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Abstract— In this paper, real-time video transmission with
quality of service (QoS) assurance over orthogonal frequency
division multiplexing (OFDM) wireless systems is studied. Three
quasi-optimal subcarrier allocation schemes, namely regular,
delay tolerant and adaptive, are proposed. In the proposed
schemes, effective throughput per subcarrier employing adaptive
forward error correction (FEC) coding in a Rayleigh fading
channel is evaluated, and a capacity matrix that governs all active
users and all assignable subcarriers is formulated. The Munkres
algorithm is used in the schemes to achieve optimal subcarrier
assignment. Performance analyses in terms of spectral efficiency
and packet loss probability are presented. Multi-user multi-
channel diversity is investigated to exploit the innate capacity
gain in terms of fading variation and delay tolerance. The
proposed schemes are scalable to both single-cell and multi-cell
circumstances. Numerical results demonstrate that the proposed
schemes can effectively achieve quasi-optimal spectral utilization
and significantly improve system throughput.

Index Terms— OFDM, optimal subcarrier allocation, QoS
provisioning, Rayleigh fading, real-time video.

I. INTRODUCTION

W ITH the increasing real-time Internet video applica-
tions and the fast evolution of wireless networks, wire-

less Internet video services are expected to be extensively de-
ployed. Video transmission consumes large bandwidth and re-
quires stringent quality of service (QoS) requirements in terms
of delay, bit error rate (BER) and video quality. However, the
inherent scarce resource and hostile environment in a wire-
less network may limit the throughput of video applications.
The newly proposed WiMax/IEEE 802.16 standard adopts
orthogonal frequency division multiplexing (OFDM) as its
prominent air interface to provide adequate transmission rates
for multimedia applications [1]. OFDM is also considered as
a major candidate for the 3G long term evolution (3G-LTE) to
enable the cellular network to support 10 times higher rate than
currently offered by HSDPA/HSUPA. In OFDM, the whole
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bandwidth is split into a number of orthogonal subcarriers
(also referred to as channels hereafter), each of which car-
ries information over the wireless channel. The orthogonality
between the subcarriers circumvents interchannel interference
(ICI). In addition, due to frequency selective fading, it is likely
that a user can be selectively assigned a set of subcarriers
with good channel condition all the time. Therefore, OFDM
provides great flexibility for subcarrier assignment to support
variable rate traffic and, at the same time, achieve high spectral
efficiency.

Extensive research on optimal channel assignment to
achieve maximum frequency utilization from both theory and
implementation aspects has been reported in the literature, e.g.,
[2]–[9]. In [2], a theoretical framework is presented to achieve
cross-layer optimization for average utility of all active users
by channel assignment and power allocation. An approach
using Nash Bargaining solution is proposed in [3] for fair
multi-user channel allocation. Optimal resource management
schemes for subcarrier and power allocation with fairness are
proposed in [4],[5], and adaptive subcarrier and bit allocation
in a multi-cell environment is investigated in [6]. Since optimal
subcarrier assignment involves binary integer programming
model, the non-polynomial complexity prohibits real-time
application, and thus suboptimal solutions have been proposed
in [4], [6]. Subcarrier allocation and bit loading algorithm
is discussed in [7]. Solution approaches for optimal and
suboptimal problems are also explored in [8], [9]. While great
achievement has been made for optimal channel assignment,
there are limitations in the existing approaches. First, due
to the intrinsic complexity of integer programming, heuristic
approaches are proposed instead. However, heuristic methods
can not assure optimality and are only applicable in certain
conditions. Second, although solutions for optimal assignment
based on Hungarian Algorithm are discussed in [8], [9], they
are short of complete exploration for the transmission and
QoS evaluation of real-time video traffic. Furthermore, since
video applications may represent a major part of applications
in OFDM systems, it is important to investigate channel
assignment, spectral efficiency and QoS provisioning for real-
time video traffic.

