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Abstract— UMTS addresses future packet services over channels with fluctuating quality via its High Speed Downlink
Packet Access (HSDPA ) sub-system. The throughput over HSDPA
decreases significantly due to Multiple Access Interference (MAI).
In this contribution, it is shown by simulation that the Linear
Minimum Mean Square Error (LMMSE) equalizer shows superior throughput than a conventional RAKE receiver. The gain in
Ec /Ior is approximately 1.6–2 dB depending on the modulation
scheme.
We have developed a simulation environment specifically tailored to HSDPA for investigating the HSDPA receiver requirements.
The downlink physical layer for the user data on the High Speed
Physical Downlink Shared Channel ( HS - PDSCH) is modelled in
detail, whereas the associated signalling is idealised as errorfree. The interference from signalling and data channels on the
HS - PDSCH is modelled adequately. As a general guideline for
system settings in the simulations, we use the test cases specified
in 3 GPP TS 25.101 whenever applicable.

I. I NTRODUCTION
UMTS features moderately high data rates for packet data
services [1], [2], [3]. Efficient, fast, and flexible assignment of
radio resources to packet users is highly desirable from both
a user’s and an operator’s viewpoint. UMTS addresses future
packet services over channels with fluctuating channel quality
via its HSDPA sub-system. We have developed a simulation
environment specifically tailored to HSDPA for investigating
the HSDPA receiver requirements [6]. Particular care was
devoted to adequate modelling of interference on the HS PDSCH .
MAI as well as the interference from signalling channels
like SCH and CPICH significantly degrade the performance of
a HSDPA system, when a RAKE receiver is used. Recently [7],
we have investigated throughput enhancements by cancellation
of SCH and CPICH. In the case of an AWGN channel an
improvement of 1 dB was achieved whereas in the case of a
frequency selective channel, no significant improvement was
found. In this paper, we investigate the throughput performance of an HSDPA receiver employing a LMMSE equalizer
[8].
Similar investigations were carried out in [9], however
no uplink channel for signalling either positive or negative
acknowledgements (ACK/NACK) was implemented and hence

not the full functionality of the Hybrid Automatic Repeat
ReQuest (HARQ) was exploited.
The paper proceeds with a description of the HSDPA subsystem. In Sec. 3 and 4 respectively the simulator and the receiver
architecture are documented. In Sec. 5, results on throughput performance from the numerical experiments over the
frequency selective channels International Telecommunication
Union (ITU) Pedestrian-B and Vehicular-A [5] are presented.
The paper concludes with a discussion of the results.
II. HSDPA S YSTEM D ESCRIPTION
HSDPA introduces three physical channels into UMTS Release 5. The HS - PDSCH is the data channel which is shared by
all HSDPA users of a single cell in the time and code domain.
The HS - PDSCH consists of up to 15 subchannels corresponding
to 15 Walsh-Hadamard channelization codes with Spreading
Factor (SF) 16. The Transmission Time Interval (TTI) is 2 ms,
which is called a subframe. A fast scheduler which resides in
the Node-B is responsible for selecting packets to be transmitted in each subframe [6]. Up to four High Speed Shared
Control Channels (HS - SCCH) inform the selected users on
the used Modulation and Coding Scheme (MCS), the current
HARQ process, and the Redundancy and Constellation Version
(RV) of the retransmission. An uplink signalling channel,
the so-called High Speed Dedicated Physical Control Channel
(HS - DPCCH), is assigned to each HSDPA user. The HS - DPCCH
carries ACKs, respectively NACKs, as well as the Channel
Quality Indicator (CQI). The ACK/NACK and the CQI are
transmitted no later than 7.5 slots after the corresponding
subframe was transmitted.
Three closely coupled procedures govern the performance of
the HSDPA, namely: Adaptive Modulation and Coding (AMC),
fast HARQ, and fast packet scheduling [10].

