
 

HSDPA System Simulation 
 

Khan Sohaib, Nguyen Kim Cuong and Jörgen Nordberg 
 

School of Engineering, Department of Applied Signal Processing  
Blekinge Institute of Technology, SE-37225 Ronneby, Sweden  

mskh04@student.bth.se , cung04@student.bth.se and jorgen.nordberg@bth.se
 
 

Abstract—This paper provides a background of the High Speed 
Downlink Packet Access (HSDPA) concept; a new feature which 
has been introduced in Release 5 specifications of the 3GPP 
WCDMA/UTRA-FDD standards. In order to emphasize the 
theoretical analysis, a simulation of a proposed HSDPA system 
model is also performed  
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I.  INTRODUCTION  
Of all the tremendous advances in data communications 

and telecommunications, perhaps the most revolutionary is the 
development of cellular networks. Since the introduction of its 
First Generation in 1980’s, mobile communication technology 
has developed a long way over three decades. In each 
generation, transmission rate and services, among other things, 
are improved. Nowadays, data services are anticipated to have 
an enormous rate of growth over the coming years (the so-
called data tornado) and will likely become the dominating 
source of traffic load in next generation mobile cellular 
networks.  

The key idea of the High Speed Downlink Packet Access 
(HSDPA) concept is, to increase packet data throughput with 
already known methods from Global System for Mobile 
Communications (GSM)/Enhanced Data rates for Global 
Evolution (EDGE) standards, including link adaptation and fast 
physical layer (L1) retransmission combining. The physical 
layer retransmission handling has large delays of the existing 
Radio Network Controller (RNC)-based Automatic Repeat 
reQuest (ARQ) architecture, would result in unrealistic 
amounts of memory on the terminal side. Thus, architectural 
changes are needed to arrive at feasible memory requirements, 
as well as to bring the control for link adaptation closer to the 
air interface. The transport channel carrying the user data with 
HSDPA operation is denoted as the High-speed Downlink 
Shared Channel (HS-DSCH).  

In Section II of the paper we are going to explain some 
basic concepts and then presented our proposed system model 
in Section III. Results and discussions are given in Section IV. 
This section also presents the conclusion.  

 

II. BASIC FEATURES OF HSDPA 
    HSDPA provides impressive enhancements over 

WCDMA R’99 for the downlink. It offers peak data rates of 
up to 14Mbps, resulting in a better end-user experience for 
downlink data applications, with shorter connection and 
response times. More importantly, HSDPA offers three to five 
fold sector throughput increase, which translates into 
significantly more data users on a single frequency (or carrier). 
The substantial increase in data rate and throughput is 
achieved by implementing a fast and complex channel control 
mechanism based upon short physical layer frames, Adaptive 
Modulation and Coding (AMC), fast Hybrid-ARQ and fast 
scheduling. Some of the important features of HSDPA are 
described below. 

A. Adaptive Modulation and Coding (AMC) 
It might be regarded as the most important feature of 

HSDPA. As discussed in [1], the principle of AMC is to 
change the modulation and coding format (transport format) in 
accordance with instantaneous variations in the channel 
conditions, subject to system restrictions. AMC extends the 
system’s ability to adapt to good channel conditions. Channel 
conditions should be estimated by feedback from the receiver. 
For a system with AMC, user closer to the cell site are 
typically assigned higher order modulation with higher code 
rate (e.g. 64 QAM with r = ¾ Turbo Codes). On the other 
hand, user close to cell boundary, are assigned lower order 
modulation with lower code rates (e.g. QPSK with r = ½ 
Turbo Codes).  

 

Table-1 shows different Modulation and Coding 
combinations proposed in [4], and the respective data rates 
which could be achieved at user level when one code out of 15 
is allocated to it.  
 

In Table-1 single code of SF=16 is assigned to single user, 
but if one user is provided with all 15 possible codes then he 
can achieve 10.8 Mbps (720 kbps x 15) while using highest 
TFRC (Transport Format & Resource Combination). Also to 
notice that higher TFRC’s are proposed in different papers 
which would provide more data rates mentioned in Table-1.  

 

There are no standard methods for Modulation and Coding 
Scheme (MCS) selection used in HSDPA, as it is in 
experimental phase. The Markov Model [3] and Threshold 
Method [2] have been tested and widely acclaimed. 
 



