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for High Speed Downlink Packet Access
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Student: Chia-Yuan Chang Advisor: Chung-Ju Chang

Department of Communication Engineering

National Chiao Tung University
Abstract

WCDMA Release 5 has been standardized for universal mobile telecommunications sys-
tem (UMTS) in the 3rd generation partnership project (3GPP), where high speed downlink
packet access (HSDPA) is proposedsto provide-efficient; robust, and high-speed packet data
services for UMTS. In HSDPA, thé adaptive modulation and coding (AMC) technique and
extensive multi-code operation are adopted for-the link adaptation. Also, an advanced re-
transmission strategy based on hybrid automatic repeat request (H-ARQ) is proposed to
upgrade the robustness against link adaptation errors. In this thesis, a Q-learning-based
hybrid automatic repeat request (Q-HARQ) scheme for HSDPA in UMTS system is pro-
posed to achieve efficient resource utilization. The Hybrid ARQ procedure is modeled as
a discrete-time Markov decision process, where the transmission cost is defined in terms of
the QoS parameters of transport block error rate for enhancing spectrum utilization subject
to QoS constraint. The Q-learning reinforcement algorithm is employed to accurately esti-
mate the transmission cost to perform the most suitable decision of modulation and coding
scheme for the packet initial transmission while the requirement of transport block error rate

is guaranteed.
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Simulation results show that the QoS requirement of BLER for Q-HARQ is indeed ful-
filled. In addition, the performance of the Q-HARQ can be improved under the specific QoS
constraint of BLER. It is verified finally that the Q-HARQ scheme is feasible in the practical

system.
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Chapter 1

Introduction

WCDMA Release 5 [1] has been standardized for universal mobile telecommunications
system (UMTS) in the 3rd generation partnership project (3GPP), where high speed down-
link packet access (HSDPA) is proposed to provide efficient, robust, and high-speed packet
data services for UMTS. For HSDPA .a”high spéed downlink shared channel (HS-DSCH)
is used among users with a fixed spreading-factor. Differing from Release 99, fast power
control and variable spreading factor are disabled, while adaptive modulation and coding
(AMC) and extensive multi-code operation‘are-adopted for the link adaptation in HS-DSCH
[2]. Also, an advanced retransmission strategy based on hybrid automatic repeat request
(H-ARQ) is proposed to upgrade the robustness against link adaptation errors. The retrans-
mission blocks are controlled directly by the Node B, instead of the radio network controller

(RNC), to accelerate the retransmission and reduce the transmission delay.

The largest difference between traditional ARQ and H-ARQ is that H-ARQ combines an
extra forward error correction (FEC) mechanism with the original ARQ function to achieve
more efficient channel usage and higher system throughput. There are two main kinds of
schemes for implementing H-ARQ: chase combining (CC) and incremental redundancy (IR).
In the chase combining scheme, the Node B will decide to retransmit the same packet ac-

cording to feedback request of negative acknowledge (NACK) when a received packet cannot

1



be decoded successfully. The decoder combines these multiple copies of packets weighted
by the received signal-to-noise ratio (SNR). In the IR scheme, the Node B executes each
retransmission with different redundancy versions in accordance with the feedback channel
quality indicator (CQI) when errors happen. The IR scheme needs more buffers at receiver

and is more complicated than the chase combining scheme.

There is another classification for H-ARQ protocol, called type-I, type-II, and type-III
H-ARQ. The conventional ARQ used in 3GPP Release 99 standard belongs to type-I H-
ARQ), where the fixed coded packet is resent until the packet is decoded successfully and the
previously received packet will be discarded at user equipment (UE). The type-II H-ARQ
e.g. M-stage H-ARQ [3], is equivalent to the IR scheme. The type-III H-ARQ makes each
retransmission packet self-decodable. The decoder at receiver combines these retransmitted
packets weighted by the received channel quality while decoding the packet. Chase com-
bining can be regarded as a kind of type:Ill:H-ARQ with only one redundancy version. In
another perspective, we also call théstype-TIT H-AR@ partial IR scheme and the type-II H-
ARQ full IR scheme.

In order to provide more flexible coding scheme for accommodating different channel con-
ditions, concepts of rate-compatible punctured codes were researched by Hagenauer [4], and
Mantha and Kschischang [5]. The rate-compatible punctured codes developed on various
fundamental coding structures, such as the rate-compatible punctured convolution (RCPC)
code and the rate-compatible punctured turbo (RCPT) code, are employed together with
IR scheme, for example, the M-stage H-ARQ [3]. For a rate-compatible punctured code,
the parity bits of a low-rate "mother” code, or say the parent code, are punctured to gen-

erate a family of higher rate codes which can be decoded by the same decoder. At the first



transmission, a high-rate error-detecting codeword called cyclic redundancy check (CRC)
attachment packet is transmitted. If the higher rate code cannot be decoded successfully,
the predetermined codeword with lower code rate from the acceptable set of punctured code-
words is transmitted. By sharing a puncturing table with the transmitter, the receiver can
simply insert erasures for all code symbols that have not yet been transmitted. Therefore,

various code rates for a packet transmission can be decoded through the same one decoder.

As for the AMC in HSDPA, its idea is to adapt the transmission to the fast varying chan-
nel quality. An adaptive scheduling algorithm was proposed in [6] for the AMC technique
in HSDPA with multi-code transmission. From the viewpoint of link adaptation (LA), the
joint consideration of the number of multi-codes and the AMC scheme can reach the high
throughput under a requirement of the maximum?tolerable frame error rate. A protocol
which combines advantages of LA anid IR-was proposed-in [7]. Unlike the fixed starting code
rate in the conventional IR, two LA.IR protocols whiclr adaptively choose the initial trans-
mission code rate in accordance with the carrent channel condition to minimize the number of
retransmission and maintain a desirable throughput. These LA_IR schemes usually achieve
a higher effective throughput than the protocol [8] that only considered the LA. On the
other hand, in order to achieve more efficient channel utilization, the method of that both

the initial code rate and the mother code rate can be adaptively selected was proposed in [9].

