by

Pd ≈ 1

Id

�d/3�∑
k=0

d−3k∑
m=0

(
�d/3�

k

)(
d − 3k

m

)
Q

(√
d + 2k + 4m

5

Es

N0

)
(2)

where Id =
∑�d/3�

k=0

∑d−3k
m=0

(�d/3�
k

)(
d−3k

m

)
. Pd for 64-QAM

can be derived following the same procedure, and is not
repeated here due to space limitations.

Fig. 2 compares bounds computed using the approach
described above and simulation results for convolutional-
coded BICM with BPSK, QPSK, 16-QAM and 64-QAM.
The simulation implements the BICM scheme defined in the
802.11n standard [1]. As we can observe, the bounds are tight
when the decoded BER is less than 10−2.

The bounds for PER (or codeword error probability) can
be similarly derived as Pcw ≤ ∑

d AdPd, where Pd is
computed as described above and Ad is the number of weight-
d codewords [19].
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Fig. 2. Comparison of bounds and simulation results for bit-interleaved
convolutional-coded modulations over the AWGN channel. (m, R) denotes
m bits per symbol and code rate of R.

IV. BER ESTIMATION OF CONVOLUTIONAL CODED

MIMO TRANSMISSION WITH MMSE DETECTION

The indoor channel for 802.11 is well known to be a slow
fading channel [16], where all OFDM symbols in one packet
experience approximately the same channel. As discussed pre-
viously, we can apply the well known Gaussian approximation
[14] to the MMSE detector output, and normalize it to be
an unscaled AWGN channel. channel. As a result, for any
IEEE indoor channel, the AWGN model is applicable for each
packet, and the bounds derived above can be directly applied
to the 802.11n BICM system.

A. The Relationship Between Decoder-Output BER/PER and
Decoder-Input BER

In 802.11n, all spatial streams share one (or two) de-
coder(s), although spatial streams may have different modula-
tion schemes. As a result, each codeword may be modulated
by different modulation types. Thus, to be able to analyze
the coded performance in this scenario, we need to derive a
relationship between the decoder-output BER/PER and input
modulation schemes. Our goal is to find a simple algorithm
that can compute the decoder-output BER/PER in real time.
Reference [17] examines decoder-output BER/PER as a func-
tion of decoder-input mutual information. In the present paper
we study decoder-output BER/PER as a function of decoder-
input BER.

We find that the mapping between decoder-output BER/PER
and the decoder-input BER effectively characterizes the perfor-
mance of the punctured CCs under consideration. This func-
tion is essentially independent of the modulation type. As an
illustration, we demonstrate performance of systems with two
different coding rates, rate 1/2 and 3/4. We apply combinations
of BPSK, QPSK, and 16-QAM to the output of a rate-1/2
CC (denoted by (1+2+4,1/2)), and we apply combinations of
QPSK, 16-QAM, and 64-QAM to the output of a rate-3/4

0 0.02 0.04 0.06 0.08 0.1
10

−10

10
−8

10
−6

10
−4

10
−2

decoder−input uncoded BER

de
co

de
r−

ou
tp

ut
 c

od
ed

 B
E

R

0 0.02 0.04 0.06 0.08 0.1
10

−5

10
−4

10
−3

10
−2

10
−1

decoder−input uncoded BER

de
co

de
r−

ou
tp

ut
 c

od
ed

 P
E

R

64−QAM
16−QAM
QPSK
BPSK

(1,1/2)
(2,1/2)
(4,1/2)
(1+2+4,1/2)
(2,3/4)
(4,3/4)
(6,3/4)
(2+4+6,3/4)

3/4

1/2

3/4

1/2

(a)

(b)

(2+4+6,3/4)

(1+2+4,1/2)

Fig. 3. (a) Performance bounds (solid lines) and simulations (dashed lines) of
coded BER vs. uncoded BER for punctured (1/2,7) convolutional code over the
AWGN channel with different modulation schemes. (b) Simulations (dashed
lines) of coded PER vs. uncoded BER for punctured (1/2,7) convolutional
code over the AWGN channel with different modulation schemes. The two
bold lines in (b) are log-linear approximations given in Table I.

CC (denoted by (2+4+6,3/4)). The slight difference in the
modulation sets is because the standard [1] does not allow
rate 1/2 for 64-QAM, and only allows rate 1/2 for BPSK.
However, the results presented in this paper allow these two
cases.

