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Abstract—This paper proposes a hybrid ARQ error control
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Real-time video services require high reliability with a low

scheme based on the concatenation of a Reed-Solomon (RShounded time delay and a reasonably high transmission rate.

code and a rate-compatible punctured convolutional (RCPC) code
for low-bit-rate video transmission over wireless channels. The

concatenated hybrid ARQ scheme we propose combines the ad-

vantages of both type-1 and type-Il hybrid ARQ schemes. Certain
error correction capability is provided in each (re)transmitted
packet, and the information can be recovered from each trans-
mission or retransmission alone if the errors are within the
error correction capability (similar to type-1 hybrid ARQ). The
retransmitted packet contains redundancy bits which, when com-
bined with the previous transmission, result in a more powerful
RS/convolutional concatenated code to recover information if
error correction fails for the individual transmissions (similar to
type-Il hybrid ARQ).

Bit-error rate (BER) or signal-to-noise ratio (SNR) of a radio
channel changes over time due to mobile movement and fading.
The channel quality at any instant depends on the previous
channel conditions. For the accurate analysis of the performance
of the hybrid ARQ scheme, we use a multistate Markov chain
(MSMC) to model the radio channel at the data packet level.
We propose a method to partition the range of the received
SNR into a set of states for constructing the model so that the
difference between the error rate of the real radio channel and
that of the MSMC model is minimized. Based on the model,
we analyze the performance of the concatenated hybrid ARQ
scheme. The results give valuable insight into the effects of the
error protection capability in each packet, the mobile speed,
and the number of retransmissions. Finally, the transmission of
H.263 coded video over a wireless channel with error protection
provided by the concatenated hybrid ARQ scheme is studied by
means of simulations.

Index Terms—H.263 video, hybrid ARQ, multistate Markov
model, wireless channels.

HE advances in low bit-rate video coding technolog
have led to the possibility of delivering video service

INTRODUCTION

very low bit-rate video coding. Recently, ITU-T/SG15 finish

e
the first draft recommendation of H.263 which targets tl-?z ) . .
Eg.‘d)rrectlon overhead can correct the errors in the transmit-

transmission of video telephony through the public switch

S
to users through band-limited wireless networks. Both ITJ
T/SG15 and ISO-MPEG4 are working to set standards f

Wireless channels, on the other hand, are error prone, time
varying, and band limited. Proper error control is necessary
to obtain acceptable quality video transmission. Traditionally,
forward error correction (FEC) codes are used for real-time
services because they maintain a constant throughput and a
bounded delay. Wireless channels are time varying. FEC codes
can be chosen to guarantee certain quality of service (QOS)
requirements for the worst channel conditions. However, this
causes unnecessary overhead and reduces throughput while the
channel is in a good state. A possible approach to solve this
problem is to use unequal error protection techniques [21]. For
these schemes, to improve the channel utilization, different
error protection capabilities are provided to the data in the
coded video hit stream based on the importance of the data
to the video quality and its resilience to errors. The other
approach is to use adaptive error protection schemes. The
advantages of the adaptive error protection schemes are that
these schemes do not require extra overhead for the priority
layering, and a change in the syntax of the standard single-
layer coding schemes such as H.263. Recently, it has been
shown that truncated hybrid automatic repeat request (ARQ)
schemes can significantly improve video transmission quality
because of their adaptability to channel conditions [2]. In this
paper, we investigate this further.

There are two conventional classes of hybrid ARQ schemes:
type-1 and type-Il. Type-I hybrid ARQ schemes include parity
bits for both error detection and error correction in every
transmitted packet. If the number of erroneous bits in a
received packet is within the error correction capability of
the code, the errors are corrected and the decoded message
Ys accepted by the receiver. If an uncorrectable error pattern
s detected, the packet is rejected and a retransmission is
B?quested. The transmitter sends the original packet again. In
pe-l hybrid ARQ schemes, information can be recovered
om each transmitted packet. Appropriately designed error

telephone network (PSTN) at data rates less than 64 kbft?éj packets, thereby reducing the number of retransmissions

[1]. The expert’'s group is starting to adapt H.263 for wirele

applications because the low bit rate makes it well suited f§

current band-limited wireless networks.
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S‘%ompared to an error-detection-only pure ARQ scheme and

phancing the system throughput. Since wireless channels are
time varying, some algorithms have been developed to adapt
the code rate in each (re)transmission to the channel conditions
[71-[9]. A disadvantage of type-I hybrid ARQ schemes is that