Moreover, an adaptive incremental redundancy (AIR) algorithm was proposed in [10],
where an information-theoretic model was developed to explain and predict the coding gains
of the H-ARQ scheme. A bit-interleaved coded modulation (BICM) capacity, which is the
function of the SNR and the modulation order, is adopted to calculate the accumulated

conditional mutual information (ACMI) for a packet transmission. On the other hand, the



target data rate (bits per symbol) of the initial transmission is used for the basis of the out-
age event. While the SNR is known, the number of transmission symbols can just be chosen
such that the accumulated information for this packet transmission will reach the target
data rate. Through assigning adaptive code rate and modulation order for the retransmis-
sion packet, the channel resource can be efficiently utilized. However, it is a pity that it
needs a modulation and coding schemes (MCS) table for the initial transmission in advance
and it causes the system more complicated on the account of the BICM based on the in-

formation theory. Also, it is impractical because only single cell environment was considered.

Besides, a reliability-based H-ARQ was presented [11]. Taking the advantage of prop-
erty of soft-input, soft-output (SISO) decoder, there were some methods further proposed
[12, 13, 14, 15]. These methods deterniined the size.of sequential retransmissions based on
the reliability, which is defined as the magnitude of.the log-likelihood ratios, of the received
information bits. It was shown in [12] that the average value of the soft output is a good indi-
cator of how many bits within the transmitted packet. are in error. Employing the estimated
mean of the soft output values, the variable retransmission size can be determined appro-
priately to target the bits of low reliability. The proposed reliability-based HARQ scheme
[13] maximized the throughput subject to a maximum packet delay constraint. Utilizing
the redefined reliability for a received packet, the successive retransmission size is adaptively
chosen to achieve the target reliability given the average signal-to-noise ratio at the input to
the decoder. In [14], the scheme not only minimized the retransmission size through aiming
at those error bits but also tried to reduce the retransmission request packet according to
the time correlation property in the output of the decoder for a convolution code. In or-
der to avoid the large number of request packets, there are two operations, elimination and

smoothing, performed to mark the window with errors in it. Instead of sending the total



indices of unreliable bits in [12], only the first and last bit indices of each window need to be
retransmitted. Another reliability-based H-ARQ in [15] used the source coding to achieve the
small request size. In [16], the retransmission signal constellations were rearranged so that
the reliability of each bit inputting to the turbo decoder would be averaged and improved

to achieve an outstanding performance gain.

Except for the skills mentioned above, maximizing spectrum utilization while meeting
QoS constraints suggests a constrained Markov decision process (MDP) [17]. This method-
ology has been successfully applied to solve many network control problems. However, they
require an extremely large amount of state spaces to exactly model these problems. Conse-
quently, the numerical computation is intractable due to the curse of dimensionality. Also, a
priori knowledge of state transition probabilities isrequired. Alternatively, many researchers
turned to adopt the reinforcement learning=(RI) ‘algorithm to solve the large state space
problems [17, 18, 19, 20]. The mest obyious advantage of RL algorithm is that it could

approach an optimal solution from the on-line operation if the RL algorithm is converged.

In this thesis, we propose a Q-learning-based hybrid automatic repeat request (Q-HARQ)
scheme for HSDPA in UMTS system to achieve efficient resource utilization. By improv-
ing the initial packet transmission under a QoS requirement of transport block error rate
(BLER), Q-HARQ decreases the number of transmission time due to the good link adapta-
tion for the initial transmission. Moreover, because the IR technique is combined together,
the enhancement of the average system throughput will be expected. On the other hand, the
Q-HARQ can efficiently combat the channel estimation errors through the converge property
of Q-learning algorithm. The good performance would be maintained even the estimation

error exists. Since WCDMA is an interference-limited system, interference profile is chosen



as the system state. The transport format for the initial packet transmission is the main
action in the formulated H-ARQ process. An evaluation function is defined to appraise the
cumulative discounted cost of the consecutive decisions for the Q-HARQ. Without knowing
the state transition behavior, the evaluation function is calculated by a real-time RL tech-
nique known as Q-learning [21], [22]. After a decision is made, the consequent cost is used
as an error signal feedback to the Q-HARQ control to adjust the state-action pairs. Thus,
the learning procedure is performed in a closed-loop iteration manner which will help the

value of evaluation function converge to the optimal solution point.

The remainder of this thesis is organized as follows. In Chapter 2, HSDPA system
operation is outlined, and the system model, including the propagation model, is presented.
The principal concept for the design of the proposed Q-HARQ is described in Chapter 3.
Also, there are some significant implementation issues. discussed in this Chapter. Finally,
simulation results and discussion are presented in Chapter 4, followed by concluding remarks

and future work in Chapter 5.



Chapter 2

System Model

2.1 HSDPA System Operation

Both the physical layer and the medium access control (MAC) specifications for UMTS
HSDPA are defined by 3GPP. Fig. 2.1ishows the different protocol layers in HS-DSCH for
HSDPA. For the HS-DSCH, an additional intelligence. over the HSDPA MAC layer is in-
stalled in Node B. This key functionality of the new Node B MAC functionality (MAC-hs)
is to handle the ARQ functionality ‘and several scheduling procedures. The retransmission
procedure can be controlled directly by Node B'instead of serving RNC. Fig. 2.2 shows the

difference of the retransmission control in the network between Release 99 and Release 5.

UE Node B SRNC
NAS
| RLC
RLC MAC-d L
‘ MAC-hs .
MAC Frame protocol Frame protocol
- WCDMA L1
WCDMA L1 Transport Transport
ﬂ/ Tub/Tur

Un

Figure 2.1: HSDPA protocol architecture



Rel'99 DCH/DSCH Rel's HS-DSCH

(] N

r 3

Packet | Retransmission
Node B | \ Packet \

! RLC ACK/NACK | L1 ACK/NACK
v Y

e =D

Figure 2.2: Release '99 and Release 5 HSDPA fétransmission control in the network

The leading benefit is the faster retransmissioﬁand ‘thus the shorter delay when retrans-
missions are needed. For the Iub iﬁterfaée between Node B and RNC in HSDPA, however,
a flow control mechanism is required to control.-Node B buffers such that no data loss due
to Node B buffer overflow. Even though the new MAC-hs is added at Node B, the serving

RNC still reserve the inherent functionalities in Release 99 and Release 4.

