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~ On the Performance of Turbo Codes-Based Hybrid ARQ
with Segment Selective Repeat in WCDMA

Tao Shi and Lei Cao

Abstract: In this paper, a new turbo codes-based hybrid automatic
repeat request (TC-HARQ) scheme with segment selective repeat
(SSR) is proposed. The main strategy is, upon retransmission, to
repeat the data that are most important for the next round of de-
coding based on the distribution of residual errors after current
decoding. The performance in terms of reliability and throughput
is analyzed. To adapt to correlated fading channels where an inter-
leaver is always employed before transmission, we further mod-
ify the SSR strategy so that data having experienced correlated
deep fading are selected for retransmission. Finally, this proposed
scheme is applied to the wideband code division multiple access
(WCDMA) system under frequency selective fading channels. Sim-
ulation results demonstrate that in all single and multiple user
cases, SSR-based TC-HARQ leads to significant throughput im-
provement with similar bit error rate (BER) performance as com-
pared to type-I TC-HARQ.

Index Terms: Hybrid automatic repeat request (HARQ), segment
selective repeat, turbo codes, WCDMA.

I. INTRODUCTION

The development of the third generation (3G) mobile com-
munication systems facilitates the transmission of data traffic
in wireless environment. However, the high rate data transmis-
sion is vulnerable under mobile hostile channels. Although turbo
coding [1] has opened a new chapter in forward error correc-
tion (FEC), residual errors may still exist after decoding, which
stimulates the study of turbo codes-based hybrid automatic re-
peat request (TC-HARQ). Type-I and type-I1 TC-HARQ have
been proposed in [2] and [3], respectively. However, neither
of these strategies considers the distribution of residual errors
after decoding, and their retransmission strategies are predeter-
mined before transmission. To retransmit data adaptively, Shea
proposed a reliability-based method by utilizing the soft out-
put information of turbo decoding [4]. While this scheme iden-
tifies the most “wanted” data in retransmission, it also requires
a large amount of feedback information to index those retrans-
mitted bits. This is unpractical because the feedback channel for
HARQ is of low data rate in general. With a high data rate, the
feedback will occupy much bandwidth of the system’s reverse
link and is not error free.

In order to generate efficient feedback and retransmission, the
segment selective repeat (SSR) concept was proposed by the au-
thors [5], where retransmission is based on data segments whose
residual error status are estimated through soft values after de-
coding. Simulations showed that SSR has significant improve-
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ment in throughput efficiency over type-1 TC-HARQ under ad-
ditive white Gaussian noise (AWGN) and Rayleigh fading chan-
nels. In this paper, we first present the idea of SSR and further
analyze its performance in terms of reliability and throughput.
For a practical communication system, where an interleaver is
always employed after turbo encoding to counteract the corre-
lated fading channel, we then propose a modified SSR strategy.
The basic idea is to find and retransmit the data that experience
deep fading together. Finally, we apply the modified SSR-based
TC-HARQ to the WCDMA system under frequency selective
fading channels with single and multiple user cases. Simulation
results demonstrate that it achieves much higher throughput than
type-I TC-HARQ but with little compromise in BER.

The rest of the paper is organized as follows. Section II
presents the principle of SSR and its performance analysis. The
modified SSR is proposed in Section III. Section IV describes
the WCDMA environment and channel conditions for imple-
menting SSR-based TC-HARQ. Simulation results comparing
the performance of SSR with type-I TC-HARQ are provided in
Section V. Section VI concludes the paper and discusses possi-
ble future research.

II. SSR-BASED TC-HARQ

A. SSR-Based TC-HARQ and Residual Error Status Estimation

Traditional TC-HARQ schemes retransmit either the entire
frame [2] (type-I TC-HARQ), or partial frame of incremental
redundancy [3] (type-II TC-HARQ). The retransmission strate-
gies are pre-defined and do not adjust adaptively with channel
conditions in the sense that the distribution of residual errors in
received frames after decoding is not considered in retransmis-
sion. As a result, the retransmitted data are equally important
for the decoding of each individual bit in the next round of de-
coding. Consequently, the retransmitted data may be simulta-
neously superfluous for the data that had already been correctly
decoded and inadequate for the data that had been severely cor-
rupted by the channel.