Fig. 3(a) plots performance bounds (solid lines) of decoder-
output BER vs. decoder-input BER for all modulation schemes
and rates 1/2 and 3/4 over the AWGN channel. It is interesting
to observe that at low BER (i.e., decoder-output BER <
10−3), for the same code rate, the performance bounds for
different modulation schemes remains essentially identical.
Also included in the figure are the simulated performance
(dashed lines) of MCS (1+2+4,1/2) and (2+4+6,3/4) as de-
scribed above. The performance of a single code with different
modulation types also follow bounds closely. It is very clear
from this plot that we can approximate the decoder-output
BER as a function of decoder-input BER and coding rate
independent of the modulation type, without loss of much
accuracy.

To facilitate hardware implementation, we employ simple
log-linear approximations of the mapping between decoder-
output and decoder-input BER’s. Specifically, the decoder-
output log-BER Lout = log (Pbo) is related to the decoder-
input log-BER Lin = log (Pbi) by

Lout = a1Lin + a2 (3)

where a1 and a2 are listed in Table I as a function of the
coding rate R.
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Table I. Coefficients of log-linear approximation for decoder-output
BER/PER eLout as a function of decoder-input BER eLin .

coded BER as output coded PER as output
R 1/2 2/3 3/4 5/6 1/2 2/3 3/4 5/6
a1 9 6.4 5 4 9.7 6.5 4.7 4
a2 15 12 10 8.5 21 15.4 13 11.7

A similar situation holds for the mapping of PER vs.
decoder-input BER, as shown in Fig. 3(b). The two bold
lines are log-linear approximations, whose coefficients are also
listed in Table I. Alternatively, a simple lookup table can be
constructed from Figs. 3(a) and 3(b).

B. Computation of Decoder-Input BER

Since the standard does not allow adaptation in the fre-
quency domain, the MIMO channels carried by each of the
OFDM subcarriers have the same set of modulation schemes
(each spatial stream may have a different modulation type).
We can combine spatial data from different subcarriers of a
common spatial stream (with an identical modulation type),
and determine its BER using well known formulas [19]. Then
the final decoder-input BER of mixed spatial streams can be
computed from BER’s of different spatial streams.

Specifically, to compute the log-decoder-input BER Lin, let
bk be the number of bits per symbol for the k-th spatial stream
and Pu

k be the uncoded BER corresponding to the k-th spatial
stream. It is easy to show that

Lin = log

(
Nss∑
k=1

Pu
k bk

)
− log

(
Nss∑
k=1

bk

)
(4)

The expressions for Pu
k for the modulation schemes defined

in 802.11 are well known to be a function of the standard Q-
function. To enable fast hardware computations and to retain
high accuracy, we again employ log-linear approximation of
Q(

√
x), rather than the common exponential upper bound.

Since for most applications the decoder-output BER ranges
between 10−10 and 10−3, which corresponds to the range of
decoder-input BER from 10−3 to 0.1, we optimize the log-
linear approximation of Q-function only in this range. We find
that Q(

√
x) ≈ 0.23e−x/1.75 approximates well.

To compute P k
u for the k-th spatial stream combined from

different subcarriers, let the uncoded BER for the k-th spatial
stream over the m-th subcarrier be Pu

k,m. We may write

Pu
k =

1
Nd

∑
m∈Id

Pu
k,m (5)

where Id is the index set for data subcarriers, and |Id| =
Nd. Since Nd is often large, e.g. 52 for 20MHz, and the
probabilities Pu

k,m involve exponential functions, (5) may be
too computationally intensive for real-time situations.

For each subcarrier, Pu
k,m is a function of the SNR ρk,m

(post-processing SNR, signal-to-interference-plus-noise ratio
to be more specific) for that particular carrier. Ideally speaking,
it is desirable that we find an equivalent SNR ρk for the
spatial stream combined from all subcarriers so that Pu

k can
be directly computed using ρk, as the same stream at all
subcarriers are modulated using the same modulation scheme.

Let ρmin,k = minm{ρk,m} and ρmean,k =
∑

m ρk,m/Nd.
Since the channel may be quite frequency-selective, the SNR’s
for different subcarriers may vary over a very large range.
For those carriers with SNR larger than ρmean,k, their con-
tributions in (5) are essentially negligible. The remaining
probabilities mostly fall within the range of an order of
magnitude, where it is easy to verify that their geometric
mean is very close to their arithmetic mean. Utilizing this fact
and the exponential approximation of the Q-function discussed
earlier, we have

ρk ≈ 2
Nd

∑
m:ρk,m<ρmean,k

ρk,m (6)

Simulation confirms that the above expression indeed approxi-
mates the true equivalent SNR closely. In fact, an even simpler
linear approximation of the above expression

ρk ≈ 1
2

(ρmean,k + ρmin,k) (7)

also works very well in simulations for uncoded BER from
10−3 to 10−1, as will be demonstrated later.