In order to carry the feature for HSDPA, there are three new channel introduced in the

physical layer specifications, as follows:

e High-Speed Downlink Shared Channel (HS-DSCH)
The HS-DSCH carries the user data in the downlink direction and code multiplexing
is adopted such that it can be shared among scheduled users in a transmission time
interval (TTI). In HSDPA, the TTI is defined to be 2ms, as well as three time slots, to

achieve a short round trip delay for transmission. A higher order modulation scheme,
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16-QAM, is added for improving the instantaneous peak data rate. The fixed spreading
factor, 16, is used in HS-DSCH. Based on the spreading factor 16, the total number of
channelization codes is 16. However, it is necessary to reserve an available code space
for common channels, HS-SCCHs and the associated DCH, the maximum number of
codes that can be allocated is 15. Also, the assigned number of multicode for users
depends on the terminal capacity individually. A maximum of 5, 10 or 15 codes may

be received for a specific terminal.

High-Speed Shared Control Channel (HS-SCCH)

The high-speed shared control channel carries the important control information for
HS-DSCH demodulation. The timing relationship between HS-DSCH and HS-SCCH is
illustrated in Fig. 2.3. For a three slot HS-SCCH transmission block, it is divided into
two parts which provide different signalling information, individually. The first slot, the
first part, carries the time-critical message‘that is-prepared to start the demodulation
process in anticipative time to avoid-packet-buffering. For example, the modulation
and coding information for the ‘HS-DSCH.data are included in the first part. The
second part, the proceeding next two slots, involves less time-critical factor including
the H-ARQ process information and the CRC check of the HS-SCCH. On the other
hand, the additional terminal-specific masking is adopted for allowing the terminal to

check whether the data and the control information is intended for it.

Uplink High-Speed Dedicated Physical Control Channel (HS-DPCCH)

For the uplink HS-DPCCH, it is utilized to carry both the ACK/NACK information
for the retransmission procedure in physical layer and the quality feedback information
used in Node B scheduler to determine which terminal to transmit and at which data
rate. It is also separated into two partition, the ACK/NACK information and the

feedback channel quality indicator (CQI) information. The UE measures the downlink



HS-SCCH

Part 1 | Part 2

H-ARQ process i ! HS-DSCH

| 1 slot i

Figure 2.3: HS-SCCH and HS-DSCH timing relationship

channel quality and selects a proper CQI value corresponding to the combination of
modulation, transport block size and number of parallel codes for HS-PDSCH. Also,
the CQI value should be the one that the UE can expect a 0.1 block error probability
under the measured channel quality. It is just a recommendation for the Node B

scheduling.
At last, the detail HSDPA physical-layer operation is encapsulated as the following steps:

e The scheduler in the Node B evaluates for different users what the channel conditions
are, how much data is pending in.the-buffer for each user, for which users retrans-
missions are pending and how much time has elapsed since a particular user was last

served and so forth.

e Once a terminal has been determined to be served in a particular TTI, the Node
B identifies the necessary HS-DSCH parameters for example, how much codes are
available or which kind of modulation order can be used and what are the terminal

capability limitations.

e The Node B starts to transmit the HS-SCCH two slots ahead the corresponding HS-
DSCH TTT to inform the terminal of the important messages. The HS-SCCH selection

is free if there was no data for the terminal in the previous HS-DSCH frame.

10



e The terminal monitors the HS-SCCHs given by the network. While the terminal has
decoded part 1 from an HS-SCCH intended for itself. This terminal will begin to decode

the rest of the HS-SCCH and will buffer the necessary codes from the HS-DSCH.

e Until the HS-SCCH parameters has been decoded from part 2, the terminal can deter-
mine which H-ARQ process the data belongs to and whether it needs to be combined

with data received previously in the soft buffer.

e Upon decoding the combined data, an ACK/NACK indicator will be sent in the uplink
HS-DPCCH, depending on the outcome of the CRC check conducted on the HS-DSCH

data.

e If the network continues to transmit data for the same terminal in consecutive TTIs,

the terminal will stay on the same HS-SCCH tised during the previous TTI.

2.2 The Q-HARQ for Packet Transmission in HS-DSCH

The Q-HARQ scheme in the HS-DSCH is shown in Fig. 2.4. The Q-HARQ scheme
determines an optimal action which includes the effective code rate and the modulation order
for the initial packet transmission according to a corresponding system state information.
Also, the method of how to fragment arriving date packets is decided from Q-HARQ while
the best suitable action is assigned. Before the encoded data packet is passed for interleaving,
the two-stage rate matching is to match the physical layer transmission rate based on the
determined action and to buffer the retransmission data packet for IR request. On the other
hands, the CRC attachment and the interleaving technique are used for the error detecting

and against the batch error. The turbo coding with a minimum 1/3 code rate is employed

in the HS-DSCH.

11
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Figure 2.4: The Q-HARQ for packet transmission in HS-DSCH
2.3 Propagation Model

A terrestrial mobile radio channel for urban areas is considered in this thesis. For the
terrestrial environments, the propagatiot-éffeets-are divided into three distinct types. These
are path loss, slow variation about the‘mean due t0 shadowing and scattering, and the rapid
variation in the signal due to multi-path effects. The model of channel fading for WCDMA
cellular system is mainly determined by both the long-term fading and the short-term fading,
which is presented by

F(t) = £(r) x 1010 x ((t), (2.1)

where £(1) x 10710 is the long-term fading including path loss and shadowing, r is the distance
from the base station to the mobile station, and 7 is the normal-distributed random variable
with zero mean and variance 7. The short-term fading, ((¢), caused by the multi-path
transmission, is assumed to be the Jakes model [23], which is given by

C(t) =20 Z f: cos(2m fptcos(2mm/ L) 4 6,,)e?Pm (2.2)

m=1
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where o is the radical of the average power signal, L = 4M + 2 is the number of signal path,

Bm =mm/(M + 1), and
Om = B +2mms/(M +1) ,s=0,1,2,...M — 1. (2.3)

Since the generated ((t) is mutually independent, this technique can produce up to M inde-
pendent short-term fading. Therefore, we choose M equal to the number of total links in all
cells of the system. Because it is reasonable to assume that the scattering geometry is time
invariant within some small local area, we are able to assume further that parameters of the

Jakes model are fixed in simulations.