Actually, after turbo decoding, though uniformly distributed
residual errors do occur in high error-floor or non-convergence
situations, which can often be handled by sophistically design-
ing the encoder and interleaver, it was shown that residual errors
are likely to appear in clusters [6]. This suggests that it would
be more efficient to only retransmit the data that are highly as-
sociated with the error bits. These data are very important for
the next round of turbo decoding but have relatively small data
size compared with the entire frame. Therefore the throughput,
defined as the ratio between the number of all accepted bits at
the receiver and the number of all transmitted bits from the trans-
mitter, could be significantly improved with similar bit error rate
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Fig. 1. Segmentation of a frame in SSR.

(3ER) as compared to type-1 TC-HARQ. In our proposed SSR-
tased TC-HARQ, each frame is uniformly divided into Z seg-
raents with equal size, as shown in Fig. 1. Upon decoding errors
Cetected, all segments are estimated for residual error status, and
cnly a few segments estimated with the most severe corruption
1ill be retransmitted.

In order to estimate the residual error status of different seg-
ments after turbo decoding, we propose to use the soft output
information after turbo decoding. Turbo codes employ iterative
(ecoding, where the performance is generally improved in each
i*eration with the aid of a priori information, which is the extrin-
«ic information generated by the other component decoder [1].
(Consider the i-th iteration of turbo decoding, let LY (z) and

L(fl () denote the log-likelihood ratio (LLR) and the extrinsic

‘nformation of bit = by the m-th component decoder (m = 1, 2),
espectively. It is known [7] that

% i— 2 i
L{(@) = L (@) + “5ue + L) (2) M
i i 2 i
L(@) = LY(@) + 5t + L) (@) @

wvhere (2/0%)y, is the channel soft output value of bit z.

The sign of ng) (x) at the last decoding iteration determines
‘he value of z, and its magnitude accounts for the probability
‘hat bit z is correctly decoded, i.e., a larger magnitude denotes
1 higher probability of correct decoding. It was also shown [8]
‘hat the mean absolute LLR value over a frame is inversely pro-
sortional to the noise power (i.e., 02 o 1/E[|La(z)|]). Hence,
1 larger mean absolute LLR value denotes less noise power and
“herefore less error after decoding. In this research, we adopt the
nean absolute LLR value to estimate the residual error status of
zach data segment. Suppose one frame is uniformly divided into
Z segments, each with [ bits. We define

!
LLE, = 13 IL(X (- DI+l ©
=1

as the mean absolute LLR value of the z-th segment, where z =
1,2,---,Z, X is the systematic bit sequence, and L2 (X ((z —
1)l + j)) denotes the LLR of the j-th bit in the 2-th segment
from the 2nd component decoder after the final decoding itera-
tsion. In our SSR-based TC-HARQ using mean absolute LLR
value, the entire frame is transmitted at the 1st transmission.
When decoding failure is detected, which is generally through
cyclic redundancy check (CRC) in a practical system, |LLR|,,
z = 1,2,---, Z, are calculated for all segments. Only a few
segments (with both systematic and corresponding parity bits)
that have the lowest [LLR|, are then selected for retransmis-
sion. If residual error is detected again, retransmission priorities
are given for segments with less retransmission than others and
the LLR statistics are calculated for these segments to determine
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which ones to retransmit. This process continues until no resid-
ual error is detected or a hard limit on transmission times is met.

