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Abstract— This work considers the application of Linear Dis-
persion (LDC) space time codes in the High Speed Downlink
Packet Access (HSDPA) service of UMTS. A high rate, multiple
input multiple output (MIMO) system using multiple codes, as
well as channel coding and LDC space time (ST) coding is
proposed. The iterative receiver consists of a soft input and soft
output (SISO) demodulator, followed by a SISO decoder. The
demodulator is based on the well known linear multiuser detector.
Simulation results in realistic frequency selective Third Genera-
tion Partnership Project test cases reveal good performance even
for high rate HSDPA services.

I. I NTRODUCTION

This work considers the application of Linear Dispersion
(LDC) space time codes in the High Speed Downlink Packet
Access (HSDPA). The concept of HSDPA has been recently
standardized in 3GPP for UMTS. HSDPA is a downlink packet
based data service of UMTS with data transmission up to
approximately 10 Mbps, while enabling high mobility. The
service is based on the already specified standard but it in-
cludes several new technologies in order to achieve high peak
rates. In this paper, we explore the possible use of adaptive
modulation techniques and multiple antennas. In particular,
we suggest the use of the recently published LDC, which are
known to have high potential capacity [1].

Due to the high data rate transmission, the trade off between
complexity and capability of the user equipment becomes
an important issue. In this work, we follow the approach
of the linear Turbo demodulator, e.g., [2] and [3]. This low
complexity, sub optimal approach shows a promising trade
off. We generalize this approach to our problem, and provide
a simple, low complexity implementation of the estimator.
One of the problems of this approach is its block structure.
The performance of block oriented demodulators is known to
severely degrade in highly frequency selective channels. This
is due to the inter block interference (IBI). We propose to
mitigate this IBI using a soft decision feedback equalizer.

In order to evaluate the realistic performance of such
systems, we provide simulation results in the Third Generation
Partnership Project (3GPP) test cases. We adopt the stochastic
I-METRA[4] frequency selective MIMO radio channel model,
which was designed to evaluate the performance of such cases.

The remainder of this paper organizes as follows. We begin
by describing the transmitter structure in Section II, followed
by the MIMO channel model in Section III, and the iterative
receiver structure in Section IV. Simulation results in 3GPP
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Fig. 1. Transmitter Structure

test cases are provided in Section V. Finally, concluding
remarks are offered in Section VI.

II. T RANSMITTER STRUCTURE

The transmitter is a space time generalization of the stan-
dardized UMTS downlink transmitter. Following the standard,
we define a Transmission Time Interval (TTI) as an interval of
Nchips = 7680 chips in which a packet of bits is transmitted.
Due to the restrictions of the channel encoder, this packet is
divided into frames of up toNbits ≤ 5114 information bits.



These frames will be independently transmitted in a serial
fashion.

Each frame is encoded using a Turbo code1, interleaved,
and modulated to symbols. The symbols are then multiplexed
and transmitted through parallel logical channels usingNcodes

different spreading codes. Before transmission, the parallel
branches are summed together and scrambled using a long
code, without increasing the bandwidth. A block diagram of
the transmitter structure for one block is provided in Figure 1.

We generalize this structure by introducing a LDC ST
code in each of the branches, and by using multiple transmit
antennas. Each branch representsNTX streams of symbols,
whereNTX denotes the number of transmit antennas. Due to
the LDC properties, the output of the transmitter can be written
as a linear function of blocks of modulated symbols:

x(i) = D(i)s(bi) (1)

for i = 0 · · ·Nchips, wherex(i) is the output of the trans-
mitter at thei’th chip, s(bi) are the blocks of symbols, and
the matricesD(i) represent the space time codes, spreading
codes and scrambling code. These matrices are obtained by
multiplying the LDC matrices (see [1]) with the appropriate
effective spreading code. The block indexbi is obtained by
dividing the chip indexi by the number of chips per block,
and rounding the result towards minus infinity.