On the other hand, the shadowing effect for a moving user will change with the user’s
location. For a practical system, howeyer, the degradation degree of shadowing between two
sampling time is small because of the limit of the mobility. In other words, the shadowing
variation is correlated with the distance of two adjacent sampling point. In this paper,
the normalized autocorrelation function” p(Ax) [24].4s"adopted for modeling the correlated
shadow fading versus distance between two'adjacent TTI. It can be described with sufficient

accuracy by an exponential function as

[Az]

p(Ax) = ¢ o2, (2.4)

where d,,, is the decorrelation length.

Similarly, since the shadowing object is continuous in the real environment, the received
signals from the same direction exist a high degree of correlation. At a specific time slot, the
shadowing among the signals received from different base stations has a correlation, called
cross-correlation on shadow fading. In order to describe the cross-correlation in the multi-

cell system, the method [25] proposed by Viterbi is adopted in this thesis. The experienced

13



shadow effect for a user from different base stations links is divided into two components.
One is the near field of the user that is common to all base stations, and the other that

pertains solely to the receiving base station is independent from one base station to another.
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Chapter 3
Design of Q-HARQ

3.1 Markov Decision Process

In the H-ARQ procedure, an objéctive what swe want to reach is to find a suitable
decision for an initial transmission .0f paekets. - According to the acquired information from
the system environment, a proper policy gan-be obtained and, a expected QoS is guaranteed,
simultaneously. Considering a learning system that interacts with its environment in the
manner is illustrated in Fig. 3.1. The system"operates in accordance with a finite, discrete-

time Markov decision process that is characterized as follows:

e The environment evolves probabilistically occupying a finite set of discrete states. The
state, however, does not contain past statistics, even though these statistics could be
useful to the learning system. It means that the future of the process is completely

summarized in the current state of the process, the Markov property.

e For each finite state, there is a finite set of possible actions that may be taken by the

learning system.

e Every time the learning system takes an action, a certain cost is incurred.

15



State ,
—  Learning system

Cost

Environment a—
Action

Figure 3.1: Block diagram of a learning syatem
e States are observed, actions are taken, and cost are incurred at discrete time.

Based on the characteristic of MDP, the estimated downlink channel quality can be seen
as the system state for the H-ARQ precedure. The transport format for the packet initial
transmission is regarded as the action of the System! -The transmission cost is defined in

terms of the QoS parameters for enhancing'spectrum utilization subject to QoS constraint.

3.2 State, Action, and Transmission Cost Function

The H-ARQ procedure for HSDPA in a multimedia WCDMA system is modeled as a
discrete-time MDP. We define the system state at the beginning of the initial transmission

of the k-th packet for the H-ARQ process, denoted by xj, as
z, = (SINRy), k=0,1,2, ... (3.1)

where the STNRy, is the predicted downlink signal-to-interference-and-noise ratio (SINR)
value performed at Node B for the k-th state. The S INRy, is classified into several degrees,

and it is intuitively known that the transmitter should send a packet with more redundancy

when SI/]\TR;C is smaller.
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Based on the system state x, the action for the initial transmission of the k-th packet ,
denoted by A, mainly contains two parts: the effective code rate (EC'R); and the modula-

tion order Mj. The action Aj is expressed as
Ay = [(ECR), My]. (3.2)

The (ECR)y, is defined as the ratio of the number of bits going into the turbo encoder to the
number of bits going out the two-stage rate matching at the k-th packet initial transmission,

and it is designed to be in five redundancy versions which are

3211

ChEEH? 33
where 1/3 is the specified lowest available code rate for the turbo encoder. The My is the
option of QPSK or 16-QAM. After an,4; is decided. for the initial transmission of the k-th
packet, a suitable packet size can be subsequently obtained under the known fixed spread-
ing factor. Then the fragment, as well as the packet segmentation shown in Fig. 2.4, is
implemented for the exact packet block €ize in order to reach more efficient channel uti-
lization. The action can be seen as a preprocess for the initial packet transmission. If the
packet of the first transmission cannot be received successfully, the effect code rate for the
packet retransmission will be increased by one redundancy version until the 1/3 effective
code rate is reached, and the same modulation scheme with the next state is assigned for re-

transmission to accommodate the initial transmission of the next initial packet transmission.

If the state-action pair (zj, Ax) has been determined, an immediate transmission cost
function is defined as the square of the normalized difference between the received SINR and
the desired SINR for the k-th packet initial transmission. It is given by

SINR(zy, Ay) — SINR(A)]”

g, Ay) = A
(2 Ax) STNR(Ay)

, (3.4)
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where SIN R(xy, Ay) is the received SINR at the mobile station for the state x; with action
Ay, and SINR(A,) is the desired SINR with action A;. The SINR(A) is the required
SINR received at mobile station under a QoS requirement of the block error rate based on
the current action Aj. As for the characteristic of Q-learning algorithm, the objective to
minimize the cost function for the Q-HARQ is to make the SINR(xy, Ax) most close to
the SIN R(Ag). In other words, there are not too many unnecessary packet redundancy
occupying the channel resource, and it does not happen that the inadequate packet redun-
dancy cannot accommodate channel conditions, either. The most appropriate packet size
depending on the decided action would be transmitted for a specific initial packet transmis-
sion state such that the received SINR value will optimally approach to the desired SINR
value while satisfying the maximum block error rate bound. Therefore, the most efficient
resource allocation for the initial packet transmission can be achieved. The average system
throughput must be improved and fhe expected QoS of block error rate can be guaranteed.
On the other hand, the enhancement of the average system throughput implies that the
average packet delay, the number of transmission time; can be reduced while a fixed amount
of packets needed to be sent in the long-term ¥iewpoint. From another viewpoint, usually,
packets transmissions with a little larger BLER can reach much higher throughput than that
with smaller BLER. Bartering for data rates with transmission times achieves a good trade-
off between the system throughput and the transmission delay. Based on the STNR(Ay)
with the 0.1 BLER requirement in HSDPA Release 5 standard, the best throughput can
be achieved while the system BLER is approach to 0.1. In summary, maximizing the ini-
tial packet transmission utilization benefits the average system throughput, and the average

packet delay also can be effectively diminished.