An alternative way to estimate the residual error status of each
segment is to use the number of sign changes between LLR
value and a priori information. It was found that a decoded bit
z has a high error probability when the soft values Lél) (z) and
L,(fl)(a:) in (2) have different signs [9]. Therefore, we can de-
termine the segments with more number of sign changes of soft
values have more errors and select them to retransmit when CRC
detects error. Define

Sgn,

3 fnlLa(X (s~ 1+ )] -
selle (X(G:- DL+ @

as the sum of sign changes between soft values of bits in the z-th
segment after the final decoding iteration, where sgn[-] denotes
the operation of obtaining the sign of a real number, L, (X ( (z—
1)l + §)) is the a priori information of the j-th bit in the z-th
segment for the 2nd component decoder at the final decoding
iteration. Then in SSR-based TC-HARQ using sign changes,
several segments with the highest Sgn. are regarded to have
more residual errors than others, and are selected to retransmit
when error occurs.

As shown in Fig. 5 in Section V, both methods of the mean
absolute LLR value and the number of sign change can effec-
tively detect the residual error status of each segment. There-
fore, in this research, we will only use mear: absolute LLR for
the purpose of the segment selection.

B. Performance of SSR-Based TC-HARQ

The performance of ARQ strategies are evaluated by reliabil-
ity and throughput [10]. Suppose each coded frame has n bits in
which k are information bits, i.., the coding rate is R = k/n. In
SSR-based TC-HARQ, the entire frame is sent at the 1st trans-
mission, and only W segments (W < Z) will be sent at each
retransmission. In type-I TC-HARQ, the entire frame is sent at
each transmission and retransmission. Let -V be the specified
maximum times of transmissions for each frame, which means
each frame is obliged to be accepted after the N-th transmis-
sion even if error still occurs after decoding. Let Rgi), R(i),

and Rgf ) denote the events that a decoded frame contains “no
errors,” “detected errors,” and “undetected errors” after the i-th
transmission, respectively. Then

PR+ PRy + P(RD) =1, i=12,-,N. (5

B.1 Reliability

Reliability is expressed in terms of the accepted frame error
rate, which is the probability that a decodec frame contains ei-
ther undetected errors within any of the N transmissions or de-
tected errors after the /N-th transmission, that is,

P(E) = P(RD) + P(RYRY) + PR R R + -
PRPRY - RN VRM) + PRVRY - RYY).
(6)
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Note that the ¢-th transmission and decoding processes do not
occur unless the decoding of the 1st, 2nd, ---, and (i — 1)-th
transmissions were all failed with detected errors, i.e.,

P(RPIRPRY - Ri™) =0, ©
Therefore, _
P(R)=P(RPIRDRY - REV)P(RPRY - RYY)
+ PR RRD RS ) P(EDRD RS )
=P(RIRORY - REV)P(RORY - RV
=P(RY RS- RY). ®
In addition, we clearly have

0< P(RYRY - R{TVRY) < PRY).  (9)

Plugging (8) and (9) into (6) yields
N .
P(RYV) < P(B) <Y P(RY) + P(R{M). (10)

i=1
Since an appropriate choice of CRC generally reduces

P(Rq(f)) below 107° [11], we may assume that P( S)) is neg-
ligible. Therefore,

P(E) ~ P(R{M™). (11)

With the same assumption P(R,ELN)) ~ 0, P(R((iN)) can be ex-
pressed in the function of Pb(N), the residual bit error rate after
the N-th transmission and the turbo decoding, as

PR ~1—(1— PM)* (12)

where k is the number of systematic bits in a frame.

B.2 Throughput

Throughput is defined as the ratio between the number of all
accepted bits at the receiver and the number of all transmitted
bits from the transmitter. The average number of transmissions
per frame for SSR can be expressed as

T.s = 1+P(RY)+PRYVRP) +...

+P(RMRY - RN

= 1+ P(RY) + P(RP) + .-+ PR Y)
N-1 )

= 1+ Y PRY)

=1

13)

according to (8). This result is slightly different from that with
upper and lower bounds in [12] where detection is not assumed
to be error-free. From [12], the two bounds are actually the same
for high SNR cases and only diverge slightly in low SNR cases
where detection errors may exist.