QoS provisioning can be static or statistical. Providing
statistical QoS for real-time video streams is more important
in wireless networks since otherwise the resource will be
underutilized [10]. A wireless effective capacity (EC) scheme
has been proposed in [15] to provide QoS for variable rate
videos, while multi-layered scalable video encoding has been
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Fig. 1. Real-time video transmission over OFDM wireless channels.

used at the application layer to fast adapt a video source to
the time-variant system capacity [10], [11]. Although optimal
cross-layer design has been extensively investigated for packet
video streams in 3G systems [13], [14], it is seldom addressed
in the OFDM domain, especially for transmitting video with
satisfactory QoS and efficient spectral utilization.

In this paper, the transmission of the real-time video with
QoS provisioning over OFDM wireless channels is studied.
Three quasi-optimal subcarrier allocation schemes, namely
regular, delay tolerant and adaptive, are proposed, in which
the Munkres algorithm [20] is used to assure the optimality
of subcarrier assignment. Multi-user multi-channel diversity
is investigated to exploit the innate capacity gain from fading
variation and delay tolerance. Spectral efficiency pertaining to
optimal channel assignment is analyzed. A closed form packet
loss rate due to delay and channel error is derived to evaluate
the QoS in video streaming. Scalability for single-cell and
multi-cell situations is also investigated. The major contribu-
tion of this work is the proposal of quasi-optimal approaches
for channel assignment to efficiently transmit video streams
in OFDM systems by incorporating multi-user multi-channel
diversity in a multipath delay fading environment.

The remainder of the paper is organized as follows. Sec-
tion II presents the related models which capture the features
of the OFDM system, adaptive channel coding, and the prop-
agation channel. In Section III, optimal subcarrier allocations
are formulated for both variable rate and multi-layered video
streams. Three quasi-optimal channel assignment schemes are
proposed in Section IV. Performance analysis for channel
efficiency1 and QoS evaluation are presented in Section V.
Numerical results are given in Section VI, followed by con-
clusions in Section VII.

II. SYSTEM MODEL

In orthogonal frequency division multiple access (OFDMA)
mode (e.g., WiMAX), subcarriers can be divided into subsets.
Each subset may be allocated to different groups of users and
contains properly spaced subcarriers such that the frequency
separation between neighboring subcarriers is larger and the
bandwidth of each subband is smaller than the coherence
bandwidth. Consider a subset with L physically separated but
logically adjacent subcarriers supporting K users (connections)
(L ≥ K) in the downlink of a wireless OFDM system as

1The terms channel efficiency, frequency efficiency, and spectral efficiency
are used interchangeably throughout the paper.

shown in Fig. 1. The arriving data streams are stored in
transmit buffers at the base station before transmission or
retransmission. The subcarriers are to be allocated to some
or all active users in each radio frame (time slot). The OFDM
is performed on a block-by-block basis. At the base station
transmitter, the serial data sequence of user i, i = 1, ...,K,
is first serial-to-parallel (S/P) converted into Li (Li ≤ L)
low rate parallel streams for Li subcarriers. If all subcarriers
have been assigned, the low rate streams from all or some
of the K users are multiplexed over the L subcarriers. The
orthogonal waveform modulation is carried out using an
inverse fast Fourier transform (IFFT) and a parallel-to-serial
converter. Following the convertor, a cyclic prefix, which
equals the channel delay spread, is added to each symbol to
eliminate intersymbol interference (ISI). The resultant sample
sequences are then transmitted over the wireless medium.
Each transmitted block is referred to as an OFDM symbol.
The receiver reverses the process using an FFT operation
after removing the cyclic prefix. The outputs of FFT are the
symbols modulated onto the L subcarriers, each multiplied
by a complex channel gain. These symbols are decoded to
recover the information bits. The transmitted signal may incur
errors in traversing the wireless fading channel. The fading
conditions among subcarriers are approximately independent
for each user due to frequency separations. Depending on
the availability of channel state information, adaptive cod-
ing/modulation schemes can be used. Subcarrier allocation
at the link layer schedules the traffic to meet the throughput
and QoS requirements. Moreover, the scheduler can match a
user with the best fit subcarrier(s) to achieve higher channel
throughput.

The wireless channel is subject to Rayleigh fading which
can be represented by a finite state Markov channel (FSMC)
model [18]. In FSMC, the received signal-to-noise ratio (SNR)
is partitioned into R states. Transitions can exist between
adjacent states or spread over the whole state space depending
on the partition scheme and the mobile speed. The steady-state
probability of the ith state is Ωi =

∫ γi+1

γi
ρ(γ)dγ, i = 1, ..., R,

where γi is the SNR threshold for the ith state and ρ(γ)
denotes the probability density function of SNR.