Fig. 3.2 illustrates the entire H-ARQ process associated with the Q-learning algorithm
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Figure 3.2: The flow chart of the Q-HARQ procedure
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on the packet initial transport format selection. For the Q-HARQ scheme, whether the
initial transmitted packet is successfully decoded or not, the state and cost information for
updating the initial transport format based on the Q-learning algorithm will be feeded back
to Node B. The portion with dotted lines represents these control plane processes. Espe-
cially speaking, once the retransmission packet still can not be successfully decoded while
the effective code rate is up to 1/3, the ’failure’ event happens. It means that the H-ARQ

process will be restarted to transmit this failure packet again.

We further define an evaluation function, denoted by Q(z, A), namely Q-function or Q-
factor or Q-value, as the expected total discounted cost counting from the initial state-action

pair (x, A) over an infinite time. It is given by

Qz {27 (ZTpy Ao = x, Ag = A} , (3.5)

where E{-} is the expectation operator and 0 <~ < 1 i§ a discounted factor. The Q-HARQ
scheme is to determine an optimal aetion, denoted by A*, which corresponds to the minimum
@-function with respect to the current state.Fhe minimization of Q-function implies the

maximization of the system throughput and the fulfillment of QoS requirements.

Let P,,(A) be the transition probability from state = to the next state y on account of

action A. Then Q(z, A) can be expressed as

Q(l‘,A) = E{C(l‘o,AQ)’[BO = [L',Ao = A} + E {Z .Cljk,Ak |£EQ =T, AO A}

= E{C(z,A)} +7>_ Puy(A) x E{Z VRO (g, Ap) |2y =y, Ay = B}

k=1

= E{C(z,A)} +7>_ Puy(A)Qy, B). (3.6)

From Eq. (3.6), it implies that the @Q-function of the current state-action pair can be rep-

resented in terms of the expected immediate cost of the current state-action pair and the
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@-function of the next state-action pairs.

3.3 Q-HARQ Scheme

Based on the principle of Bellman’s optimality [26], the optimal action A* can be obtained
with two-step optimality operation. The first step is to find a local minimum for the Q(z, A),
denoted by Q*(z, A). The intermediate evaluation function for each possible next state-action
pair (y, B) is minimized while the optimal action B is performed with respective to every

next state y. Thus the Q*(z, A) can be obtained by

Q (0, 4) = E{Cx, A} +7 L PoA) {min Q. B} forall (r,4) (37

Then the optimal action A* with respective to the eurrent state x has to be determined for
the next step such that Q*(z, A) i minimized! The minimum evaluation function for the

state-action pair (z, A*) can be expressed as
Q" (&, Ay i@z, 4. (3.5)

However, it is difficult to get the £ {C(x, A)} and P,,(A) for solving the Eq. (3.7). Thus,
we adopt a real-time reinforcement learning algorithm, named Q-learning algorithm [21],
[22], to find the optimal resource allocation without a priori knowledge of E {C(z, A)} and
P,,(A). In order to get the optimal Q*(x, A), the Q-learning algorithm computes the Q
value in a recursive method by using available information (z, A, y, C(z, A)), where = (y) is
the current (next) state; A and C(z, A) are the action for current state and its immediate

cost of the state action pair, respectively.
A value iteration algorithm [22] was formulated in terms of the Q-factors to solve this
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linear system of equations. Thus, for one iteration, it is given as

Q. A) = E{C(. A)} + 75 PolA) {min[Q(u. B} forall (w,4)  (39)

The small step-size version of this iteration is described by

Qlw, A) = (1=)Q(w, A)+1{E{C(, A} 49 Y Po(A) {min Qs B} for all (v, 4)

’ (3.10)
where 7 is a small leaning rate parameter that lies in the range 0 < n < 1. As it stands, an
iteration of the value iteration algorithm described in Eq. (3.10) requires knowledge of the
transition probabilities. The need for this prior knowledge may be eliminated by formulating
a stochastic version of Eq. (3.10). Specifically, the averaging performed in an iteration of
Eq. (3.10) over all possible states is replaged:by a single sample, thereby resulting in the

following update for the Q-factor:

Qnia(z, A) = (1= na(z, A))Qn (2, AJm, (z, &) |C(z, A) +ymin [Q(y, B)]

for all (7, 4)= (z,, An) (3.11)

where j is the successor state, and n,(x, A) is the learning rate parameter at time step n
for the state-action pair (x, A). For all other admissible state-action pairs, however, the

Q-factors remain unchanged as shown by

Qni1(z, A) = Qn(z, A) for all (x, A) # (z,, 4y) (3.12)

Equations (3.11) to (3.12) constitute one iteration of the Q-learning algorithm. Moreover,

for the state-action pair (x,, A,), the Eq. (3.11) can be rewritten in the equivalent form

Qn-{—l(l‘naAn) = Qn(xruAn)

+ 77n<'rn7 An) C(xm An) + ’YmBin [Qn(yna B)] - Qn(xm An) (3'13)
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Treating the expression inside the square brackets on the right-hand side of Eq. (3.13) as
the error signal involved in updating the current Q-factor @, (x,, A, ), the target Q-factor at

time step n may be identified as

QU (i, Ap) = C(n, An) + 700 [Qu(y, B) (3.14)

where y,, = x,11 is the successor state. It should be noted that the successor state j, plays
a critical role when determining the target Q-factor. Based on the definition of the target

Q-factor, the Q-learning algorithm can be reformulated as

Quir(w, 4) = Qul(z, A) + AQ,(z, A) (3.15)

The incremental change in the current Q-factor is represented as

I { o (QU (1, 4) — Qula ) for (2, 4) = (2, A(n)) .16)