Consequently, the throughput of SSR, represented by 7, can
be expressed as

k
T+ (T — OW/Z]’

7s (14)
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In contrast, it is known that the throughput of type-I TC-HARQ
7 is

k
— 1
e = Tt (15)

where T, denotes the average number of transmissions per
frame for type-I TC-HARQ, which can be obtained similar to
that in (13).

Since the numbers of bits to be retransmitted each time are
different for SSR-based TC-HARQ and type-1 TC-HARQ, to
compare these two schemes, we need to set them with the same
maximum number of transmitted bits per frame. Let N, and
N denote the specified maximum numbers of transmissions per
frame in SSR and type-I TC-HARQ, respectively. Then it needs
Nsemin = Mérmin = Tmin, that is

k k
W+ (N, —O)W/Z]  nb, (16)

N, =1+ (N, - )W/Z. (17)

While the same maximum throughput can be obtained when
both strategies have only one transmission per frame, i.e.,

Nmin =

= E (18)
n

Tmax = Msmax = Mtmax

The idea of SSR is, by effectively retransmitting the most
“wanted” data to obtain Pb(N) (and hence P(E)) close to those
of type-I TC-HARQ at each transmission, instead of having the
relationship between the maximum numbers of transmissions
shown in (17), we can actually achieve

within a certain signal to noise ratio (SNR) range. Hence,
putting (19) into (14), we have

k k

T+ T =02/ W —TWjZ} ~ =™

(20
That is, by retransmitting less bit to correct the errors, SSR can
obtain higher throughput than type-I TC-HARQ. It should be
noted that this is true only within a specific SNR range where
both SSR and type-I TC-HARQ need to transmit more than once
but less than the maximum transmission limit per frame on aver-
age. SNRs that are too low or too high will lead the throughputs
of both schemes to reach the minimum or maximum values, re-
spectively. The effective SNR range is determined by channel
type, maximum number of retransmissions allowed, etc.

n

B.3 Buffer Size

For data with multiple transmissions, equal gain combining
is employed at the receiver for both SSR and type-I TC-HARQ.
Let z,, and z7 denote the received copy of bit  and the com-
bined result of bit x after the n-th transmission, respectively,
then the equal gain combining process can be expressed as

n x?—l(n— 1) +z,

T, =

2D
n

That is, after each retransmission, the new received data are first
combined with the old combined version and then saved into the
same buffer unit. Therefore, with equal gain combining SSR and
type-I TC-HARQ have the same receiver buffer size.
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Fig. 2. Modification of SSR for adapting to interleaver: (a) Original SSR,
(b) modified SSR.

B.4 Feedback Load

The feedback of SSR-based TC-HARQ is Z bits, the z-th
(z = 1,2,--, Z) of which denotes whether to retransmit the
z-th segment, while that of type-I TC-HARQ can be as few as
only one bit, denoting whether to retransmit the entire frame
or not. Therefore, SSR increases feedback load as compared to
type-1 TC-HARQ. However, this increase of a few bits is not a
large cost. For example, Z is set as 10 in our simulation.

III. MODIFICATION FOR INTERLEAVER AND
FADING CHANNEL

In a practical wireless communication system, an interleaver
is always employed before transmission to prevent long blocks
of successive errors caused by deep and correlated channel fad-
ing. As a result, though one data segment may experience more
severe fading than others, with the effect of the interleaver, er-
rors in this segment will be spread out along the entire frame.
With the previously discussed SSR strategy, the mean absolute
LLR value after decoding does not directly correspond to the
residualf error status of a segment at the channel because the
order of bits is changed by the interleaver.

Therefore, we further propose a modified SSR strategy to
adapt to the use of interleaver. As shown in Fig. 2, ‘A; ‘B;
and ‘C’ denote data before channel encoding, after channel en-
coding, and after interleaving, respectively. Data in ‘C’ are to
be transmitted over the channel. Previously discussed SSR is
shown in Fig. 2(a). Since a segment of data in ‘A’ and ‘B’ are
scattered in ‘C’ due to interleaving, they will not experience the
correlated fading. Apparently, retransmitting a data segment in
‘B’ may not get the best possible result. In our modified SSR as
shown in Fig. 2(b), instead of retransmitting a segment in ‘B;
we retransmit a set of data in B that can form a segment in ‘C’ so
that they experience the correlated fading and might have been
severely corrupted together. The positions of this set of data are
completely determined by the interleaver and the segment num-
ber in ‘C.” As a result, this modification in SSR adds no burden
for feedback.