the uncorrectable packets are discarded by the decoder even if
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For type-Il hybrid ARQ schemes, the erroneous packet is
kept for future use rather than discarded. Redundancy bits
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are transmitted only when they are needed, which providesde (called concatenated hybrid ARQ, CH-ARQ). The CH-
the ability to adapt to changing channel conditions. In thBRQ scheme combines the advantages of both type-l and
conventional type-Il hybrid ARQ schemes based on ratesmpe-ll hybrid ARQ schemes, i.e., certain error correction
compatible punctured convolutional (RCPC) cddi], [4], capability is provided in each (re)transmitted packet, and
the initial transmission of a data packet only includes the bitse information can be recovered from each transmission
required for a very high-rate code. If the high-rate code & retransmission alone if the errors are within the error
not powerful enough to combat channel errors, then supplsrrection capability (similar to type-l hybrid ARQ), and
mental bits, which were previously deleted by puncturinghe retransmitted packet consists of redundancy bits which,
are transmitted in the retransmission. The receiver, upamen combined with the previously transmitted packet, result
receiving the retransmitted redundancy bits, tries to recovara more powerful RS/convolutional concatenated code to
the information by combining the redundancy bits with theecover information if error correction has failed for every
previously transmitted data to produce a lower rate errsingle packet (similar to type-Il hybrid ARQ). Future networks
correction code. If the combined decoding scheme fails, theuill support multimedia services. A mobile terminal may set
this process continues as needed, decreasing the coding ugtesessions for voice, data, as well as video, and modify
down to that of the mother code. If the starting code rate isem during a call. The proposed CH-ARQ scheme can
high and the incremental step is small, it could give goditexibly accommodate the individual QOS requirements of
throughput. A special case of type-ll hybrid ARQ schemedlifferent services. For example, the RCPC code can be used
first introduced by Linet al. [5], [6], employs a rate 1/2 to guarantee the QOS requirements of voice services. The RS
invertible block or convolutional code. The original datzode and the ARQ scheme can be assigned to an upper layer
packet and the parity packet are alternatively transmitted urdfl the system to improve the QOS for the requirements of
either an error-free packet is received or error correctisiideo services.
is possible with the rate 1/2 code obtained by combining The quality of compressed video transmission strongly
the original data packet and the parity packet. Howevetepends on the residual errors that remain after the error
each individual packet (information packet or parity packetorrection process. The performance analysis and charac-
contains no error protection capability. terization of the residual error are important to understand
For type-Il hybrid ARQ schemes, the redundancy bits athe effects of errors on video transmission quality, and to
added through retransmissions, that is, the type-II hybrid AR&¥fectively design the communication systems and video cod-
schemes trade off the number of retransmissions for a higlwg algorithms. Although a lot of work on the performance
throughput. For real-time services, delay limits the number ghalysis of hybrid ARQ schemes has appeared in the literature
retransmissions that can be used. It is impractical to increg$€]-[14], unfortunately, they are either based on a fully
the redundancy step by step starting from a very high-ratgerleaved Rayleigh channel, or an AWGN channel, or a two-
code. We need to compromise the throughput to increase tgigte Markov channel without the derivation of the Markov
error correction capability for faster convergence and to reduggrameters from the real radio channel. Radio channels are
the delay. Moreover, the conventional type-Il hybrid ARQime varying, and the channel quality at each instant depends
scheme based on RCPC codes cannot recover informatignthe previous channel conditions. A multistate Markov chain
from the retransmitted packet alone [3], [4]. Both random an®/SMC) has been shown to be a much more accurate channel
bursty errors exist on wireless channels. When a packetnigdel than the two-state Gilbert—Elliott model [15], [16].
in a long deep fade, almost all of the data in the packet aHwever, previously, MSMC was only used as a bit level
corrupted, and additional parity information for that packehodel for radio channels [16]. In fact, data are transmitted
will be useless for the decoder even if the parity retransmissign packets that contain many bits/symbols. Various error
is received with a high signal-to-noise ratio (SNR) value. lgorrection/detection, interleaving, and retransmission schemes
addition, the initially transmitted packet may be lost due tgre employed. Only the residual error is relevant to the quality
header errors so that the parity bits are completely uselesBvideo transmission and the effective design of higher layer
Although the type-Il hybrid ARQ scheme based on rate 1k3deo encoding algorithms. Furthermore, a complete statistical
block or convolutional codes can recover information fromnalysis of the bit/symbol error process can be complex,
each transmission alone [5], [6], like a pure ARQ scheme, eaghd often, because of coding and interleaving, quite some
transmitted packet itself contains no error correction capabiliypproximations are needed to obtain results. In this paper,
It is desirable that the information can be recovered from eagle use an MSMC as a data packet level model of the radio
transmission alone, and the transmitted packet itself has sogh@nnel, and propose a method to partition the range of the
error correction power dependent upon the channel conditiopsceived SNR into a set of states for constructing the model
In this paper, we design a hybrid ARQ scheme based on ¥ that the difference between the error rate of the real radio
concatenation of a Reed-Solomon (RS) code and an RCE{annel and that of the MSMC model is minimized. Based
1A low-rate 1/$2 code can be periodically punctured (i.e., deleting or no?n the model, we analyze the performgmce of th.e- CH-ARQ
transmitting certai_n code bits) with perigdto obtain a fami-ly”of codes with scheme. The effects of the error protection capability in each
ratep/(p +b) whereb can be varied between 1 anl — 1)p. The concept of packet and the mobile speed on the throughput and the residual
RCPC codes was developed by Hagenauer [3]. For a family of RCPC COdR?cket error rate (RPER) are determined.
all code bits of high-rate codes can be used by the lower rate codes of eUnIike data, video transmission can tolerate certain errors

family; this allows transmission of incremental redundancy in hybrid ARQ ) h
schemes. (less tharl0—*-10~2 packet error rate), but it has stringent de-
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lay requirements. This suggest that we can limit the maximuperformed on the decoder output, and the CRC bits are
allowed number of retransmissions in a hybrid ARQ schemmemoved. The decoded output is denoted/bfafter the CRC
to satisfy the QOS requirements of video communicationsits are removed). If no error is detected in the decoded
It is important to understand the impact of the maximursequencel,] is assumed to be error free, and is accepted
allowed retransmission number on reliability, throughput, artty the receiver (after deinterleaving with Ja x k-symbol
delay performance. In this paper, the impact of the number @éinterleaver). At the same time, a positive ACK is sent to
retransmissions on the residual packet error rate, the througte transmitter. If the presence of an error pattern is detected
put, and the transmission delay are investigated. Finally, tiel, ] is then deinterleaved and stored in the receiver buffer
transmission of H.263 coded video over a wireless chanrfet possible reprocessing at a later time, and no ACK is sent.
with error protection provided by the CH-ARQ scheme it the transmitter, if an ACK is received before the timer
studied by means of simulations. expires, the transmitter knows that the initial transmission was
The paper is organized as follows. In the next section, tikeccessful, and it discards thecorresponding parity blocks.
concatenated hybrid ARQ scheme is described. In Section Ifi,not, it assumes that uncorrected errors occurred in the
the multistate Markov chain channel model is defined ariditially transmitted packet. The transmitter then interleaves
used to analyze the performance of the CH-ARQ protocahe A corresponding parity blocks, adds the CRC bits, and
In Section IV, we investigate the transmission of H.263 codédrms a parity macrobloc(I). The parity macroblock’(7)
video over a wireless channel with error protection providdd encoded to form a parity packét with the RCPC encoder
by the CHARQ scheme. Section V concludes our work.  based on the channel conditions [after thé tail bits are
attached toP(I)]. The parity packet is then sent to the

receiver.
Il. DESCRIPTION OF THE Let  be the received parity packet. Afté} is received,
CONCATENATED HYBRID ARQ SCHEME the receiver first decodes it with the RCPC decoder. The CRC