 

TFRC’s Modulation Code 
rate 

# of info 
bits per 

code 

Info bit 
rate per 

code 
1 QPSK 1/4 240 120 kbps 
2 QPSK 1/2 480 240 kbps 
3 QPSK 3/4 720 360 kbps 
4 16-QAM 1/2 960 480 kbps 
5 16-QAM 3/4 1440 720 kbps 
     

1 TTI = 3 slots = 2ms = 7680 chips = 480 symbols @ SF = 16 
480 symbols = 960 bits @ QPSK 

480 symbols = 1920 bits @ 16-QAM 
 
Table 1: Different Modulation and Coding Schemes and their 
Information carrying capacity 
 

B. Hybrid Automatic Retransmit Request (HARQ) 
 

H-ARQ is described in [7] and could be of the following 
three techniques: (i) Chase combining (ii) Incremental 
redundancy (iii) 16QAM constellation rearrangement. 

 

C. Packet Scheduling 

In HSDPA, scheduling of the transmission of data packets 
over the air interface is performed in the base station based on 
information about the channel quality, terminal capability, QoS 
class and power/code availability. Scheduling is fast because it 
is performed as close to the air interface as possible and 
because a short frame length is used. Recall that in HSDPA 
packet scheduling is performed in Node B instead of Radio 
Network Controller (RNC) and the Transmission Time Interval 
(TTI) is 2ms instead of 10ms as that in WCDMA. 

 

D. Turbo Codes 

Turbo Codes are regarded as essential part of HSDPA. 
Before that, the use of Convolutional or Turbo Codes was 
optional in 3G systems. Turbo code decoder can be 
implemented using one of two algorithms, the Soft Output 
Viterbi Algorithm (SOVA) or the Maximum A Posteriori 
(MAP) algorithm [6]. Both of these algorithms are related to 
the Viterbi algorithm, which is commonly used to decode 
conventional convolutional codes.  

Some features of HSDPA are summarized in Table 2 [7]. 

III. PROPOSED SYSTEM MODEL 
Figure 1 represents the simulation model used in our 

simulation program. On the transmitter side, the generated user 
data is spread with spreading factor of 16. This sequence of 
chipped data is then encoded by a turbo codes Encoder 
operating with either FEC=1/2 or FEC=1/3. Before propagating 
through a Gaussian-noise channel, the encoded signal is 
modulated with either QPSK or 16QAM, the two modulation 
schemes supported by HSDPA. The channel is simple Additive 
Wide Gaussian Noise (AWGN), but not fading channel. 

 

Release 99 (Release 4) HS-DSCH 
• TTI=10, 20, 40, 80 ms 
• Variable SF=1 – 256 
• More transport block per 

TTI 
• Convolutional code or 

turbo codes 
• QPSK only 

 
 

• Configurable CRC 
• Scheduling in RNC 
• Retransmission in AM 

RLC 
• Power control 
• Soft hand off 

• TTI=2ms 
• Fixed SF=16 
• One transport block 

per TTI 
• Turbo codes only 
 
• QPSK and 16QAM 

according to UE 
capability 

• CRC of 24 bits 
• Scheduling in Node B 
• Physical layer 

retransmissions 
• Adaptive modulation 

and coding 
• Hard hand off 

 

Table.2: Comparisons between Rel-99/4 and HSDPA 
 

    On receiver side, the received signal is firstly 
demodulated by a Detector before passing though a turbo code 
Channel Decoder to get spreaded data. To reproduce the user 
data, the spreaded data is despreaded by a Despreader. In 
practice, the system is unable to reproduce exactly the 
transmitted data due to the noise introduced in the transmission 
channel. There may be some bits received erroneously. The 
levels of bit errors and frame errors, are reflected by the Bit 
Error Rate and Frame Error Rate measured at the receiver.  

The program is written in Matlab 7.0. It allows user to 
define the values of TFRC (either 2 or 4 for QPSK and 
16QAM respectively), and the number of iterations that the 
program will run. Other parameters such as generator matrix, 
turbo code decoding algorithms and FEC are also user-defined.  

The scope of this paper and simulation is limited to the 
most fundamental components only. The components excluded 
and some future work is discussed in next section. 

IV. RESULTS AND DISCUSSIONS  
To achieve the optimized results the program is simulated 

with different parameters such as step-size and number of 
iterations. 