Let the order of original information bits be s; =
[1,2,--- ,n], turbo coding rate be 1/r, then the positions of sys-
tematic bits after encoding are s3 = [1,7+1,--- ,(n—1)r+1].
Let 8(i) represent the position of bit % after interleaving, then
the ordered positions of systematic bits after interleaving are
s5 = [sort{B(1), B(r+1), -+, B((n—1)r+1)}], where sort{-}
represents the function of sorting a sequence in increasing order.
s1, 82, and s3 denote the positions of information (systematic)
bits at ‘A’, ‘B’, and ‘C’ in Fig. 2, respectively. We modify SSR
by using s3 as the order of systematic bits to segment data, in-
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stead of using s in original SSR.

To get the LLR information of bits in s3, let 87 (i)
represent the position of bit ¢ after deinterleaving, then
the positions of bits in ss after deinterleaving are sy =
(3~ Y(s3[1]), B~ (s3[2]), -+ , B~ (s3[n])]. And the positions of
bits in s, after turbo decoding are s5 = [(s4[l] + r —
1)/r, (sa[2) + 7 — 1)/r,--+ ,(saln] + r — 1)/r]. s4 and s5
correspond to the positions of systematic bits at ‘B’ and ‘A’
in Fig. 2(b), respectively. Finally, instead of (3), the follow-
ing equation is used for estimating the residual error status of
segments and conducting retransmission.

|LLR|, =

o~ =

{
Z |Lo(X(ss(z = 1)L+ (22)

We evaluate the effect of this modification by simulations.
Each data frame with 1000 bits is uniformly divided into 10
segments. 24-bit CRC with generator polynomial gc(z) =
(143000003) 0+ [13] is concatenated with a rate-1/3 turbo code
with generator polynomial g;(z) = (1,15/13),c¢ [13] for one
frame. The intra-frame interleaver defined in [13] is employed
before transmission. The popular block fading channel model
[14] is considered, where the fading coefficients are assumed
to be constant over each segment and vary, from one segment
to another. The fading envelopes of different segments follow
Rayleigh distribution. So that different segments may have dif-
ferent channel gains. The number of transmission for each frame
is limited to 3. The entire frame is transmitted at the 1st trans-
mission; 5 segments out of 10 are retransm'tted at the 2nd trans-
mission upon request; the rest of the frame with no retransmis-
sion yet is retransmitted at the 3rd transmission when error still
occurs.

This setting ensures that the BER of original and modified
SSR are of zero difference statistically, since the modification
only causes difference at the 2nd transmission, if the 2nd trans-
mission fails, the 3rd transmission will be conducted and after 3
transmissions the retransmitted bits of the two strategies are the
same. Fig. 4 shows throughput as a function of Ejy /Ny for orig-
inal and modified SSR, where F is the average received energy
per bit and Ny is the double side noise power spectral density.
As expected, modified SSR has distinct improvement over origi-
nal SSR, because the modified SSR strategy can retransmit more
bits severely corrupted in the 1st transmission. Table 1 gives the
specific number of transmissions in the experiment, where 1000
frames are considered. It is shown that mcdified SSR saves the
use of the total number of transmissions as compared to orig-
inal SSR, and thus improves throughput. Apparently that this
modified strategy shall result in the highest improvement under
block fading channel, some improvement under Rayleigh fad-
ing channel, but the same performance urder AWGN channel,
as compared to original SSR.