The concatenated hybrid ARQ scheme combines the typehieck is then performed on the decoder output, and the CRC
and type-Il hybrid ARQ. The type-ll hybrid ARQ is realizedbits are removed. The decoded output is denotedHpy)
with a half-rate code [5], [6]. The CH-ARQ scheme employ&after the CRC bits are removed). If no errors are detected
three codesCy, C1, and Cz. Cp is an (N, K) cyclic re- in P(I), after deinterleaving, the receiver inverts all the RS
dundancy check (CRC) code [5], which is used as the errarity blocks inP(I), denoted by/(F), and acceptd(F) as
detection codeC; is an RCPC code for error correction, andhe original information data (since the RS code is invertible).
C, is a half-rate invertible shortened RS cod;, k, t) with  If the presence of an error pattern is detected’{d), P(I) is
m bits per symbol for both error detection and correctionleinterleaved and combined with the erroneous data sequence
For the invertible code, the information block and the parity in the receiver buffer to form tha rate 1/2 RS codes. Error
block have the same length, and the information block can perrection is then performed on the RS codes. If only one
obtained uniquely from the parity block by a simple invertingetransmission is allowed due to the delay constraints of real-
algorithm [6]. time services or the errors are correctable by the RS codes,

Information data are first divided into blocks witbsymbols the RS decoded message is accepted.
(km bits) per block. An information blocl is encoded using  If multiple retransmissions are allowed and an uncorrectable
the half-rate invertible RS cod@,. The k-symbol-long parity error pattern is detected by the RS decoder, the erroneous par-
block P(D) corresponding taD is formed.(D, P(D)) is a ity dataP(I) is saved in the receiver buffer, the old erroneous
codeword inC,. After RS encoding)\ consecutive informa- information sequence is discarded, and the retransmission of
tion blocks are transmitted in the initial transmission, and the information packef is requested. Whed is received, it
corresponding parity blocks are saved in the transmitter bufisrused to recover the information as described before. If this
for possible transmission at a later time. Before transmissidails, the new erroneous information datand the erroneous
these\ consecutive information blocks are input row by rowparity dataP(I) (previously stored in the receiver buffer) are
into a A x k-symbol interleaving buffer, and then read outombined to form the\ rate 1/2 RS codes for error correction.
column by column in symbols. These interleaved informatidiithe errors are still not correctable, the d{I) is discarded,
symbols are converted tA = A x k x m bits. Based on the and 1 is stored in the receiver buffer. The next retransmission
(N,K) CRC codeCy, (N — K) CRC bits are attached towill be the parity packet(). This process continues, i.e.,
K information bits to form anV-bit information macroblock alternating transmissions of the information packeand the
I. The information macroblocK is appended by\/ tail bits parity packet(}, until the allowed maximum retransmission
for terminating the convolutional encoder memory, and therumber is reached or the data are successfully accepted.
encoded by the RCPC encoder to form an information packetThe length of the output error bursts from Viterbi decoders
J. J is transmitted. The code rate of the RCPC encoder candre widely distributed; we interleave the RS codes so that the
selected based on channel conditions. The code rate determeresr bursts are spread among the RS codes. This increases
the redundancy added in the information packety the the probability that errors can be corrected by the RS codes.
RCPC encoder. A timer at the transmitter is set whiers Otherwise, a long block code should be used. Interleaving is
transmitted. done on a symbol rather than a bit basis.

Let J be the received version of at the receiver.J The proposed hybrid ARQ scheme is very flexible. It can
is decoded by the RCPC decoder. The CRC check is thagiapt to channel conditions, and provide very powerful error
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correction capabilities. The RCPC code, whose rate can el quality at any instant depends on the previous channel
selected according to the channel conditions, corrects randoamdition. This kind of channel can be modeled using a
errors and short bursty errors. When the channel conditionnmiltistate Markov chain. The MSMC model is constructed
good, the redundancy added by the RCPC coder can be sntafl partitioning the range of the received SNR into multiple
and few retransmissions are required. This results in a higttervals. Each state of the channel corresponds to one of these
throughput with a low time delay. As a result, the video sourdetervals whose quality is characterized by a particular BER
rate can be high, and a good video quality can be obtainedlue. The methodology used to map the physical channels to
When the channel condition becomes bad, the RCPC cotlee multistate Markov chain model is important.
adjusts its rate, and adds more bits for channel coding in ordein this paper, we consider the Rayleigh fading channel. The
to increase its error correction capability and to reduce tipeobability density function of the received SNR, is
frequency of retransmissions.