0 , otherwise ’
As the description in Eq. ([?]), the optimal action A;, atcurrent state x,, is the unique action
at the state for which the Q-factorfat time step n. is miiimum. Therefore, once the optimal
Q-values are available, an optimal policy A*(x) at state 2 can be determined with relatively

little computation as

A*(x) = arg min Q7 (z, A)] (3.17)

Fig. 3.3 shows the structure of the Q-learning-based H-ARQ scheme. When there are
packets for transmission at system state x, the Q-function computation block computes
the value of Q(z, A) for every possible action A. The transport format selection block then
determines the optimal packet initial transmission format A* among all the current () values
of all possible actions. Afterwards, the immediate cost C(x, A*) can be observed and the
value of Q(z, A) is adjusted based on the Q-learning rule and is updated every time when

the corresponding state-action pair happens. The Q-learning rule is formulated as

[ Q(z, A) + nAQ(x, A) if A= A
Q. A) = { Qz, A) , otherwise (3.18)
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Figure 3.3: Structure of the Q-learning-based H-ARQ scheme

and | 7

AQUw, 4*) = { ClusA) + i [0(y; B))} - @z, A7) (319
From the Eq. (3.18), only the Q Value forrthe’ selected state-action pair is updated while
others are kept unchanged. In other words, only one state-action pair is chosen for evaluation
in each learning epoch. On the other hand, the operation of ming [Q(y, B)] is executed by
comparing the Q value of all the possible action candidates for state y in Eq. (3.19) and

then choosing the desired action B which has the minimum Q value.

For the Q-learning algorithm, the convergence theorem had been proven by Watkins and
Dayan in [21]. The theorem is here restated as follows: if the value of each admissible pair is
visited infinitely often and the learning rate is decreased to zero in a suitable way, then the

value of Q(x, A) in Eq. (3.18) will converge to Q*(xz, A) with probability 1.
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3.4 Implementation Issue

Before the Q-HARQ is performed for the on line operation, a proper assignment of initial
values is necessary. In this paper, however, the initialization for Q values is assigned arbi-
trarily. For channel states, we adopt directly the received SINR measurement of this state
at mobile station as the predicted downlink channel state of the next state without using
any channel predictor at Node B. It is reasonable because the channel condition between

two transmission time interval is correlated.

For the designed cost function, the desired SINR, S IN R(Ay), for k-th state is a significant
topic needed to be discussed. First, in order to find a relation between BLER and defined
system actions, the channel profile receivedjat, the mobile terminal is assumed to be an
additive white Gaussian noise (AWGN) channels. Even though the assumption of AWGN
channel may be not practical in real|world environment, it indeed provides a meaningful
speculation to approximate the realistic channels The Gray encoding is used for signal
mapping and we assume that errors only happen within neighbor transmitting signals in the
signal constellation. It means that there is only one bit error for a symbol error such that
the symbol error rate is equal to logs M times the bit error rate, where M is the modulation
order. Also, we suppose that each symbol energy is the same as the average symbol energy.
Therefore, two equations which describe the relation of bit error rate, denoted by P,., and

Ey /Ny for different modulation order are derived. It is given by

E
P - %erfo (’/VZ) ,for QPSK (3.20)
ip — %pQ ,for 16-QAM ’
where p = Jerfc ( %) and erfc(-) is a complementary error function described as

erfe(x) = \/2% /:O et (3.21)

25



Moreover, Since % = SINR - PG, where PG is the processing gain and is equal to 16 in

HSDPA, the Eq. (3.20) can be rewritten as

P { Lerfe g\/S]NR x16) ,for QPSK

, 3.22
%p — 1—6]92 ,for 16-QAM ( )

where p = %erfc (\/m) For simplicity, we assume that the transport block will be
regarded as an unsuccessful transmission while any one bit error of the block happens. Over
the statements mentioned above, the desired SINR value, S IN R, without using any channel
coding technique can be easily acquired based on the distinct modulation order from Eq.
(3.22) while the requirement of the block error rate is determined. Second, in order to model
the effect of the error correcting code, we make an assumption that the relation between the
reciprocal of ECR and the received SINR gain is linear. In other words, the performance for
a code rate % is equal to the uncodediperformance with three times received SINR. Based
on the Eq. (3.22) and the error eorrecting code model, the STNR(Ay) for k-th system
state can be found under satisfyingza QoS requirement; 6f block error rate while the effective

code rate and modulation are selected. Finally, the gomputation of the complementary error

function in Eq. (3.21) is directly found by looking up the complementary error function table.

In summary, the procedure of Q-HARQ is implemented iteratively as the following four

steps.

Step 1:  [State-Action Construction]
Construct the state 2, = (STNRy) of the k-th packet initial transmission and find a set
of all possible actions for state xj, denoted by A(z), when the k-th packet transmission

is requested for a terminal.

Step 2:  [Q-Value Computation)

Compute the respective Q(x, A) values for the set of state-action pairs (x, A)|A € A(x).
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Step 3:  [Transport Format Selection]

Determine the optimal action A* such that the value of Q(z, A*) is minimum, i.e.

Q(r, A*) = mingea() [Q(x, A)].

Step 4:  [Q-Value Update]
Update the Q values by Eq. (3.18) while the next state y and the immediate cost

C(z, A*) is obtained. Go to Step 1.
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Chapter 4

Simulation Results and Discussion

4.1 System Environment and Simulation Parameters

In the simulation, a hexagonal grid cell structure with two-tier multi-cell system is con-
sidered. Including the own cell base station, there are 19 sites in the multi-cell system. For
a HSDPA data transmission link, we assumie -that.up to 80% of total transmission power
is allocated to HS-DSCH, HS-SCEH, and the associated DCH. The total HSDPA trans-
mission power, however, will depend-on the number of data channels in use. The residual
power allocated for other service, like voice “transmissions on DCHs, in the own cell will
interfere the HSDPA service with a little amount. For the transmitted power from base
stations of other adjacent cells, it is always regarded as interference to the HSDPA link in
the own cell. On the other hand, both the auto-correlation in time for the same link and
the cross-correlation for different links on shadow fading are considered to approximate the
real fading environment. In Fig. 4.1, it is evidently shown that the shadow effect for a spe-

cific link is correlated in time instead of the conventional model with log-normal distribution.