IV. WCDMA SYSTEM OVERVIEW

WCDMA is one important standard of the 3G mobile com-
munication systems [13], [15]. In this paper, the modified SSR
is applied to the downlink of the system. The baseband system
diagram is shown in Fig. 3.
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Fig. 3. System diagram of TC-HARQ in WCDMA.

Table 1. Numbers of transmissions for original and modified SSR (1000 frames transmitted, block fading channel).

Ey, /Ny (dB) —1 0 1 2 3 4 S 6 7
No. Tx. modified SSR | 3000 | 2935 | 2683 | 2192 | 1852 | 1465 | 1263 | 1123 | 1019
No. Tx. original SSR | 3000 | 2985 | 2863 | 2442 | 1984 | 1547 | 1287 | 1131 | 1026
0.34 T T T T T T T . - - .
voaneaser ] ; ; : station uses one identical pseudo-random noise (PN) code se-
032 [-| —6—orginal8SR |1l R R RIREE ey : quence p(t) for scrambling the sum of the spread data from dif-
: : : ferent users.
O U UUS SRR SOUURRE . SO ) )
Block fading channel Assume the system has K users, let d; (%), da(%), -+ -, and
028 ol ‘ 1 dk (¢) denote the data sequence of user 1, 2, - - -, and K before
spreading, respectively. Then the transmitted signal at the base
5 026 ) OO OO SRR R
g station is [16]
|- S ]
F K
022 [ L 1 s(t) = p(t) Y VP x di(i) x c(t —i X SF X Tepip). (23)
. : k=1
oz | e A ]
ot b ] Py is the transmission power assigned to user k; cx(t) is
the OVSF code sequence used by user k; SF is the spread-
016 o . 2 ) Y s 5 ; ing factor; and T, is the time duration of one chip. The

EpiNg (dB)

Fig. 4. Throughput comparison of original and modified SSR.

CRC parity bits are attached for error detection, and turbo
coding is applied for error correction. The transmission buffer
stores the coded data and will either transmit a new frame or
retransmit data of the old frame according to acknowledgment
(ACK) or negative acknowledgment (NAK) from the receiver.
For SSR-based TC-HARQ, the feedback information will be Z
bits, indicating which segments to be retransmission. In order
to avoid the existence of continuous errors under deep fading,
the data after encoding are interleaved so that neighboring bits
experience different fading conditions. Quadrature phase shift
keying (QPSK) modulation is then employed. The data of dif-
ferent users are spread with specific orthogonal variable spread-
ing factor (OVSF) codes for identifying each other. Each base

OVSF codes used by different users compose an orthogonal set
{c1(t),ca(t), -+ ,cx (t)}, which satisfies

0 i

SE i=3j (24)

< ¢i(t),ci(t) >= {
where < - > denotes the inner product of two vectors.
The received signal can be represented as

L
r(t) = Z eIlwelt=m+ ¢l (1 — 1)s(t — 1) +n(t)  (25)
=1

where L is the number of paths; w, is the carrier frequency;
n(t) is white Gaussian noise with zero mean and variance g% =
Ny /2; 7 is the relative delay of the [-th path; o (2) is the channel
gain of the [-th path, the envelope of which follows Rayleigh
distribution; and ¢; is the phase shift of the [-th path, which is
uniformly distributed over [0, 27). '
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Table 2. Power delay profile of the channel model.
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ig. 5. Residual errors and corresponding mean absolute LLR value and
number of sign changes after turbo decoding in WCDMA.

We consider a 6-path frequency selective fading channel
model for WCDMA [17]. The power delay profile of the chan-
nel is given in Table 2, which shows the relative delay and aver-
age power of each path. In the simulation, the delay of each path
is rounded to the nearest integer multiples of chip duration. Per-
fect Rake receiver is assumed to deal with the multipath fading,
with 3 fingers correlating to the 3 strongest paths, whose rela-
tive delay and average power are assumed available. Maximum
ratio combining is employed for combining these paths. The re-
ceived signal is then descrambled by the original PN code se-
quence p(t). The desired data of user % is resolved by despread-
ing with ¢ (t). The data after demodulation and de-interleaving
are passed into the receiving buffer for turbo and CRC decod-
ing. Once CRC detects error, SSR-based TC-HARQ is applied
to determine which segments to be retransmitted.