To compute the uncoded BER at the OFDM demodulator
output for a spatial stream of the MIMO channel at one
subcarrier, since the MMSE output is known to be well
approximated as Gaussian, we employ expressions for the
AWGN channel to compute the detector output BER. For
the k-th spatial stream at a subcarrier, the normalized MMSE
detector output can be written as Yk = Xk + W̃k where W̃k
is the total interference plus noise, and it is approximated
as correlated Gaussian. When per-tone channel estimation is
employed, its power can be easily derived as

E

[∣∣∣W̃k

∣∣∣2] =

∑
i�=k |Gk,i|2
|Gk,k|2

+
1 + 2Nss

∑
l

(
P−T

)2
k,l

|Gk,k|2
N0

∑
l

|Hk,l|2

(8)
where omitting the subcarrier index, H is the channel matrix
and G is the MMSE equalizer matrix. P is the high-throughput
(HT) long-training-field (LTF) preamble permutation matrix
defined in [1]. If perfect channel estimation is employed,∑

l

(
P−T

)2
k,l

can be replaced by zero. This variance should
also be adjusted accordingly in presence of carrier-frequency
offset or other impairments.

Fig. 4 compares the scatter plot of the measured and
predicted uncoded BER as a function of the proposed simple
SNR metric (7) for QPSK over IEEE channel model ‘B’ [16],
with four transmit and two receive antennas. There are two
spatial streams, with STBC employed. The two groups of
points correspond to the two spatial streams. For the stream
with lower BER, the proposed metric is very accurate. For
the stream with higher BER, the proposed simple metric
provides a slightly conservative estimate, because high SNR’s
are ignored in (7).

V. THE LINK ADAPTATION ALGORITHM

Upon receiving a packet, the receiver can immediately
estimate and predict the channel for the next arriving packet.
As discussed earlier, since the indoor channel is a slow fading
channel, the channel for consecutive packets undergoes a small
amount of change, which can be approximated by a linear
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Fig. 4. Scatter plot comparison of BER computed with the proposed simple
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model, i.e., Ĥnext = Hcurrent + Lcurrent

Lprev
∆H where Lcurrent

and Lprev are packet lengths for the current and previous
packets, respectively. ∆H is the difference between the current
and the previous channels. This channel prediction approach
can be directly employed for the equivalent frequency-domain
channel per subcarrier with and without space-time coding.

The MCS of the current packet can also be estimated from
the HT signal field preamble [1]. The same MCS is initially
assumed for the next packet, and the PHY performance can be
predicted by first estimating the uncoded performance and then
the coded performance. If the predicted coded performance
cannot satisfy the performance requirement requested by the
application, then the algorithm instructs the link adaptation
unit to search MCS for a lower throughput. Otherwise, if
predicted performance is better than the required performance,
then throughput increase should be attempted, which guar-
antees that the throughput will be maximized. The MCS
update algorithm searches the MCS table based on predefined
algorithms. The available MCS is constrained by the number
of transmit and receive antennas and maximum supportable
Nss.

The MCS search algorithm consists of two parts, construc-
tion of the MCS table and the MCS search routine. Since the
MCS set defined by the standard contains MCS’s of duplicate
throughput, the MCS table implemented may be simplified by
choosing the one with the best performance among all MCS’s
of the same rate. For example, MCS (4,4,3/4), (6,2,1/2) and
(6,2,3/4) may not be necessary to use in practice since the same
throughput can be achieved with MCS (4,2,1/2), (4,4,1/2) and
(4,4,3/4) respectively, with equivalent or better performance.

When operating at very low SNRs, it may be necessary to
reduce the number of spatial streams to sustain performance.
As an example, for a maximum of two spatial streams, MCS
(1,1,1/2) can be switched to MCS (1,1/2) or (2,1/2) if MCS
(1,1,1/2) can not satisfy performance requirement. On the other
hand, if MCS (4,3/4) can be satisfied, then MCS (2,2,1/2) or
(4,2,1/2) can be selected for upgrading to two spatial streams.

To search MCS in the MCS table, several different ap-
proaches can be implemented. The trivial one is exhaustive
search. Every entry in the MCS table is tested following the
direction of search, and the algorithm stops until a suitable

choice is found.
When MCS of identical modulation types across all spatial

streams is employed, a simpler search routine is possible. One
key observation that can be obtained from Fig. 2 is that, for a
higher modulation level, i.e., larger number of bits per symbol,
the performance achieved with the lowest coding rate is always
better than the lower modulation level coded with highest rate.
This phenomenon holds true generally over all IEEE models.
As a result, the search for MCS can be substantially simplified:
the type of modulation can be selected separately from the rate
of code.