Each packet is transmitted per TTT length. The propagation plus the processing delay of

ACK/NACK and CQI is assumed to be 6ms. This implies that after a channel measurement
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Table 4.1: Simulation parameters

Parameter

Assumption

Cellular layout

Hexagonal grid, 19 sites, 2000 m cell radius

Path loss model (£(r))

128.1 4 37.6 log, ()
r is the base station separation in kilometers

Decorrelation length (d.,)

20 m

or

8.0

Mobility assignment

0, 20, 40, 60 km /hr, random distribution

Carrier frequency

2.0 GHz

Channel bandwidth 5.0 MHz
Chip-rate 3.84 Mcps
Spreading factor 16
Thermal noise density -174 dBm/Hz
TTTI length 2 ms
Number of UE in one cell 4, random distribution
Number of multi-codes 12
Discounted factor () 0.1
Scheduling algorithm Proportional fair algorithm
BS total Tx power Up, to 44 dBm

Power for HSDPA data transmigsion

Maxamum of 80% of total maximum available
transmission power

is made at UE, it requires two additional TTIs before it can be used at the Node B. In
order to identify the performance more easily, ‘we also assume that the users always have

information bits to be transmitted. That is, users are always in a saturation mode. As for

the other detail simulation parameters, it is listed on Table 4.1.

4.2 Conventional Schemes

In this thesis, we propose the Q-HARQ scheme to adjust adaptively the packet initial
transmission rate based on the QQ-learning algorithm over a span of training. Besides the IR

scheme, there are also two schemes proposed in [7] for dealing with the initial packet code

rate of H-ARQ. These conventional schemes are described as follows :
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Figure 4.1: The auto-correlationson shadow fading

e IR : The initial code rate is always set as the largest effective code rate, and for the
retransmission procedure, the'redundancy is incrementally transmitted by one version

until the decoding is successful.

e LA IR_1: The initial code rate is decided by retreating one redundancy version of the
most recent effective code rate which achieves a successful packet decoding. For the
retransmission procedure, the redundancy is incrementally transmitted by one version

until the decoding is successful.

e LA IR _2: The initial code rate is decided by keeping the code rate as the last effective
code rate which achieves a successful packet decoding. If there is no retransmission
request for two consecutive times with this initial code rate, then retreat two redun-
dancy of this effective code rate. For the retransmission procedure, the redundancy is

incrementally transmitted by one version until the decoding is successful.
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4.3 Performance Evaluation and Discussions

As mentioned above, we assumed that the interference for the user of HSDPA services
from other service links in the own cell is existing with a little effect. Since the traffic which
are not carried on the HS-DSCH does not be schedule with HSDPA traffic, we suppose that
it interferes the HSDPA user with a fixed quantity. From another point of view, the increase
of interference implies that the power allocated to HSDPA users decrease. That is, the load
of real time service of this system raises. In this thesis, we define a signal to other services’
interference ratio, SIOR, which describes the transmitting power for HSDPA services to

other services signal in the own cell.

Fig. 4.2 and Fig. 4.3 show the block error rate of four schemes versus SIOR while the
Q-HARQ is employed based on thet0.1 BEER requirement. For the Q-HARQ), it can be
found that the BLER is exactly falling around the 0.1 which is conformed to the Release
5 specification. However, the BLER, of these-comparative schemes violate seriously the
specification of BLER. Even the best"of them under good channel condition just can not
reach 0.27 BLER with 16-QAM and can not reach 0.17 BLER with QPSK. For this reason,

these three schemes can not be used in the real system except the proposed Q-HARQ.

Fig. 4.4 and Fig. 4.5 show the average number of transmission time versus SIOR for
a successful packet transmission, while the Q-HARQ is employed based on the 0.1 BLER
requirement, under different modulation orders, 16-QAM and QPSK, respectively. It is
shown that the Q-HARQ needs less number of transmission time than the comparative
schemes for transmitting a packet successfully. It always maintains below 1.2 times for a
successful packet transmission. On the other hand, it can be found that the conventional

schemes need much number of transmission time for a successful packet transmission while
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the SIOR is low. However, the Q-HAR®"“can select the most suitable transport format
to adapt the instantaneous channel condition more efficiently under satisfying the specified
BLER requirement. In other words, the average number of transmission time for a successful
packet transmission is less sensitive to the channel quality than the IR schemes. It stands for
the intelligence of the Q-HARQ scheme. In Fig. 4.5, it is institute that symbols carried on
QPSK will be more reliable than that carried on 16-QAM. Thus, the comparative schemes
with QPSK demand less number of transmission time than those with 16-QAM. Oppositely,
it also can be seen that schemes with 16-QAM will perform higher throughput than those
with QPSK in Fig. 4.6 and 4.7. Especially speaking, among these comparative schemes, it
can be found that the IR scheme take more risk for utilizing channel resource than LA-IR-1
and much more than LA-IR-2. Therefore, the LA-IR-2 outperforms the other two schemes

when using 16-QAM and the IR scheme performs the best when using QPSK among these
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three schemes for considering the nimber of transmission time.

Fig. 4.6 and Fig. 4.7 illustrate the total system throughput versus SIOR , while the Q-
HARAQ is employed based on the 0.1 BLER requirement, under different modulation orders,
16-QAM and QPSK, respectively. For the conventional schemes, it can be found that the less
number of transmission time for a successful packet transmission implies the higher system
throughput. It is reasonable that the less number of transmission time for a successful packet
transmission, the more channel resource can be fully utilized. Nevertheless, the Q-HARQ
can not outperform the comparative schemes on system throughput, while the Q-HARQ 1is

employed based on the 0.1 BLER requirement.