V. EXPERIMENTAL RESULTS

We evaluate the performance of SSR-based TC-HARQ in
WCDMA by simulations. To demonstrate the effectiveness of
SSR in determining the residual error status of different seg-
ments in WCDMA, we first perform an experiment, where 200
frames are transmitted once at Ej,/Ny = 1.5 dB in the single-
user case. The SF is set to 32. Frame and segment sizes and
codes used are the same as those specified in Section III. Fre-
quency selective fading channel model as defined in Table 2 is
applied. Fig. 5 gives the percentages of residual errors, mean
absolute LLR value, and number of sign changes of each seg-
ment, where segments in each frame are ordered with increasing
number of errors. Err,, L,, and S, are defined as

— X 100%

€z

Err, = (26)

i=1
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Fig. 6. BER of SSR and type-l TC-HARQ in WCDMA.
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Lz = m X 100%
i=1 z

S, = 39" 00%
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Zi:l Sgn.

where e, |LLR),, and Sgn, are the number of errors, the
mean absolute LLR value, and the number of sign changes of
the 2-th segment averaged over all frames, respectively. Fig. 5
clearly shows some segments do have more errors than others
and SSR-based TC-HARQ could effectively pick them out in
WCDMA. A larger mean absolute LLR value or less number of
sign changes corresponds to less residual errors in a segment. It
is also shown that the mean absolute LLR value and the number
of sign changes give similar effects on estimating the residual
error status of segments. Therefore, we employ only SSR-based
TC-HARQ using mean absolute LLR value in later simulations.

The BER and throughput of SSR and type-1 TC-HARQ are
then compared in WCDMA. Cases of single, 16, and 32 users
are considered. The transmission limit per frame of type-I TC-
HARQ is set to 2, while that of SSR is set to 3. The minimum
and maximum throughput of 0.162 and 0.324, respectively, can
then be achieved by both TC-HARQ strategies according to
equations (16) and (18). SSR-based TC-HARQ transmits the
entire frame at the 1st transmission, selects 5 segments out of
10 to retransmit at the 2nd transmission upon request, and re-
transmits the rest 5 segments at the 3rd transmission. Type-I
TC-HARQ transmits the entire frame in both transmission and
retransmission. The BER performance of SSR and type-1 TC-
HARQ in WCDMA are shown in Fig. 6. Since SSR effectively
selects the most “wanted” data for correcting errors at retrans-
mission, it obtains similar BER as type-I TC-HARQ in all single
and multiple user cases. 32-user and 16-user cases exhibit worse
performance than single-user case due to the multi-user interfer-
ence. The BER of single-user system without retransmission is
also plotted as a reference.

The throughput per user of SSR and type-I TC-HARQ in
WCDMA are given in Fig. 7, which shows the performance in
three categories. We take the single-user case as an example.
In low Ej/Np range (< 0.5 dB), both strategies have to con-
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Fig. 7. Throughput per user of SSR and type-| TC-HARQ in WCDMA.

sume all possible transmissions and may still have errors. So
the same minimum throughputs are obtained by both strategies.
In medium Ej, /Ny range (0.5-3.5 dB), significant improvement
is obtained by SSR, since for many times type-I TC-HARQ
needs to retransmit the entire frame to correct errors while by
efficiently estimating the positions of segments containing more
residual errors, SSR retransmits only the most “wanted” seg-
ments of the frame and can correctly decode the data frame. We
find that both strategies reach the same maximum throughput
in higher E},/Ny range (>3.5 dB). This is because one trans-
mission generally is enough to decode all data correctly in such
channel condition. This can also be verified from Fig. 6 that the
BER of single-user system without retransmission reaches rea-
sonable low value in this range. The throughput in 16 and 32
user’s cases demonstrate similar manner as that in single-user
case, with the only difference that higher E, /N ranges are re-
quired due to the multi-user interference.