III. MIMO PHYSICAL CHANNEL

The frequency selective and time selective MIMO physical
channel is modelled as a set of linear filters withL taps each.
Each tapH(l)(i) is a time varyingNRX×NTX matrix whose
elements are the gains of all the possible paths between the
NRX receive antennas and theNTX transmit antennas:

y(i) =
L−1∑

l=0

H(l) (i)x (i− l) + w(i), (2)

where y(i) is the lengthNRX received vector at thei’th
chip interval, andw(i) is a white complex normal vector of
varianceσ2 which represents noise and inter cell interference.

The spatial correlated impulse responsesH(l)(i) from the
transmit antennas to the receive antennas are obtained from
the stochastic I-METRA[4] MIMO radio channel model[5].
This model is fully compliant with 3GPP link level channel
model specifications. ItsMATLAB c©implementation is freely
available atwww.ist-imetra.orgunder a generic cooperation
agreement. Spatial correlation between the radio propagation
links is introduced in form of a correlation matrix. This matrix
is the Kronecker product of the correlation matrices of the
antennas at the transmitter’s side and the receiver’s side. The
entries in the latter are derived from parameters like antenna
element spacing, power azimuth spectrum (PAS), mean angle
of arrival (AoA), and azimuth spread (AS). This model also
incorporates temporal correlation.

1Initially, the specification defined a different encoder for small frames, but
because it is not desirable to adapt the encoder “on the fly” it was decided to
always use the Turbo encoder.
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Fig. 2. Receiver Structure

IV. RECEIVER STRUCTURE

The optimal receiver for the previous problem formulation
is impractical. It involves a Viterbi Algorithm of the effective
super-trellis associated with the concatenated encoders, and
the frequency selective channel. The complexity of such a
solution is too high for implementation. We therefore resort
to a suboptimal approach, usually referred to as the “Turbo
Algorithm”. The so called Turbo principle is illustrated in Fig.
2: the use of interleavers decouples the demodulation stage and
the decoding stage. This allows for iterative exchange of soft
information between them. The soft information is expressed
using log likelihood ratios (LLR):

L(d) = log
P (d = +1)
P (d = −1)

. (3)

The input to each stage is the a priori LLRs. Using them,
it calculates the a posteriori LLRs, which are supposedly
“better”. Next, these new a posteriori LLRs are used as the a
priori LLRs for the other stage. This procedure is repeated in
an iterative fashion.

Understanding the turbo structure of the receiver, we now
explain the demodulator and decoder algorithms themselves,
and how they incorporate a priori LLRs (LA) in order to
produce “better” a posteriori LLRs (LD).

The demodulation algorithm calculates the a posteriori LLR
of each bit as a function of the a priori LLR of all the other
bits and the received samples. This algorithm is based on
the linear multiuser detector, e.g., [2] and [3]. The algorithm
works on blocks of received samples. Each block can be
approximated as a linear function of the transmitted symbols.
Therefore, a simple weighted least squares estimator is applied
for each of the symbols using their a priori soft information.
These estimates are later approximated as Gaussian random
variables, allowing the derivation of the associated bits a
posteriori LLRs. Simulation results show improvement in
performance when this procedure is repeated for a number
of iterations before passing its information to the next stage.

The decoder uses the well known BCJR algorithm[6]. In
brevity, this algorithm calculates the a posteriori LLR of each
bit as a function of the a priori LLR of all the other bits and
the correlations between them induced by the encoder’s trellis.
In this work, the encoder itself is a Turbo encoder and so is
its decoder, e.g., [7].

The decoder structure is well known in the literature. Hence,
we now concentrate on the demodulator structure. A block



diagram of the proposed demodulator is provided in Fig. 4. In
the next sections we describe the function of each block.