In chapter 3, the failure event has been defined as that moment, when the packet with
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ECR up to 1/3, still can not be decoded successfully. Here, we further define a failure rate as
a ratio of the number of failure events to the summation of the number of failure events and
the number of successful transmitted packets-—FEig.” 4.8 and Fig. 4.9 depict the failure rate
versus SIOR, while the Q-HARQ is employed based on the 0.1 BLER requirement, under
different modulation orders, 16-QAM and QPSK, respectively. From these two figures, It
can be concluded that the failure rate of Q-HARQ is higher when the SIOR is low than that
when the SIOR is high. This is because the Q-HARQ will select higher ECR as the initial
packet transmission under the fixed 0.1 BLER requirement while the channel quality is worse,
and also the packet error probability at bad channel condition is high. On the other hands,
the failure rate of LA-IR-2 scheme is higher than LA-IR-1 and much higher than the IR
scheme. The reason is that LA-IR-2 scheme adopts conservative manner to make transport
decisions among these three schemes. As the simulation results of the system throughput,

the performance of the failure rate of the Q-HARQ is worse than the conventional schemes,
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Figure 4.9: The failure rate ' with 0.1 BELER requirement for Q-HARQ

while the Q-HARQ is employed based ‘on the 0:1 BLER-requirement.

Over all the analysis of performance above, it' can be concluded that why the system
throughput of the Q-HARQ is the worst one while the number of transmission time of it is
the best. This is because the circumstance exactly exists that sacrificing the requirement
BLER brings much better benefit on system throughput in the communication system. For
example, it is possible that the transmission with 0.3 BLER requirement will take a great risk
such that 150 information bits can be sent for each transmission ,and the transmission with
0.1 BLER requirement will send only 100 information bits for each transmission in a con-
servative manner. In a round of ten packet transmissions, the transmission with 0.3 BLER
requirement will get higher throughput than the transmission with 0.1 BLER requirement.
In addition, because of the tighter demand of BLER than conventional schemes, the failure

rate of the Q-HARQ will be much large. However, the better performance of the number
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of transmission time for the Q-HARQ can identify that the Q-HARQ always can select the
most appropriate action even they are under different requirement of BLER. Additionally, it
can also be seen that the system throughput of the Q-HARQ will approach much more the
results of these conventional schemes with QPSK than with 16-QAM since the BLER with

QPSK shown in Fig. 4.3 is closer to 0.1 than with 16-QAM.

In order both to reserve the design spirit of comparative schemes and to verify the
proposed Q-HARQ scheme, the requirement of BLER for the Q-HARQ is reset to 0.3 for
comparing with the conventional schemes with 16-QAM. In Fig. 4.10, it can be shown that
the Q-HARQ with 0.3 BLER requirement enhances apparently the system throughput. The
system throughput of the Q-HARQ with 0.2 BLER requirement, similarly, in Fig. 4.11 can
be promoted substantially. It implies that the design of the Q-HARQ scheme outperforms

the conventional schemes while the criterion-is-nearly the same.

For a practical communication systemi, the warm up time is necessary, and it is not
appropriate for spending too long for warming up. In Table 4.2, the convergence time under
different SIOR is represented, where a cycle is a period of 45 seconds. We claim that the
Q-learning algorithm is converging when the average incremental change of Q-factor over 45
seconds is smaller than a specific value after a period of 4500 seconds for training all kinds
of system states. The average convergence time of these seven channel conditions is about
7302 seconds which is equal to two hours and 1.7 minutes. It means that the Q-HARQ just
needs less than one hour to achieve steady after one hour and 15 minutes training period.
As the simulation results shown, the warm up time for the Q-HARQ is feasible for the real
system. In addition, Fig. 4.12 illustrates the status of the average incremental change of

Q-factors versus cycle with 0.1 BLER requirement when SIOR is equal to 15.
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Table 4.2: Convergence 1'ime
SIOR 120 =} 12545130+ 135 | 140 | 145 | 150

Convergence Time (sec) | 4500:£.4500 [ 4500 | 8370 | 8010 | 8820 | 12420

Besides the warm up time, the processing time of the Q-HARQ scheme is another crit-
ical issue to verify whether the method is practical or not. From Table 4.3, there are five
random trials for calculating the processing time including the state construction time and
the searching time for action assignment. The equipment of the testing platform is provided

with a 3.0 GHz processor and 1.0 GB RAM. It can be concluded that the processing time for

Table 4.3: Processing Time
Trial 1 2 3 4 bt
Processing Time (ms) | 0.001520 | 0.001440 | 0.001360 | 0.001340 | 0.001280
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the Q-HARQ scheme is extremely trifling for a transmission time interval of 2 ms. Hence,
both considering the practicality and the performance, the Q-HARQ is a suitable method

which can be implemented for the HSDPA system.
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Chapter 5

Concluding Remarks

In this thesis, a Q-learning-based hybrid automatic repeat request (Q-HARQ) scheme for
HSDPA in UMTS system is proposed to achieve efficient resource utilization. The Hybrid
ARQ procedure is modeled as a discrete-time Markov decision process, where the trans-
mission cost is defined in terms of thexQoS parameters of transport block error rate for
enhancing spectrum utilization subject to QoS constraint. The Q-learning reinforcement
algorithm is adopted to accurately:estimate the transmission cost to perform the most suit-
able decision while the requirement-of transport-block error rate is guaranteed. By means
of the self-tuning capability of Q-learning algorithm, the optimal actions of coding rate and
modulation order for the initial packet transmission is obtained after a period of convergence

time under distinct channel states.

Simulation results show that the Q-HARQ is the only scheme which satisfies indeed the
QoS requirement of 0.1 BLER specified in 3GPP Release 5 when consider the benchmark
schemes. Also, the Q-HARQ scheme can improve the total system throughput for HSDPA in
UMTS over the conventional IR, LA-IR-1, ana LA-IR-2 schemes under the same constraint of
the QoS requirement of transport block error rate. Under satisfying the specific 0.1 transport
block error rate criterion, the number of transmission time for a successful packet transmis-

sion can be maintained below 1.2 times. By reducing the delay due to the retransmission
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procedures, the channel resource can be utilized much efficiently. On the other hand, it can
be found that the Q-HARQ can avoid the bad link adaptation on account of the channel
prediction errors. Based on the property of the Q-learning algorithm, the prediction errors
can also be count in the reinforcement training process. Finally, the analysis results of the
convergence time and the processing time confirm exactly that the Q-HARQ is feasible for

employing in the real system.
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