A. Adaptive Modulation and Coding
Instead of compensating the varying downlink radio conditions on the HS - PDSCH by means of fast power control at a
fixed data rate, the data rate is adjusted depending on measured
channel quality in each subframe. The data rate adjustment is
achieved by puncturing and repetition (“rate matching”) of the
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rate 1/3 turbo-coded data stream and by selecting either QPSK
modulation or 16QAM [6].
B. Fast HARQ
In HSDPA, it is foreseen that the User Equipment (UE) stores
the data from previous transmissions to enable joint decoding
of retransmissions with incremental redundancy (IR). The IR
versions are generated by rate matching and constellation
rearrangement in case of 16QAM. The UE needs internal
memory to store the original data packet which is combined
with the retransmitted packet. This technique increases the
probability of successful decoding for retransmissions significantly. Retransmissions are requested until the data are
correctly decoded or a maximum number of attempts is
exceeded [6].
C. Fast Scheduling
A key component of HSDPA is the packet scheduler, which
is located in the Node-B. For each TTI the scheduling algorithm controls the allocation of channelization codes on the
HS - PDSCH to the users. The scheduling policy itself is not
standardized in UMTS. Various trade-offs between simplicity,
total throughput, and user fairness can be implemented [6].
III. S IMULATOR D ESCRIPTION
The HSDPA link-level baseband simulator is implemented in
the MATLAB language. The simulator consists of the NodeB transmit side, the downlink channel model, the HSDPA
receiver, and three ringbuffers (RB), as illustrated in Fig. 1.
The simulator is modular such that implementation of the
transmitter, the channel, and the receiver can easily be changed
by other implementations [6].
For each subframe the HSDPA transmitter generates the HS PDSCH s for the scheduled users, the SCH , the Primary Common Control Physical Channel (P - CCPCH) and the PrimaryCPICH ( P - CPICH) according to [2]. In our current implementation the Paging Indicator Channel (PICH), the Dedicated Physical Channel (DPCH) and the HS - SCCHs are not transmitted.

The power allocated to the active interfering channels is reassigned to the Orthogonal Channel Noise Simulator (OCNS)
transmission, as suggested in [4]. The OCNS is described in
further detail below. The HS - SCCHs are signalled error-free to
the receiver, see Fig. 1.
Data streams for the HS - PDSCHs are generated randomly.
The packet size is either defined by the signalled CQI and
the UE capability class or by the testcases given in [5].
The information bits for each user are encoded according
to [2]. The coding chain includes Cyclic Redundancy Check
(CRC) attachment, channel coding (Turbo Coding), HARQ
functionality, and interleaving.
All channels except for the SCH are modulated, spread
by orthogonal Walsh-Hadamard sequences and subsequently
scrambled by the cell-specific Gold sequence. All channels are
then weighted and added to a single chip stream si according
to [3]. The weighting factors are calculated from the relative
power ratios of the channels to the total transmit power spectral
density (Ec /Ior ). To achieve a total transmit power spectral
density of Ior = 1 (0 dB), further channels are generated
by the OCNS and are added to the chip stream [5]. Those
channels have a fixed spreading factor of SF = 128 and
are used to simulate the users or control signals on the other
orthogonal channels of a downlink.
For correct implementation of the filtering operation induced by the downlink channel model, at least two consecutive
subframes are generated at the HSDPA transmitter and buffered
in RB1 (see Fig. 1). This approach is required for modelling
the interference caused by the root raised cosine (RRC) filter at
the transmitter, the delay spread of the channel, and the chipmatched filter (MF) at the receiver. After matched filtering
the subframe is buffered in RB2 before it is read out by the
receiver. The receiver processes the subframe including the
spill-overs to adjacent subframes. In parallel, the code blocks
of each subframe can be stored in RB3 for calculating the
BER from the simulations if this is desired [6].
For throughput simulations only the information bits excluding CRC bits of acknowledged data blocks (CRC check
does not fail) are summed up.
IV. R ECEIVER A RCHITECTURE
In this contribution, we evaluate the achievable throughput
of the conventional RAKE receiver and an LMMSE equalizer. Equalization of the frequency selective radio channel
may partially restore the orthogonality of downlink spreading
sequences and mitigate MAI.
A. RAKE Receiver
The conventional RAKE receiver approximates a matchedfilter for the channel’s impulse response. Consequently, it first
delays the received signal, then descrambles and despreads it,
and finally performs combining with respect to the Maximum
Ratio Combining (MRC) criterion. The coefficients are found
through channel estimation, which is carried out using the
P - CPICH. Specifically, we use a symbol-level least squares
estimator computing the channel coefficients for each delay