 HSDPA is a new technology and its standards has not been 
frozen, so such simulations that were performed in exactly the 
same condition were not found. We have tried to get the results 
as near to as proposed in [8]. 

We have tested our program particularly with 5 iterations, 
but results do not come close to best performance. So the 
results were evaluated for ten iterations. 

A. Results with Ten Iterations 

With ten iteration, we run our program with the TFRC=2 
(QPSK & FEC1/2) and TFRC=4 (16QAM & FEC1/2). In each 
case, we analyzed the BER in relation to signal power 



 

representing by Eb/No ratio. The program run with 500 frames, 
the encoder input word length is k=100 bits, Eb/No increases 
with step of 0.02dB from 0dB to 1.3dB.  

Figure 2, depicts the relation between the BER and Eb/No in 
case of TFRC=2. With extremely small value of Eb/No, the 
BER is about 10-3. When Eb/No increases up to 0.75dB BER 
slightly decreases. However, if Eb/No is further improved, BER 
drops very quickly. In the 10th iteration, the BER is extremely 
low when Eb/No >=1.2dB.  

Similar to the case of TFRC=2, we can see in Figure 3 
which represents the relation between BER and Eb/No with 
TFRC=4, that the BER is improved after each iteration. In the 
first few iterations, the BER declines very slowly but with high 
iterations, BERs considerably fall down. At the 9th and 10th 
iterations, BERs go to extremely small values at around the 
point of Eb/No =1.25dB.  

From the general view of Figure 2 and Figure 3, it can be 
seen that at the high power (Eb/No greater than 1dB), the BER 
curves are not smooth especially with high iterations. This can 
be explained that turbo codes are mainly designed for low and 
moderate signal power which usually happens in mobile 
communications. 

 

B. Conclusion 

In subsection A of IV, we have described simulation results 
in case of TFRC=2 for QPSK and TFRC=4 for 16QAM. In 
general, 16QAM provides higher bit rate than that of QPSK. 
However, with the same signal energy, QPSK has better (less) 
bit error rates than those of 16QAM as can be seen in Figure 2 
and Figure 3. This conclusion also matches with the signal 
theory in [9]. With 16QAM, the signal decision regions are 
narrower than those in QPSK hence 16QAM is more prone to 
error when the signal vectors are decoded.  

For more precise conclusion of our simulation, we have 
compared our results with some published simulation. Due to 
the fact that HSDPA is a new technology and its standards have 
not been frozen, we are unable to find such simulations that 
were performed in exactly the same condition. We therefore 
compare with a similar simulation in Chapter 12 of [8]. In [8] 
Matthew C. Valenti and Jian Sun simulated UMTS system 
using BPSK with ten iterations as plotted in Figure 4. 

 

C. Limitation and Future Work 

The simulation presented in this paper has following 
limitations:  

• The program supports both SOVA and MAP turbo codes 
decoding algorithms but our simulation was tested with 
MAP only, which in theory, provides better performance.  

• In practice, the TFRC is chosen according to the link 
quality feedback from downlink direction. However, in 
our simulated environment, TFRC value is predefined by 
user.  

• Due to the complexity of HARQ, AMC and Packet 
Scheduling, these functions are not included in our 
program.  

To overcome the aforementioned limitations, further work 
is required. A simulation can be run with SOVA decoding 
algorithm to confirm the conclusion in some papers that MAP 
is better than SOVA. One can also write AMC and Packet 
Scheduling modules and then integrate to our program to 
provide a full system model of HSDPA. With the presence of 
AMC and Packet Scheduling, the system performance will of 
course be improved. More combinations of TFRC as in Table 1 
will need to be simulated rather than just two values of TFRC 
as in our program. 
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Figure 1: HSDPA Proposed System Model 
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Iteration 1

Iteration 2
Figure 2: Bit-error performance of the HSDPA turbo 
code as the number of decoder iterations varies from 
one to ten, TFRC=2 (QPSK & FEC1/2) 

Iteration 10

Iteration 1

Iteration 2

Figure 3: Bit-error performance of the HSDPA turbo 
code as the number of decoder iterations varies from 
one to ten, TFRC=4 (16QAM & FEC1/2) 

 

Iteration 10

Figure 4: Bit-error performance of the UMTS turbo 
code as the number of decoder iterations varies 
from one to ten, Modulation is BPSK 
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