If the initial transmission suffers from a long deep fade that po(T) = iexp <_l) 1)
swamps the RCPC decoder, the extra parity blocks for the RS Yo Yo
codes are sent in the retransmission, i.e., error correction pa\r/i/tp{ere is the average SNR. The maximum Doobler fre-
symbols for the rate 1/2 RS codes are transmitted only when 70 ge . ximu PP

ency of the system is given b, = f.v/c, wherev is the

they are needed. The RS parity blocks can recover the drgn!%bile speedg is the speed of the electromagnetic wave, and

through inversion alone if they are error free or if the error: is the carrier frequency. Eor the Ravleiah fading channel
in them can be corrected by the accompanied RCPC coi& q Y. Yielg 9 '

S . ; . : € average level crossing rate at the SNR vajyevhich
This is very important for time-varying wireless channels . ;
. ; 15, defined as the expected number of times per second that
where an error burst or a header error might wipe out most Of . o
L - o . "the SNR passes through the given lewein the positive or
the initial transmission, yet leave the retransmission relative ative direction, can be expressed as [17]
error free. In addition, the RS parity blocks can be combine 9 ' P

with the previously transmitted information blocks to form a 27y -~
Ny = 4/ ?fmexp<—,y—). 2)
0

powerful RS-RCPC concatenated code to correct errors when
error correction has failed for the individual transmissions.
In order to build the MSMC model, we assume that the
lll.  PERFORMANCE ANALYSIS statistical parameters defining the Rayleigh fading channel
In this section, we analyze the performance of the proposeary slowly with respect to the transmission time of a channel
concatenated hybrid ARQ scheme over a fading radio chanreimbol, and that the channel state transitions occur only
We model the fading radio channel as a multistate Markat the end of the packet transmission. An MSMC model
chain (MSMC) because the radio channel is time varyingan be defined by a state transition matrix, the steady-state
MSMC as a bit level model for radio channels has begrobability, and the BER for each state. To characterize the
studied, and shown to be much more accurate than the tvirayleigh fading channel as a discrete MSMC, the received
state Gilbert—Elliott model [15], [16]. In our communicationSNR value is partitioned into a finite set of rangés The
system, data are transmitted in packets that contain maayges are specified by the endpoifiis: z; < 22 < 23 <
bits/symbols. Error correction/detection, interleaving, and re-- < zg41 = oo. If its SNR value is in the rangerg, ©x+1),
transmission schemes are employed. In fact, only residtlaé channel is mapped to the statg:), which corresponds
errors are relevant to the quality of video transmission and a BER valuee;,. This mapping process results in some
the effective design of higher layer video encoding algorithmdistortion. We therefore need to define a distortion measure
A complete statistical analysis of the bit/symbol error proce$sr the mapping process, and minimize the difference between
can be complex, and often, because of coding and interleavitige model and the real channel. We wish to minimize the mean-
quite some approximations are needed to obtain results. In thigiare error (MSE) of the BER value of a state for the MSMC
paper, we use MSMC as a data packet level model of the radimdel and the BER for the Rayleigh fading channel within the
channel, and propose a method to partition the range of tingerval corresponding to that state. The MSE is defined as
received SNR into a set of states for constructing the model so o
that the difference between the error rate of the MSMC model Fhet1
and that of the real radio channel is minimized. Based on the MSE = Z /w (ex _pb(’y))Qp”’(’y) . (3)
model, we analyze the performance of the concatenated hybrid h=1 70
ARQ scheme. The effects of the error protection capabilitthe necessary conditions to minimize the MSE can be ob-
in each packet, the mobile speed, and the maximum allomeghed by differentiating MSE with respect to thg's and
number of retransmissions are investigated. We describe #es and setting derivatives equal to zero:
channel model in Section IllI-A, and in Section IlI-B, the

L. . . . OMSE Th41
aSr;zZIa/;s“prresented. The numerical results are given in P _ / 2ex — pu(7))py(7) dy = 0 (4)
. Tk
_ and
A. Multistate Markov Channel Model OMSE 5
. . = (ex—1 — po(1)) Py (71)
The bit-error rate (BER) or SNR of a radio channel changes dxy,

over time due to mobile movement and fading. The chan- — (ex — pu(z))?py(21) =0 (5)
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wherep,(v) is the BER value when the SNR is Thus, we where V,, is the level crossing rate when the value of the

get that received SNR is equal tog, which is given by
*Thk+1
/ 2o ()P~ (7) dy Nk:”mfnlexp(—ﬂ), k=1,2,---, &+ 1.
T Yo Yo
A — (6) (15)
/ py () dy Note thatN; = 0 for z; = 0 and Ng41 = 0 for zg41 = oo.
Tk We now summarize the procedures to construct the MSMC
and model.
ex—1+ ek 1) Based on (6) and (7), the iterative algorithm [18] is used
po(xr) = — (7) to obtain ther;’s and theey's, k = 1,2,3,-- -, ®.

2) The steady-state probabilities are obtained from (9).
When the number of stated and p,(y) for a modulation  3) Equations (10)—(15) are used to determine the MSMC
scheme is determined;;, ande¢; can be obtained from (6) transition matrix.
and (7) with the iterative algorithm developed in [18]. Note |t is clear that (12) and (13) only hold when the fading is
thatey, in (6) is just the average BER, while the received SNBIow enough, i.e., the level crossing ratg and/or Ny is
is within the interval corresponding to the MSMC state. In thigyych smaller than the vaIuHék):
paper, DPSK modulation is considered, and then the BER is

equal to [19 ‘ ‘
a [19] c:%)a, k=1,2,-.-,®.  (16)
b =0
2 When this condition cannot be satisfied, we can reduce the
Let {s(k)} k = 1,2,---,® denote the set of states of thdumber of states by combining the states until the condition
&-state MSMC. After{z;} is determined, the steady—statés satisfied. Errors can be perfectly randomized in a packet
probability in the states(k) of the MSMC model is through interleaving when the fading is very fast. As a matter

of fact, this perfectly interleaved channel is a special case of
Fht1 Tk Tht1 the MSMC model with the number of states reduced to one.
Tk :/w () dy :eXp<__> - xP <_ o ) ) " Finally, we also want to derive the channétep tran-
sition probability. The channed-step transition probability
We also wish to obtain the transition matrix Consider a P©)(s(j)|s(i)) is defined as the probability of being in state
communication system with a transmission rateigfpackets s(j) if the channel was in state(i) 6-packet transmission
per second. There are, on average durations back [15]. Thé-step transition probability matrix
can be obtained as