Adaptive FEC is applied when a subcarrier is assigned.
The number of error correction bits is adaptively chosen to
match the channel BER so that the throughput is maximized
[19]. In this paper, without loss of generality, an (n, k) BCH
(Bose, Ray-Chaudhuri, and Hocquenghem) linear block code
with sufficient interleaving is considered, where n is the block
length, k is the number of information bits, and k/n is the
code rate. When BCH is strictly used for error correction on
a channel with BER p, the probability of decoding error is
upper bounded by [23]

PE ≤
n∑

i=t+1

(n
i )pi(1 − p)n−i (1)

where t is the random-error-correction capability of the code.
Let each link layer packet consist of n1 code blocks. The link
layer packet error rate (PER) becomes

PERlink = 1−(1−PE)n1 ≤ 1−(
t∑

i=0

(n
i )pi(1−p)n−i)n1 (2)
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and the information throughput can be calculated as

Uinfo =
k

n
(1 − PE)n1 . (3)

Intuitively as the channel BER increases, the throughput
decreases for fixed (n, k). However, if k can be switched
at certain BER values, such as the crossover points, namely
cross-BERs, or the corner-down points, namely corner-BER,
as denoted in [16], the maximum throughput can be obtained
subject to the error rate.

If quadrature amplitude modulation (QAM) is adopted
in OFDM, subject to mapping, the approximate BER with
constellation size of M = 2m is [24]

BER = Pe/m (4)

where the symbol error rate Pe is upper bounded by

Pe ≤ 2Q(
√

2Eb/N0),m = 2, (5)

Pe ≤ 2Q(
√

2m(Eb/N0) · sin(π/M)),m > 2 (6)

where Eb/N0 is the SNR per bit, and Q(.) is the complemen-
tary function of Normal distribution.

In this paper, two traffic models are considered: (1) multi-
layered video model; and (2) variable rate video model.
The former is developed to facilitate adaption to network
bandwidth fluctuation by increasing or reducing the number of
layers of a video stream. The latter is caused by compression.
Both models will be discussed in the corresponding parts of
Sections III and V.

III. OPTIMAL SUBCARRIER ALLOCATION

In this section, optimal subcarrier allocation models are
formulated for real-time video transmissions with efficient
channel utilization and QoS assurance. Let xij be a binary
decision variable representing the assignment of channel j to
user i, i = 1, ...,K; j = 1, ..., L. xi,j = 1 (= 0) means
channel j is (not) assigned to user i. Let cij(t) represent the
instantaneous subcarrier capacity, which is the information rate
that a subcarrier can carry, when xij = 1 at time slot t with
adaptive FEC. cij(t) is affected by slow Rayleigh fading, i.e.,
the fading remains the same over a block or during a time-
slot interval, and can carry the amount of information given
by k

n · C0, where C0 is the maximum information rate that a
subcarrier can provide. At each time slot t, an instantaneous
K × L subcarrier capacity matrix of C(t) ={cij(t)} as a
snap shot can be obtained via channel estimation. In what
follows, we propose optimal assignment models for two types
of real-time video streams: multi-layered video and variable
rate video.

A. Channel Allocation for Multi-layered Video

With MPEG-4 codec, a video source can be encoded into
a base layer (BL) and an enhanced layer (EL). BL contains
the most important information, and EL provides additional
information for better video quality [11]. The EL can be
further split into several sub-layers. This structure is conducive
to follow the variable capacity due to network fluctuation such
as channel fading, mobility, etc. In general, the BL has a
more stringent QoS requirement than the EL since an error

in BL can be propagated to EL even if the EL is correctly
received. Therefore, a higher priority and more stringent QoS
requirements are set for the BL. Resource allocation is to first
satisfy the BL requirements, and then to seek for the maximum
throughput of EL sub-layers. Optimal channel allocation can
be obtained by solving the following minimization problem:

Min B =
K∑

i=1

L∑
j=1

xij (7)

s.t.
L∑

j=1

xijcij(t) ≥ λi(t), i = 1, ...,K (8)

K∑
i=1

L∑
j=1

xij ≤ L (9)

where B is the bandwidth consumption of BL, λi(t) is the
instantaneous BL rate of user i, and

∑K
i=1 xij ≤ 1, j =

1, ..., L. Given sufficient number of channels, constraint (9)
can be nonbinding and B < L. Let E = (L − B)+, where
(x)+ = max(0, x), which is the number of available channels
for ELs. The optimization problem for EL can be obtained as
follows:

Max
K∑

i=1

E∑
j=1

xijcij(t) (10)

s.t.

PLi(td > Td) ≤ ε, i = 1, ...,K (11)
K∑

i=1

E∑
j=1

xij ≤ E (12)

where
∑K

i=1 xij ≤ 1, j = 1, ..., E. In (11), PLi(.) is the packet
loss probability of user i, td is the packet delay which is the
time duration from the moment when a packet arrives at the
transmit buffer to the moment when the packet is successfully
received at the receiver, Td is the delay tolerance, and ε is a
predefined threshold. Constraint (11) indicates that the delay
of an EL packet can not exceed the delay bound Td with
an outage ratio of ε. Comparing (8) and (11), BL requires
adequate resource to avoid packet loss due to delay and error
subject to FEC, while EL is delay tolerable. Delay tolerance
provides the possibility of further improvement of the multi-
user diversity gain which will be discussed in Section V.
To solve the optimization problem, (11) has to be relaxed,
the procedure of which will be discussed in Section IV-B.
The above models demonstrate a two-step optimal resource
allocation for the layered videos. If an EL has more sub-layers
with different QoS, these models can be extended accordingly.

B. Channel Allocation for Variable Rate Video

The characteristic of a variable rate video stream, which can
be modelled as a Markov modulated rate process (MMRP),
has been well studied in the literature, e.g., [22]. The variable
traffic rate can be quantized into several levels, and each
level can be represented by a state of the MMRP. Transitions
between the states are governed by the underlying continuous-
time Markov chain. The MMRP model is suitable for analysis,
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which will be shown in Section V. The optimization problem
can be formulated as seeking maximum throughput or achiev-
ing maximum frequency efficiency. We consider the second
one since the maximum throughput problem is similar to
(10). Let λ = [λ1, λ2, ..., λN ] represent the state dependent
video rate, and π = [π1, π2, · · · , πN ] represent the stationary
probability, where N is the number of states of the MMRP.
Denote the nominal capacity as the product of the number of
assigned subcarriers and the maximum capacity per subcarrier.
The channel efficiency η is defined as

η =
λ · πT (1 − PL(td > Td))

number of subcarriers · C0

where PL(td > Td) is the mean per-flow packet loss prob-
ability due to delay and channel error. The optimal channel
efficiency problem can be formulated as follows:

Max
λ · πT (1 − PL(Td))

UE · C0
(13)

s.t.

PLi(td > Td) ≤ ε, i = 1, ...,K (14)

U(t) =
K∑

i=1

L∑
j=1

xij(t) ≤ L (15)

where U(t) is the instantaneous number of assigned chan-
nels for each snap shot, UE is the average number of as-
signed channels per unit time for each user, i.e., UE =∑T

t=1 U(t)/(K · T ), T is the duration of a flow, and∑K
i=1 xij ≤ 1, j = 1, ..., L.
The proposed optimization models can not be directly

solved because firstly, solving integer programming has the
exponential order of complexity [6], and secondly, stochastic
constraints have to be relaxed. In the following section, we
present viable solutions for the proposed models.

IV. QUASI-OPTIMAL SOLUTIONS

In this section, we briefly explain the procedure of the
Munkres Assignment Algorithm [20], and then propose three
quasi-optimal2 subcarrier assignment schemes by using the
Munkres algorithm.

A. Munkres or Hungarian Algorithm

Consider a pair-match problem with a cost matrix. If a
constant is added to or subtracted from all entries in a row or
column of the assignment cost matrix, the optimal assignment
is unchanged. Based on this result, continually subtracting
constants from rows and columns in the cost matrix until a
zero cost assignment is made will result in an optimal solution
to the original problem. The solution procedure for a square
cost matrix is as follows.
Assignment Procedure

1) Locate the smallest number in each row and subtract it
from all the entries in this row.