It is noticed that the F} /Ny range for the throughput in Fig. 7
is different from that for the BER in Fig. 6. This is because the
throughput will go above the minimum value only when some
frames do not require all the number of transmissions, which
must have been error free before the final transmission. So the
BER should be low enough when the throughput is higher than
the minimum value, and thus the E, /N range is higher in Fig. 7
than that in Fig. 6, for corresponding cases.

In the simulation of Figs. 6 and 7, the transmission limit per
frame of type-I TC-HARQ is set to 2, while that of SSR is set
to 3. So the average number of transmissions per frame of SSR
will be larger than that of type-I TC-HARQ. We show in Fig. 8
the actual average number of transmissions per frame for both
schemes. It can be seen that SSR does have more transmissions
than type-1 TC-HARQ, however, the ratio between the number
of transmissions of SSR and type-1 TC-HARQ is much less than
the ratio of 3/2 (obtained at the maximum transmission limit)
most of the time, especially in the effective range where SSR
achieves much higher throughput than type-I TC-HARQ, such
as, 1.5-3.5 dB in single-user case. This is because for most
cases SSR can locate and correct the errors at the 2nd trans-
mission, there is no need for the 3rd transmission, though it is

JOURNAL OF COMMUNICATIONS AND NETWORKS, VOL. 8, NO. 2, JUNE 2006

T T T T T
X —— SSR T
.. . | =& Type-ITC-HARQ |.. . 4

| SF=32

Frequency selective
fading channel :

16 users

1 user

Ave. No. of Tx. per frame
)

5 3 35
Eb/No (dB)

Fig. 8. Average number of transmissions per frame of SSR and type-|
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available upon request. It is this character of similar number of
transmissions but only several segments per retransmission that
makes SSR advantageous in effective £,/ Ny ranges.

It should be noted that, the significant improvement in
throughput of SSR also requires a few more feedback informa-
tion than type-I TC-HARQ. With a pre-defined retransmission
strategy, type-1 TC-HARQ only feeds back one single bit ‘1° or
‘0’ to indicate ‘ACK’ or ‘NAK.” For SSR with Z segments, Z
bits feedback are required, the z-th of which being ‘0’ or ‘1’
indicates whether to retransmit the z-th segment or not. How-
ever, this is a minor cost and is much less in magnitude than the
scheme in [4].

The SSR idea can be conveniently generalized to different
strategies for specific environments and applications. In the sim-
ulation of this paper, we consider each frame to be uniformly
divided into 10 segments in SSR, and 5 segments are selected
to retransmit each time upon request. However, the number of
segments per frame can vary, and the sizes of different segments
within a frame can be different, according to any given knowl-
edge on data format, channel condition, and so on. Also, the
retransmission strategy is flexible, and the number of segments
to retransmit each time can be dynamic based on the estimated
residual error status of segments. For example, if after the 1st
transmission, it is estimated that all the segments in this frame
are very severely corrupted, we can retransmit the entire frame
at the 2nd transmission; but if after the 2nd transmission, it is es-
timated that only a couple of segments have low |LLR|, values,
we may retransmit these one or two segments and then correct
all errors. It can be noticed that SSR is also able to work di-
rectly with type-Il TC-HARQ by retransmitting the redundant
parity information only for those severely corrupted segments,
instead of retransmitting parity bits for all segments.

VI. CONCLUSIONS

In this paper, the principle of SSR-based TC-HARQ is pre-
sented first. Then the performance of SSR is analyzed in terms
of reliability and throughput. Later, a modification on SSR for
adapting to interleaver under correlated fading channel is pro-
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posed. Finally, the modified SSR is applied to the WCDMA
system and compared with type-I TC-HARQ under frequency
selective fading channel. In all single and multiple user cases,
simulation results show that SSR leads to significant improve-
ment in throughput than type-I TC-HARQ with little compro-
mise in BER.
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