% Yo

R = Rym, (10)
T = A°, (17)
packets per second transmitted while the channel is in state
s(k). It is assumed that the channel state can only changego performance Analysis of the Concatenated
one of the two neighboring states at the end of a packet trap§/hrig ARQ Scheme
mission, i.e., the transitions only occur between neighboring

states. The Markov transition probabilities for nonneighborint In th_|s _sul?jselctlonf,t;hecgwfgghpu;, the RPER’I angl tThhe
states are equal to zero, that is ansmission delay of the CH-ARQ scheme are analyzed. The

channel is modeled by the MSMC channel defined in the
Aij=0, li—j|>1landi,j=1,2--,0. (11) previous subsection.
For an RCPC code with Viterbi decoding, given that the
The transition probabilities between neighboring states can ¢fgannel state is; when a packet is transmitted, the event error
approximated by [16] probability at any time unip.,(s;) and the postdecoding bit-
error probability p,i(s,;) are bounded, respectively, by [3],

Ak,kﬂz%, k=1,2,---,& -1 12) [l
P oo
and Peu(s) < D aapals;) (18)
d=dfce
Ny,
Ak,k—l ~ RTQ)’ k= 27"'7(1) (13) and 1 oo
P Prit(s;) SE > capals;) (19)
d=dfrcc

and the values of\; are given by

wheredg... IS the free distance of the codg;is the number

of information bits per time unit, i.e., the puncturing period;
A =1-App ag represents the number of incorrect paths at distaheg

Aps =1—Ap -1 (14) is the number of erroneous information bits on these distance

A =1 = Mg 1 — Mg gt k=2-.-,&-1
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d paths; andpy(s;) is the probability that a wrong path atand also
S:Zir;c»&l is selected when the packet is transmitted in channqj,r(Gﬂsj_lsjA;_lA;) — 1 — Pr(GS|sj_15;A5_ 1 AS). (28)

Let {A%]s;} and{A¢|s,} be the events that thgh retrans- After receiving thejth retransmission of a packef > Q),
mission of a packet, data, or parity of the RS code contaii€ '€ceiver tries to recover the information from thih
no errors and errors, respectively, after convolutional decodiffgffansmission itself by decoding the convolutional code. |f
and error detection with the CRC cod® (j = 0 represents this falls,_ |t_comb|nes thejth retransmission andj — 1)th
the initial transmission), given that the channel state forjthe retransmission to recover the information using the_ rate 1/2 RS
retransmission is;. We assume that there are no undetect&@de- LeLE; and £ be the events that, after receiving tjtb

errors. Then, the probabilities of these events are given Eﬁ;ransmission of a packet, the receiver correctly recovers the
131, [4] information or fails to recover the information, respectively. It

. . is assumed that the undetected error probability is negligible.
Pr(Afls;) = (1 = pey(s;)) VTP (20) Then,

Pr(Ef|s;j—15;) = Pr(Ajls;) + Pr(A;Gjlsj—1s;) (29)

and
Pr(AS|s;) = 1 — (1 = pey(s;)) VTP, (21)
and

Given that the channel states for ti¢ — 1)th and the
Jjth retransmissiongj > 0) are s;_; and s;, respectively, Pr(ES|s;j_1s;) = Pr(ASGS|sj_15;). (30)
{G§lsj-1,s;} and {G§|s;—1,s;} denote the events that the
decoded data block (consisting af RS codes) contains nolf the allowed maximum number of retransmissions Iis
errors and errors, respectively, after the 1/2 rate RS decodér > 0), the packet will definitely be accepted aftér
combines the(j — 1)th and jth retransmission and decodesetransmissions whether it is correct or not. Given the channel

them. The probability of these events are given by statessg, s1, so, - - -, s, for the L + 1 successive transmissions
Pr(GS|sj_1,8;) = P}){\s(c|3j—17 s7) (22) pf a packet, respectively, the average number of transmissions
is equal to [14]
and
—— » - ElTx|so, 51,82, ", 5L]
M@ mnsi) =L Bl @9 pyaglsg) + 2 Pr(Aj Eflso, 1)
where Prg(c|s;j—1,s;) is the probability of a correct decod- 4+ 4+ LPr(ASESES - ES _,ES (|so,s1---Sp—1)
ing event of (2k, k,¢) RS decoding, given that the channel (L + 1) PrASESES - BB (|s0,81 - 51_1)

states for the two successive transmissionssarg and s;,
respectively. We have

Prs(clsj—1,8) = Y. >, dtid? (24

=14 Pr(A§|so) + Pr(AGET|s0, 51)
o PrASESE - By o5 Js0,51 0 50-1).

t1>20t22>0 t14+t2<t (31)
and For the ¢-state MSMC model, the average number of trans-
. EN 4 Kt missionsE[Tt] is obtained by averaging (31) over all possible
4" = <t2>5j (1—¢j) (25)  transmission channel states
5(®)

wheree; is the symbol error rate before the RS decoding Whqur] —14 Z P(s0) Pr(AZ|so)

the channel state is;. In the following analysis, we also need soms(1)

to know the conditional probability’r(G¢|s;—15;A5_; AF) o®)  5(D)

that, given that the two individual packets are in error after I Z Z P(50)P®(s1|50) Pr(ASES |50, 51)
the convolutional decoding, the RS decoding by combining 0 L11%0 071120521

these two packets yields a decoded data block without errors so=s(1) s1=s(1)