2) Locate the smallest number in each column and subtract
it from all the entries in this column.

2Since the formulated optimization problems are not directly solved, the
proposed alternative solution is referred to as quasi-optimal.
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Fig. 2. Optimal assignment with Munkres Algorithm.

3) Cross out all the zeros using the smallest number of
lines. If the number of lines equals the number of rows
(or columns), optimal (zero) assignment has been found,
stop. Otherwise, go to (4).

4) Choose the smallest uncovered number and, (i) subtract
it from all other uncovered numbers, (ii) add it to the
numbers where the lines are crossed out, (iii) go to (3).

Fig. 2 shows the assignment procedure by the Munkres
algorithm. Given the original cost matrix in Fig. 2(a), Fig. 2(b)
is obtained by subtracting the smallest number of each row. A
minimum of three lines are used to cross out all zeros as
shown in Fig. 2(c), and the smallest uncovered number is
the shaded ‘1’. By doing step 4, Fig. 2(d) is obtained with
four zero assignments marked by underscores. The optimal
cost is 6+7+3+6=22, as shown in Fig. 2(e), compared with
heuristic smallest assignment, 3+4+8+11=26, illustrated in
Fig. 2(f). This algorithm can be extended to rectangular matrix
by adding dummy rows or columns with zero costs [21]. The
complexity is of low polynomial order3. For the maximization
problem, a similar procedure can be carried out by using the
largest element of the matrix to subtract all the entries.

B. Subcarrier Assignment

Because the QoS requirements and traffic characteristics
may vary, three channel assignment schemes, namely regular,
delay tolerant, and adaptive, are proposed by properly using
the Munkres algorithm to feasibly work out the optimal
solutions for the optimization problems defined in Section III.

1) Regular Scheme: Let L subcarriers be assigned to K
active users (connections) at the downlink. An active user
is defined as one with nonempty buffer at the moment of
channel assignment, with each having a queue length of qi,
i = 1, ...,K. The original assignment matrix is K by L
with the element cij , which is the instantaneous subcarrier
capacity. The channel assignment at the base station is done
by iteratively assigning available channels to active users. In

3It is believed that the complexity can be of O(n3) subject to implemen-
tation.
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Fig. 3. Prioritized assignment based on packet delay.

each round, one channel is assigned to one user based on the
channel matching result by the Munkres algorithm. After each
round, when a channel is assigned or a user’s queue becomes
empty, the cost matrix is updated by removing the assigned
channels or the non-active users (the users with empty buffer).
This procedure continues until all the channels are used up or
all the queues are empty. This method is referred to as Regular
scheme.

2) Delay Tolerant Scheme: A small delay tolerance is
allowed for video packets. This tolerance is important to
obtain multiplexing gain for aggregate traffic in the network.
If a packet is imminently exceeding its delay tolerance (it
is sometimes referred to as most urgent packet), it has a
priority to obtain the resource. In this way, priority groups
are formed considering the delay tolerance of packets. Let Td

be the delay bound and te be the duration from the current
time to the due time when the delay tolerance expires. te
is also referred to as delay remain. The most urgent packet
has te = 1 while a new arrival has te = Td. We group the
queued packets according to their delay remains. If te = 1,
the packet is grouped in Group 1. If te = Td, the packet
is grouped in Group Td. In each group, packets are indexed
with each user. This can be imagined as a scenario of a multi-
queue system with several waiting rooms, as shown in Fig. 3.
Packets in the same waiting room, i.e., the same group, has the
same delay remain. Transmission priorities are given by the
ascending order of groups. Thus, packet scheduling is done
by adaptively assigning channels to active users according to
the delay remains of their packets. Scheduling in each group
is done in the same way as the regular scheme. When the
capacity of an assigned channel is larger than the number
of packets in one room, the difference will be filled by the
packets in the subsequent room. The grouping is flexible in
the sense that some waiting rooms can be merged. If only the
most urgent packet is of concern, all rooms except room 1 can
be merged for implementation convenience.