separately. The channel delays are assumed to be known at
the receiver, since a path-searcher can be easily implemented
in practice.
While this is a very simple and scalable scheme, it is not
optimal in HSDPA since it does not take Multiple Access
Interference (MAI) into account. This interference is caused
by the multi-tap characteristics of the channel, which destroys
the orthogonality between the users’ spreading codes. Consequently, the CDMA codes can no longer be separated at the
receiver, leading to significant performance degradation.

Channel equalization is a broad topic and can be performed
with respect to various criteria. In the scope of this paper we
consider chip-rate LMMSE equalization, which is mathematically formulated as minimizing the cost-function

2 
,
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J(f ) = E f H ri − si−τ 
where f stands for the equalizer coefficients, si−τ is a delayed
version of the transmitted chip stream and ri is a column
vector of the last Lf received (chip-spaced) samples.
A solution to (1) can be found in [11]
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C. Demodulation and Decoding
Upon equalization the UE descrambles, despreads and demodulates its assigned HS - PDSCH channels using the channelization sequences and modulation indices signalled in the HS SCCH . The demodulator returns log-likelihood ratios (LLRs)
of the bits. The LLR of a bipolar bit b is defined as
p(b = +1)
p(b = −1)

,

Parameter
Modulation
Nominal Avg. Inf. Bit Rate [kbps]
Inter-TTI Distance
No. of HARQ Processes
Coding Rate
No. of Physical Channel Codes

Value
QPSK 16QAM
1601
2332
1
1
6
6
0.67
0.61
5
4

The LLR values are sent through an inverse rate matching
block, which sets punctured bits to 0 and combines (i. e. adds
up) repeated bits with bits previously stored in the IR buffer.
The result is stored again in the IR buffer and sent to the Turbo
decoder. The Turbo decoder uses the max-log-MAP algorithm
with 8 iterations [13], [14].
V. N UMERICAL E XPERIMENTS

stems from the convolution with the channel’s impulse response h[i], I stands for the identity matrix, and eτ is a unit
vector with a one at the τ -th position. This corresponds to the
delay induced by the filters and the channel. The matrix H
has to be found through channel estimation, which is again
performed with a symbol-level least squares estimator.
The LMMSE equalizer corrects for the distortion brought
about by the channel and (partly) restores orthogonality. However, this is at the cost of making the receiver more complex
since (2) shows that a Lf × Lf matrix inverse has to be
computed.
Efficient implementations for the matrix inverse [12] are
therefore desirable. Additionally, it is also possible to employ
adaptive equalization, while almost retaining the performance
of the LMMSE method [8].
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Channel
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(4)

where p(·) denotes probability and ln(·) stands for the natural
logarithm.

Throughput simulations for the just described HSDPA receiver with “UE Capability 6” [15] are carried out for QPSK
and 16QAM. At the transmitter, the fixed reference channel
H-Set 3, as defined in [5] is generated (see Table I).
The relative power ratios of the simulated physical channels
to the total transmit power spectral density (Ec /Ior ) are given
in Table II and are set in compliance to the HSDPA test cases
[5]. The Ec /Ior of the HS - PDSCH is varied.
No pathloss is assumed (Iˆor = Ior ) and the interference
from other cells as well as the noise is modelled as AWGN
TABLE II
C OMMON SIMULATION PARAMETERS .
Parameter
UE Capability class
Max. No. of retransmissions
Combining
RV coding sequence
Ec /Ior
Ec /Ior
Ec /Ior
OCNS
Iˆor /Ioc
Delay estimation
Channel coefficient estimation
Turbo decoding
Oversampling factor
P - CPICH
SCH
P - CCPCH