Pr(As_;ASGSls;_15;) Sip) Sip) Sii)) )
Pr(GS|s;j_15;AS_ | AS) = e B L i (26) + P(s0)P*(51]50)
217 J4tj—14%y PI‘(Aj'_1|Sj_1) Pr(AJ|SJ) 50=S(1) 51=S(1) SL_1=S(1)
where PO (sp_1]sp_2)

P Glsiasy) PHAGELES - By yB5_[so,s1sr)  (32)

= Pr(Gjlsj-15)) = Prdj_, Gjlsj-15,) where P(sq) is the probability that the channel starts in

— Pr(AjG]sj—155) + Pr(A;_  ATG|sj-15;) stateso, i.e., the steady-state probability of the channel state
¢ A so; PO(S;|8,_1) ( = 1,2,---,L) is the channels-step
Pr(Aj_,Gjlsj-1s;) IPY(A§_1|SJ—1)<Z q]t?) transition probability from states;_, to states;, which is
t2=0 obtained from the elements of tlestep transition matrix in

t A (17).6 represents the number of packets that can be transmitted

Pr(ASGS|sj-15;) =Pr(Aj|s;) <Z qj»1_1> during one channel round-trip delay, i.e., the interval between

t1=0 the two successive transmissions of a packet containing the

Pr(AS_1 A5Gflsj—1s;) =Pr(Aj_y|s;—1) Pr(Af]s;) (27) same information (a data packet and its RS code parity packet



LIU AND EL ZARKI: PERFORMANCE OF H.263 VIDEO TRANSMISSION 1781

are considered to contain the same information) in units Bbllowing the same approach to get the average number of
packet transmission duration. In order to obtain the analystansmissions, the average transmission delay can be given by

solutions, we approximate the analysis by assuming that each L
RS decoding attempt is statistically independent (actually, this ED]=t,+1, Z UH=Yv (39)
gives the lower bound). Then we have j=1
Pr(AGESES -+ ES|so, 51+ 55) wheret, is the one-way delay ant]. is the ARQ time out.

a e reoe A6 e o v If we assume that the ARQ time out is the round-trip delay
= Pr(AjATGLAGS -+ AjGilsosy -+ - 55) and the one-way delay is half of the round-trip delay, i.e.,
= Pr(AG|so) Pr(Affs1)- - t. = 2t,, we have

-Pr(Af]s;) Pr(Gi|sos1 AGAL) Pr(G5|s1s2 A7 A7) E[D] = 2t,E[Tt] — t,. (40)
- Pr(G5ls2s3 A3 A3) - - - Pr(Gjls;j_15;A5_1 AF). (33)

Following the steps in [14], we define a matrix such thd€. Numerical Results

H;j = Tj; Pr(A°[s(i)) Pr(G¢|s(5)s(i) A5AS), whereT = A® n this subsection, we present some numerical results based

denotes thé-step transition probability matrix of the channebn the analysis in the last subsection. For the sake of illustra-

(the first and the second subscripts of the matrix elemeftin, we consider the following values for the parameters: the

denote the row and column indexes, respectively), 4ids length of each packet is 420 bits. Three RCPC code rates 1,

the event that the packet contains errors after the convolutioa#h, 1/2 are used: 1) for rate 1 RCPC code, the packet consists

decoding, given that the channel state(i§). That is, we have of 400 data bits and 20 CRC bits; 2) for rate 4/5 RCPC code,

(34), shown at the bottom of the page, and a column vectothe packet consists of 320 data bits, 12 CRC bits, and four

V = [mPr(A%|s(1))maPr(A%|s(2)) - - - o Pr(A°|s(®))] tail blts_ Whlch are encoded by the rate 4/5 RCPC code befqre
35 transmission; 3) for rate 1/2 RCPC code, the packet contains

(35) 192 data bits, 12 CRC bits, four tail bits, and two stuffing
wherer; is the steady-state probability of the channel statsits which are encoded by the rate 1/2 RCPC code for the

s(7) given in (9). Based on (32)—(35), we have transmission. The data bits may be the original information
L data or the parity generated by the RS code. We consider a (2,
ETY|=1+) UH™'V (36) 1, 4) convolutional code as the mother code of the RCPC code
j=1 family with Viterbi decoding [3]. An invertible shortened RS

wherel is a®-dimension unit row vector, i.elf = [11---1]. code (8, 4, 2) with 4 bits per symbol is chosen as adgeThis
The throughput, defined as the average number of accep%% code is very easy to decode. The packets are transmitted

information bits by the receiver per transmitted channel Haver @ TDMA radio channel. For the TDMA channel, the time
[4], [14], can be expressed as is divided into slots, where each slot is equal to the packet

o K transmisgion dgration. The transmitter and the receiver are
n= E[T] N (37) synchronized with the slotted channel. In our example, the user
_ data rate is 32 kbit/s. The packet transmission duration (a slot
where « is the RCPC code rate; the factdf/(NV + M) time) is 0.21 ms, and the interval between the two successive
is the loss in throughput due to the added CRC bits f@ansmissions from a user (packet transmission interval) is
error detection and due to the/ tail bits appended to 13125 ms. The round-trip delay is assumed to be the interval
each transmitted sequence for clearing the memory of thetween the two consecutive transmissions from a user. The
convolutional encoder, i.e., the coding overhead is excludeHannel is modeled by the MSMC, and the number of states
when calculating the throughput. is initially chosen to be 50. If the condition in (16) is not

The average RPER in the packets accepted by the receigattisfied, the number of states is reduced until the condition
after the maximum number of retransmissiohshas been is satisfied. The modulation scheme is DPSK with a carrier

reached, is equal to frequency of 1.9 GHz.
(@) () 5(P) Fig. 1 shows the RPER for the RCPC code rates of 1 (i.e., no
RPER = Z Z . Z P(50)P® (s1]s0) RCPC code; this scheme is equivalent to a conventional type-I|
so=s(l) si=s(1)  sp=s(l) hybrid ARQ scheme using a rate 1/2 RS code [5]), 4/5, and 4/8