3) Adaptive Scheme: Due to the dynamics of the video
traffic and fluctuation of the wireless channel, it is possible
that there is no sufficient network capacity to accommodate all
the traffic immediately. When the instantaneous arriving traffic
is larger than the available capacity, the system is temporally
overloaded. The peak traffic can be queued and served when
the instantaneous traffic are smaller than the available capacity,

i.e., in the underload state. As long as the average traffic load
does not exceed the average system capacity, given a delay
tolerance, one can hold the overload traffic to the underload
state to achieve better channel utilization.

Consider an N -state MMRP model for a variable rate video
source with state dependent arrival rate λi, i = 1, ..., N .
Suppose adaptive FEC is designed in a way that the packet
error rate is random and very small. Let vi be the mean
retransmission rate at state i. We design Nc controllable
service rates, each of which may support one or more states
of arriving traffic. In each state of the MMRP, the arrival
rate plus the retransmission rate may be larger or smaller
than the corresponding service rate. If Nc ≤ N , the MMRP
can be partitioned into Nc sections, which is referred to as a
partitioned Markov process [17].

For the kth section with service rate μk, k = 1, ..., Nc, the
service rate falls between two consecutive boundaries, states
Lk−1 and Lk, i.e., λLk−1 + vLk−1 < μk < λLk

+ vLk
. The

buffer occupancy tends to increase when the states in the kth
section have arrival rates larger than μk, and these states are
called overload states; otherwise, the buffer occupancy tends
to decrease when the arrival rates of the states are less than
μk, and these states are called underload states [22]. Hence,
the kth section of the Markov chain is further partitioned into
two sets, Zk

F = {i : Lk−1 < i ≤ Lk|λi + vi > μk} for
overload states and Zk

E = {i : Lk−1 < i ≤ Lk|λi + vi < μk}
for underload states, where k = 1, 2, ..., Nc. As a result, the
Markov chain with Nc sections is constructed by interleaving
overload and underload states. Given a properly designed
partitioning scheme, the packet loss rate can be evaluated
and satisfied with improved channel utilization, which will
be shown in Section V and Section VI, respectively.
Channel Assignment Algorithm

1) Form the candidate user set and available subcarrier set.
2) Assign a required controllable service rate for a candi-

date user based on the arriving rate.
3) Assign one subcarrier to each candidate by the Munkres

algorithm. If a candidate’s assigned cumulative subcar-
rier capacity meets the required service rate, remove
this user from the candidate set. Remove all assigned
subcarriers from the available subcarrier set.

4) If all required service rates are met or the available
subcarriers have run out, stop; otherwise, update the
candidate set and available subcarrier set, and go to (3).

Next we compare the three schemes with respect to the
optimal models presented in Section III. The regular scheme
can satisfy constraint (8) subject to SNR satisfaction and total
available channels. It can also satisfy constraints (11) and (14),
subject to traffic pattern, SNR and total available channels, but
may not provide the best frequency efficiency. It is a viable
procedure for optimality because the multi-user gain in terms
of channel fading can be fully obtained. The delay tolerant
scheme can relax constraints (11) and (14), and make complete
exploration of multiplexing gain with regard to the channel
fading and delay tolerance, thus achieve much better channel
efficiency than the regular scheme. However, with heteroge-
neous multimedia transmission environment, at the time when
channel resource is abundant for video traffic, this scheme
may lead to over-provisioning of QoS, which could potentially
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affect other types of services. The adaptive scheme can relax
constraint (14), and constraint (11) if the EL of a layered
source is of variable rate. Capacity gain can be fully obtained
from multi-user diversity and delay tolerance. For instance,
if a user experiences the worst fading for all channels, the
information can be held during the delay tolerance until a good
channel appears. There is no buffer counting with this scheme
(this could save one frame of delay), so the arriving traffic
is virtually circuit-switched to the channels. In addition, the
QoS requirement is adequately provided to avoid the overuse
of the resource. In Section V, an analytical approach is derived
to evaluate the QoS performance, given an adaptive channel
allocation scheme.