Value
6
3
soft
{0, 2, 5, 6} for QPSK
{6, 2, 1, 5} for 16QAM
−10 dB
−12 dB
−12 dB
on
10 dB
perfect
least squares
max-log-MAP - 8 iterations
1

6

2
1.8

2
H-Set 3, QPSK, RAKE
H-Set 3, QPSK, LMMSE

1.6

1.6

1.4

1.4

1.2
1
0.8

1
0.8
0.6

0.4

0.4

0.2

0.2
-12

-10
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with variance σ 2 = Ioc . We have used Iˆor /Ioc = 10 dB for
QPSK and for 16QAM simulations.
Throughput simulations are carried out for two different
frequency selective Rayleigh fading channels, namely ITU
Pedestrian-B (PB3) and ITU Vehicular-A (VA30) [5]. These
channel models define different power delay profiles with 6
paths at different delays. The mobile speed is 3 km/h for the
PB3 channel and 30 km/h for the VA30. The L Rayleigh
fading channel coefficients hl are normalized to unit gain

 L

2
= 1.
(5)
E
|hl |

L
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Fig. 3. QPSK throughput results for ITU PB3 channel for Iˆor /Ioc = 10 dB.

ri =

-10

1.2
1
0.8
0.6
0.4
0.2

(6)

l=1

where r is the received signal, s is the transmitted baseband
signal and n is the i.i.d. zero-mean Gaussian noise with variance σ 2 , and τl denote the delays in samples. For throughput
simulations with RAKE receiver, the number of RAKE fingers
is set to the number of propagation paths to collect the entire
received energy. The results for QPSK are shown in Fig. 3
and Fig. 4 for PB3 and VA30. For 16QAM simulations Fig.
5 and Fig. 6 depict the throughput results for PB3 and VA30.
VI. D ISCUSSION OF R ESULTS
The RAKE receiver front-end of a future HSDPA receiver
suffers from a significant error floor due to interference from
other channels which results in a degradation of the throughput. The LMMSE equalizer on the other hand corrects for the
distortion brought about by the channel and (partly) restores
orthogonality.
All simulation results show that the LMMSE equalizer has
superior performance to the RAKE receiver. For the PB3
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16QAM throughput results for ITU PB3 channel for Iˆor /Ioc =

channel model and the QPSK reference channel (Fig. 3) the
simulation results show a 1.8 dB performance gain of the
LMMSE equalizer compared to the RAKE receiver. This
results in a throughput enhancement of approx. 30% at an
Ec /Ior of −3 dB. Furthermore at an Ec /Ior of −1 dB nearly
the maximum possible throughput is achieved. In the case of
16QAM the performance gain is approx. 2 dB, Fig. 5. For the
VA30 channel model, there is still a gain of approx. 1.6 dB
for both QPSK and 16QAM (see Fig. 4 and 6).
The minimum throughput requirements defined in [5] are
just fulfilled with the RAKE easily outperformed with the
LMMSE equalizer. This becomes important when implement-
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ing a HSDPA receiver in hardware because the expected
implementation performance losses.
It is also worth noting that the throughput does not increase
with the usage of 16QAM instead of QPSK for the simulated
propagation channels. This confirms the fact that 16QAM was
not intended for usage in channels with large delay spread.
VII. C ONCLUSION
We have developed an HSDPA simulation environment for
investigating potential mobile station receiver architectures.
The downlink physical layer for the user data on the HS PDSCH is modelled in detail, whereas the associated signalling
is free of errors. The interference from signalling and data
channels on the HS - PDSCH is modelled adequately.
Simulation results indicate that the Linear Minimum Mean
Square Error (LMMSE) equalizer shows superior throughput
than a conventional RAKE receiver. The gain in Ec /Ior is
approx. 1.6 dB for QPSK and 2 dB for 16QAM.
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