) P(é)(sdsL 5 (i.e., 1/2) in the proposed CH-ARQ scheme, respectively, when
) ; . L the mobile speed is 2 km/h and the maximum allowed number

Pr(AGETE; -~ Ef|so, 51, -+, s.) = UH™V.  of retransmissiond. is 1. The corresponding throughputs are
(38) plotted in Fig. 2. For comparison, the simulation results are

Ti1 Pr(A°|s(1)) Pr(Ge|s(1)s()ASAS) - Ty Pr(A°|s(1)) Pr(Ge|s(®)s(1) A% AS)

g | Tiz Pr(A%s(2) P(Ge|s(1)s(2) A1 45) . Tap Pr(A¢]s(2)) Pr(G¢|s(2)s(2) A5 A3) (34)

T Pr(Ac|s(®)) Pr(G[s(1)s(®)ATAG) -+ Toe Pr(A|s(®)) Pr(Gs(®)s(®)A5AG)
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Fig. 1. RPER for different rates of the RCPC code in the CH-ARQ schenfidg. 3. RPER of CH-ARQ and type-I hybrid ARQ.
when the mobile speed is 2 km/h.
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Average Channel SNR (dB) Fig. 4. RPER for different schemes when the mobile speed is 100 km/h.

Fig. 2. Throughput for different rates of the RCPC codes in the CH-AR

when the mobile speed is 2 kmi/h, ?. Once again, the numerical results are matched to the

simulation results. The CH-ARQ has the same throughput
as the corresponding type-l hybrid ARQ (with the same
also shown. We see that the theoretical values agree reasongly of RCPC code) when the maximum allowed number of
well with the simulation results. A lower rate RCPC codeetransmissions is one; however, its RPER is always lower than
generally results in better RPER performance due to mafee corresponding type-l hybrid ARQ, that is, the CH-ARQ
powerful error correction capabilities, but the optimal valugiways outperforms the corresponding type-l hybrid ARQ.
of the throughput depends on both the rate of the RCPC cofis is because the retransmitted parity packets can be used
and the channel conditions. An appropriate rate of RCPC co@erecover the information alone or can be combined with
can enhance the throughput compared to no RCPC code (igeviously transmitted information data to form an RS-RCPC
a RCPC code rate of 1) within a certain range of the channgincatenated code to provide the CH-ARQ scheme with more
SNR. This is because the error correction capability of thgwerful error correction capability.
RCPC code corrects the vast majority of packets, therebyFig. 4 shows the RPER and the throughput of the CH-ARQ
greatly reducing the frequency of retransmissions. Undersaheme with RCPC code rates of 1, 4/5, and 4/8, respectively
certain channel condition, it is possible to find an appropriatéhen the mobile speed is 100 km/h and the maximum allowed
code rate which yields low RPER and high throughput. Thisumber of retransmission is one. The RPER of the type-
also indicates that an adaptive scheme can be used to achietigbrid ARQ using a rate 4/5 RCPC code is also shown
the optimal performance for the slow fading channel. In thi®r comparison. The corresponding throughputs are plotted in
paper, we do not consider the design of the adaptive algorithRig. 5. We notice that the RCPC code improves the relative
The adaptive algorithms developed for type-lI hybrid AR@erformance of the RPER and the throughput when the mobile
schemes can be used with minor modifications [7]-[9]. speed become high. This is because higher speed results in
Fig. 3 shows the RPER of the CH-ARQ and type-l hybridhore random error patterns, and the error correction codes are
ARQ when the RCPC code rate is 4/5 anhdis equal to more beneficial.
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Fig. 6. RPER for different maximum allowed number of retransmissions.Fig. 8. Transmission delay for different maximum allowed number of re-
transmissions.

We also would like to investigate the impact of the number
of retransmissions on the performance. Fig. 6 shows the RPEghtrol scheme. We assume that the selective repeat protocol
of the CH-ARQ scheme for the maximum allowed number @§ used and the feedback channel is error free. For the
retransmissiond. equal to 1, 3, 5, and infinity, respectively.simulation, the video sequence is first encoded into a bit
The mobile speed is 2 km/h and the rate of the RCPC cogdgeam by an H.263 encoder, and is then transmitted using
is 4/5. The corresponding throughputs and the transmissigiz proposed CH-ARQ scheme. The interleaver following the
delays are depicted in Figs. 7 and 8, respectively. RCPC encoder randomizes the error bursts in a transmitted

We notice an improvement in RPER performance for ifgacket so that the RCPC codes, which are ideally suited to
creasing the allowed maximum number of retransmissiongyrrect uncorrelated errors, can handle them better. The packet
However, the tradeoff is lower throughput and higher delays sent over the wireless channel. At the receiver, the video

For L = infinity, the throughput may be very low when thesequence is reconstructed, possibly distorted by transmission
channel conditions are very poor. Unlike pure data, video cgfors.

tolerate certain error probability. Therefore, we can choose thesjmylation was carried out on the QCIF “Mother and
number of retransmissions based on the channel conditionqj&ghteru sequence which contains typical video telephony-
satisfy the requirement of RPER, throughput, and delay. In tfigs images. The originalY, Cb, Cr) 4:1:1 video sequence is
next section, we study the transmission of H.263 video Wilth,coded with 15 frames/s. Video encoding and decoding are
error protection provided by the CH-ARQ scheme. performed with the modified Telenor R&D H.263 software.
A Rayleigh fading simulator is used to simulate the TDMA
radio channel [17]. The simulator generates the Rayleigh
Fig. 9 shows the block diagram of the video transmissidfistributed envelope of the received signal summing the output
system under investigation using the proposed CH-ARQ errafirseveral low-frequency oscillators with phases selected to be