A. LLRs to Symbols

This block transforms bits LLRs into the means and vari-
ances of the symbols. First, the LLRs are transformed into bit
probabilities:

P (dj = β) =
eβL(dj)/2

e−L(dj)/2 + e+L(dj)/2
. (4)

Due to the interleaver, we assume all the bits are independent.
Since the symbols are functions of the bits, their second order
statistics can be derived:

ηsk
=

∑

d

[
s (d)

MC∏

i=1

P (dj)

]

σ2
sk

=
∑

d

[
(s (d)− ηsk

)2
MC∏

i=1

P (dj)

]
, (5)

whered denotes the possible vectors of bits associated with
the current symbolsk. Being functions of independent bits, the
symbols themselves are also independent. For convenience, we
also define the mean of the vectors asηs, and the covariance
matrix Css as a diagonal matrix with the elementsσ2

sk
.

B. Linear estimator

This block is the core of the demodulator. It uses the a priori
second order statistics in order to derive an estimate of each
of the transmitted symbols. This estimator is based on the
linear multiuser detector developed in [2]. The algorithm is
block oriented, i.e., it assumes that the received vector can
be decoupled into uncorrelated blocks and works on each
one alone. Assuming the inter block interference (IBI) is
negligible, we stack the received vectors into blocks, denoted
by yB(b). Each block is associated with one use of the LDC,
and can be approximated as a linear function of the unknown
symbols associated with it:��
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Fig. 3. Linear channel model and IBI.

where wB(b) is built by stacking the noise vectors, one of
top of the others, andG(b) is the effective channel matrix
built using the stacked modulation matrices,D(i), and the
convolution matrix of the MIMO channel. The unknown
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Fig. 4. Linear demodulator

symbols vector is real, we therefore decouple the channel
model and arrive at:

yB(b) ≈ G(b)s(b) + wB(b) b = 1 · · ·B, (6)

whereyB(b), G(b) andwB(b) are the real part stacked over
the imaginary part of their overlined versions. In the sequel,
we omit the block index for simplicity.

The estimator estimates the current symbol assuming it
was a deterministic unknown parameter, while referring to
the other symbols as random variables. It can be shown
that the minimum mean squared error estimator using these
assumptions is [8]:

ŝ = ηs + C̃ssGT C−1
yy [yB −Gηs] (7)

where

Cyy = GCssGT + σ2I (8)

and C̃ss is a diagonal matrix with the elements1/λk, where
λk are the diagonal elements of the matrixGT C−1

yy G. Thus,
only one inversion of the matrixCyy is required. Invoking
the central limit theorem, each of the estimates is normally
distributedŝk ∼ N

(
sk, σ2

ŝk

)
with varianceσ2

ŝk
= 1

λk
− σ2

sk

C. Decision feedback equalizer (DFE)

This block is designed to mitigate the IBI. Due to the highly
frequency selective nature of the MIMO channels, the received
blocks are correlated, and the performance of the previous
block oriented estimator degrades. Hence, we propose to use
a soft decision feedback equalizer which will try to cancel this
correlation:

ỹ (i) = y (i)−
L−1∑

l=i

H(l) (i− l) x̂ (i− l), (9)

for the indicesi in which the IBI has been neglected (See Fig.
3), and the vectorŝx(·) are the decision feedback vectors. The
decision feedback vectors are derived by replacing the symbols
with their estimates in (1). There are different alternatives for
these estimates. A simple option is to use a sliced version of
the output of the“Linear estimator” of the previous block,



i.e., a hard decision. However, it is well known that using soft
decision feedback performs better. Therefore, we suggest the
following procedure (See dashed part of Fig. 4): In each block,
the estimate will be transformed to LLRs, which will then be
transformed back to the posterior means and variances of the
symbols. These means will be used as soft symbol decisions2.

D. Symbols to LLRs

This last block transforms symbols estimate to bits a pos-
teriori LLRs. As previously explained, the symbol estimate
at the output of the linear estimator is normally distributed as
ŝk ∼ N

(
sk, σ2

ŝk

)
. Hence, the posterior LLR (LD) for each bit

can be derived using this estimate and the prior LLRs (LA)
of all bits associated with this symbol:

LD (dj) = log
P (dj = +1 |ŝk )
P (dj = −1 |ŝk )

= log

∑
d∈D+

exp
[
− (ŝk−s(d))2

2σ2
s̃k

+ 1
2d

T LA

]

∑
d∈D−

exp
[
− (ŝk−s(d))2

2σ2
s̃k

+ 1
2d

T LA

] ,

whereD+ andD− are the sets of vectors of bits withdk = +1
and dk = −1, respectively. The last equality stems from the
normal distribution and (4).