The situation is different when unequal MCS (different
modulation type for different spatial streams) is employed.
We can no longer use modulation-first approach. We instead
should consider the modulation-coding product (MCP) which
is the product of the total bits per symbol of modulation
schemes and the coding rate. MCP indicates the equivalent
bits per symbol of the combined MCS. As an example, for
Nss = 2, entries of the constructed MCS table from low
MCP to high MCP are (1,1,1/2), (2,2,1/2), (4,2,1/2), (4,4,1/2),
(6,4,1/2), (4,4,3/4), (6,4,3/4), (6,6,2/3), (6,6,3/4) and (6,6,5/6),
with MCP being 1, 2, 3, 4, 5, 6, 7.5, 8, and 9 respectively.

A faster search routine can be devised for the above MCS
table. As an example, in a throughput increasing trend, for
MCS (4,4,1/2), instead of moving to MCS (6,4,1/2), the
algorithm can check directly whether a coding rate of 3/4 can
be supported with four bits per symbol in both streams. If
it can be supported , then there is no need to check MCS
(6, 4, 1/2), and the algorithm should directly check MCS
(6,4,3/4) for the next step. Otherwise, the algorithm checks
MCS (6,4,1/2).

VI. RESULTS AND DISCUSSION

We simulated the proposed link adaptation technique over
IEEE channel model ‘B’ [16] for a system with four transmit
and two receive antennas and maximum two spatial streams.
No retransmission is employed. The system has 20 MHz phys-
ical bandwidth and employs space-time coding and unequal
MCS. This limits the maximum throughput to be no more than
130 Mbps with a 800 ns guard interval (GI) [1]. Beamforming
and antenna selection are not employed, and we implement
MMSE detection of the transmitted data. We assume perfect
synchronization and timing. The transmission nonlinearities
are also ignored. Below, SNR refers to average SNR per
receive antenna. The fast search algorithm discussed above
is used in simulations.

In the simulations, the data length is 2500 bytes per packet.
To have a more realistic simulation, each bursty transmission
of consecutive packets is limited to have no more than 1000
packets per burst. The channel for different bursts are uncorre-
lated. For simulation of each SNR point, around 20000 packets
are transmitted over the channel.

For a BER target of 5× 10−4 which corresponds to a PER
target around 3×10−2, Fig. 5 shows the error-rate performance
of the system at 10 dB. In this simulation, we assume perfect
channel estimation. In a good channel condition, a maximum
of 39 Mbps can be achieved. The average throughput for this

This full text paper was peer reviewed at the direction of IEEE Communications Society subject matter experts for publication in the WCNC 2007 proceedings. 
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Fig. 6. Throughput of 20MHz-bandwidth 802.11n system of two spatial-
streams with the proposed link adaptation technique over IEEE channel model
‘B’. Essentially error-free communication is achieved with these throughputs.
STBC and unequal MCS is employed. PER target is 10−3.

simulation is around 30 Mbps, which is around twice that for a
single fixed MCS at this SNR satisfying the same performance
requirement. At the same time, the PER target of 0.03 is
achieved as shown in Fig. 5. The average BER for failed
packets is also kept just below the BER target of 5 × 10−4,
as intended in the MCS selection process.

Fig. 6 shows the throughput performance of the system with
a target PER of 10−3 and BER of 10−5. Notice that the BER
target is less than 1/(data length), which yields essentially
error-free communication. In the simulations, there are no
more than four packets with errors among 20000 simulated
packets. With the more stringent performance requirement, the
throughput at 10 dB is about 26 Mbps that is slightly lower
than the one in the previous example. With per-tone channel
estimation, similar performance is achieved at the expense of

lower throughput. The loss of performance due to channel
estimation error is less than 3 dB as expected, which can
be reduced with better channel estimation techniques, such
as least-squares channel estimation.

VII. CONCLUSION

We have proposed a simple link adaptation technique that
maximizes throughput while satisfying the application perfor-
mance requirement for the receiver PHY/MAC. We employ
log-linear approximations for computing the receiver PHY
performance, which can be implemented by very simple
hardware. We showed that the coded performance can be
modeled as a function of the the decoder-input uncoded BER
and the coding rate. We have also illustrated how to compute
this uncoded BER and proposed a simple SNR metric for
computing the BER for spatial streams mixed from different
OFDM subcarriers.
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