IV. SIMULATION OF H.263 VIDEO TRANSMISSION
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Fig. 9. Block diagram of the video transmission system using the proposed CH-ARQ scheme.

uniformly distributed about the unit circle. For the simulationquality, 2.0 meaning bad quality, and 1.0 meaning absolutely
30 oscillators are used to obtain the Rayleigh fade profile. Theacceptable quality.
mobile speed is assumed to be 2 km/h. The round-trip delayThe overall bit rate, including the video and error control
is the packet transmission interval, and the allowed maximusrerhead, is always 32 kbit/s for all simulations. As we know,
number of retransmissions is one. The modulation schemethe temporal and spacial location of an error in the video bit
is DPSK with a carrier frequency of 1.9 GHz, which is irstream determines its impact on the quality of the reconstructed
the frequency band of the emerging personal communicativideo sequence. The coded sequence with error protection
system (PCS). is transmitted 20 times using different starting points in the
In order to measure the video quality, two metrics are uséading simulator. The average PSNR value and GP over all
in this paper: average peak signal-to-noise ratio (PSNR) aofdthe runs are presented. This reduces the sensitivity of the
an objective video quality assessment scheme based on dimulation results to error location, and the performance of the
human visual system [20] which uses a grade point (GP). Thaor control schemes stands out.
average PSNR gives the general quality of a video sequencé&igs. 10 and 11 depict the average PSNR and GP of the
after transmission; however, the GP can reflect the overediconstructed video sequence when the rates of the RCPC code
viewing quality of a video sequence as perceived by a humemthe CH-ARQ scheme are 1, 4/5, and 4/8, respectively. For
being. The objective video quality assessment scheme givesagh case, the video quality rapidly degrades as the channel
grade point ranging from 1.0 to 5.0, with 5.0 meaning excelle®NR decreases below a threshold. This is because there is a
quality, 4.0 meaning good quality, 3.0 meaning acceptaldeamatic drop in video quality once errors occur in the headers.
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information data to form an RS-RCPC concatenated code

The threshold of the curve occurs at a lower channel SNR Provide the CH-ARQ scheme with more powerful error
when using a lower rate RCPC code. However, the psNiRIrection capability at no cost of extra overhead.

and GP are smaller for the lower rate RCPC code at high

channel SNR when there is no transmission error because V. CONCLUSION

the higher overhead required by the lower rate RCPC codeyjth the proposed CH-ARQ scheme, it is easy to reach high
reduces the throughput, i.e., the video source rate. For eagtem reliability and throughput because of its ability to adapt
value of channel SNR, there is an optimal RCPC code ra{ varying channel conditions and because of the powerful
which maximizes video quality. Once again, this indicatesyror correction capability of the concatenated RS and RCPC
that an adaptive scheme can be used to achieve the optigides. The error correction power of the RCPC code reduces
performance for the slow fading channel. In this paper, we @fe frequency of retransmissions, thereby maintaining a low
not consider the design of the adaptive algorithm. The adaptiyi¢ie delay with a high throughput when the channel is not
algorithms developed for type-I hybrid ARQ schemes can ¢ long error bursts. Maximum video quality can therefore
used with minor modifications [7]-[9]. be obtained. When the initial transmission encounters an

Figs. 12 and 13 show the performance of the CH-ARQ anghexpected slow deep fade, which causes long error bursts
the type-I hybrid ARQ with a RCPC code rate of 4/5 for H.26%hat are beyond the power of the RCPC, retransmission is
video transmission. The CH-ARQ gives better performanggrformed. The retransmitted parity bits can be used indepen-
than the corresponding type-I hybrid ARQ schemes using ordgntly to recover the information or can be combined with
convolutional codes. This is because the retransmitted paifiyeviously transmitted information bits to form an RS-RCPC
packets can be used to independently recover the informaticoncatenated code to provide the CH-ARQ with a powerful
if this fails, it can be combined with previously transmittecrror correction capability.
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For the accurate analysis of the performance of the hybrid pp. 1474-1480, Sept. 1992. _
ARQ scheme, we use an MSMC to model a radio channel [48] E. N. Gilbert, “Capacity of burst noise channelgell Syst. Tech. J.

the

. vol. 39, pp. 1253-1256, 1960.
data packet level, and propose a method to partition 6] H. wang and N. Moayeri, “Finite-state Markov channel—A useful

range of the received SNR into a set of states for constructing model for radio communication channel$£EE Trans. Communyol.

the
the

i 44, pp. 163-171, Feb. 1995.
model so that the difference between the error rate fﬁl’?] M. Yacoub, Foundations of Mobile Radio EngineeringBoca Baton,

real radio channel and that for the MSMC model is = FL: crc, 1983.

minimized. Based on this model, we ana]yze the performanﬁé] S. Lloyd, “Least square quantization in PCMEEE Trans. Inform.

Theory vol. IT-28, pp. 129-137, Mar. 1982.

of the .concatenatec.j h_ybrid ARQ' scheme. The analysis r[?9] J. ProakisPigital Communications2nd ed. New York: McGraw-Hill,
sults give valuable insight regarding the effects of the error  1989. _ o
protection capability in each packet, the mobile speed, am] A. Webster, C. Jones, M. Pinson, S. Voran, and S. Wolf, “An objective
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.. . video quality assessment system based on human perceptidardan
number of retransmissions on the residual packet error pman vision, Visual Processing and Digital Display , T¥ol. 1913,

rate, the throughput, and the transmission delay. Finally, the SPIE, San Jose, CA, Feb. 1993.

transmission of H.263 coded video over a wireless chanriél!

H. Liu and M. El Zarki, “Transmission of video telephony images over
wireless channels Wireless Networksvol. 2, no. 3, pp. 219-228, 1996.

with error protection provided by the CH-ARQ scheme is
studied by means of simulations.
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