Due to the heuristic nature of this block, its outputs are
not too reliable. Therefore, we suggest to clip the outputs
at some arbitrary maximal absolute value. Thus, allowing
the decoder a possibility to correct the errors. Simulations
show that clipping the LLR at|LD (bj)| ≤ 3 provides with
satisfactory performance.

V. SIMULATIONS

Computer simulations have been carried out to analyze
the performance of the aforementioned system in terms of
throughput in bits per second. We assume a simple retransmit
strategy whenever an error is found in a packet, i.e., there is
an error in at least one of its frames.

Most of the parameters for the simulation are based on the
specifications of HSDPA, e.g., [9]. The transmitter incorpo-
rates a rate1/2 or 3/4 Turbo encoder with constraint length
4, and polynomial generators15 and 13, the standardized
interleaver, and QPSK or 16-QAM modulation. The spreading
sequences used are length16 Hadamard codes, and the long
scrambling sequence is randomly generated. The antennas
transmit in a chip rate of3.84Mcps.

Following [10] we provide simulation results for the fre-
quency selective fading ITU Generalized Vehicular A Channel,
where all signal power arrives throughL = 10 fading taps.
The power angular spectrum is Laplacian. The mean angle
of arrival is 67.50 degrees. The angular spread is50 and350

at the transmitter and the receiver, and the spacing between
antennas are4 and0.5 wave lengths, respectively. The speed
of the vehicle is120 kilometers per hour. For simplicity, we
assume perfect channel state information at the receive side.

2In future work, the variances, too, will be used to improve the feedback.
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We provide results for different schemes, incorporating
different parameters. These schemes allow for adaptive high
rates using the same system. We suggest to use two possible
LDC codes [1]. The first code, known as the Alamouti scheme,
transmits in rate one usingNTX = 2 and NRX = 1. The
second LDC code is a double rate STC usingNTX = 3 and
NRX = 2. In Fig. 5 we provide a table of all the parameters
used in the eight scenarios. The throughput results for the first
four schemes are provided in Fig. 6, while the last four are
presented in Fig. 7.

The throughput results of the different schemes show the
advantages of the proposed system. Using simple changes to
the system it can adapt to different rates up to almost 15Mbps.
Even more flexible adaptation can be applied by changing
the number of codes used (results not shown). Observing the
improvement in performance between the two LDC codes
shows once again the advantage of using multiple antennas. It
is clear that the first scheme, i.e., the Alamouti, is incapable
of achieving the high rates provided by the second scheme at
reasonable signal to noise ratios.

VI. CONCLUSIONS

This paper has considered the problem of equalization and
demodulation of multiuser linear dispersion space time codes
in a frequency selective MIMO fading channel. An efficient
low-complexity receiver was proposed based on the Turbo
principle and the well known linear multiuser decoder. In
addition, a soft decision feedback equalizer was developed.
Simulation results in a realistic stochastic MIMO channel
model show promising performance at adaptive high rate
transmissions.
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Scenario Mbps Turbo Rate Modulation LDC Rate frames
packet

bits
frame

LDC blocks
frame

1 2.4 0.50 QPSK 1 1 4794 240
2 3.6 0.75 QPSK 1 2 3591 120
3 4.8 0.50 16-QAM 1 2 4794 120
4 7.2 0.75 16-QAM 1 3 4791 80
5 4.8 0.50 QPSK 2 2 4794 60
6 7.2 0.75 QPSK 2 4 3591 30
7 9.6 0.50 16-QAM 2 4 4794 30
8 14.4 0.75 16-QAM 2 6 4791 20

Fig. 5. Simulations parameters.
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