C. Multi-Cell Diversity

OFDM can be used in grid networks where the coverage
of cells overlap. A user in the overlapped area is able to
access more than one base station. Due to the uncertainty of
user mobility and location distribution, it is possible that the
loads in the cells are unbalanced. To achieve better spectral
efficiency, it is desirable to balance the load even though
the user distribution is nonuniform. This can be done by
merging the channels of the home cell and one or more
of its neighbor base stations into a large channel pool, and
merging the candidate user sets of all corresponding cells into
a large candidate set. The users of these merged cells can
share all the resource of the channel pool (assuming there
is no conflict in using the frequencies). All the proposed
channel assignment schemes can be directly used in the way
of expanding the cost (capacity) matrix by adding the channel
estimation information of neighboring cells to the local users,
as shown in Section VI. The performance of channel efficiency
is improved at the cost of more channel estimations.

V. PERFORMANCE ANALYSIS

In this section, we first analyze the performance of spectral
efficiency in terms of the multi-user multi-channel diversity in
OFDM, and then present an analytical approach to evaluate
the packet loss probability due to delay and channel error.

A. Spectral Efficiency

Assume user i, i = 1, ...,K, can be assigned one or more
of the L subcarriers. From user i’s point of view, if each
subcarrier is an independent FSMC process with identical tran-
sition matrix A, he is virtually associated with a situation of L
channels characterized by a joint Markov process with transi-
tion matrix A(L) = A ⊗ ... ⊗ A︸ ︷︷ ︸

L

, where ⊗ denotes Kronecker

product. Denote Ω(L) the stationary probability of A(L). The
probability that the capacity of assigned channels exceeds the
payload of user i, Pr(

∑L
j=1 cijxij ≥ Ci), is the summation

of all the states in Ω(L) that satisfies
∑L

j=1 cijxij ≥ Ci,
where cij is the capacity of subcarrier j for user i, Ci is
the payload, xij is a binary variable, and

∑L
j=1 xij ≤ Hi,

where Hi is a predefined limit on assignable channels of user
i. This probability will increase with L since the size of the
space is larger. Given A has R states, the total number of

states of A(L) will be RL and the size of A(L) is RL × RL.
This is the same for each of the K users. Thus, a multi-user
multi-channel diversity gain can be obtained in a pool of K
users and L subcarriers, namely a (K, L) system.

Let cij ∈ {c1, ..., cR} be a random variable representing
the capacity of subcarrier j for user i, where ci, i = 1, ..., R,
is the capacity of state i in an FSMC and {ci} is in an
ascending order. The instantaneous throughput of the pooled
system,

∑K
i

∑L
j cijxij , subject to

∑K
j xij ≤ 1, will be

ranged from c1L to cRL in discrete values. Let C(K,L) be
the set of summations, c

(K,L)
i , i = 1, ..., N (K,L), be a value

in C(K,L), and N (K,L) be the size of C(K,L). The optimal
spectral efficiency for the (K, L) system is

ηopt =

∑N(K,L)

i c
(K,L)
i Pr[Max(

∑K
i

∑L
j cijxij) = c

(K,L)
i ]

cRL
(16)

where Pr[Max(
∑K

i

∑L
j cijxij) = c

(K,L)
i ] is the marginal

probability when the instantaneous throughput has a maximum
value of c

(K,L)
i , i ∈ N (K,L), and can be obtained from

stationary probabilities of each user’s joint FSMC A(L).
Consider a two-user, two-channel system with each channel

having two states, denoted as (high, low) and associated with
capacity (h, l), respectively. A joint FSMC with matrix A(2)

for each user has four states: (hh, hl, lh, ll). Let Xi, i =
1, 2, denote the instantaneous state of A(2) for user i. The
summation of capacities, CX1+X2 , has three possible values:
(2h, h+l, 2l). The marginal probabilities of Max(CX1+X2) can
be found as follows:

P [Max(CX1+X2) = 2h]
= P (X1 = hh,X2 = hh) + P (X1 = hh,X2 = lh)
+ P (X1 = hh,X2 = hl) + P (X1 = hl,X2 = hh)
+ P (X1 = hl,X2 = lh) + P (X1 = lh,X2 = hh)
+ P (X1 = lh,X2 = hl), (17)

P [Max(CX1+X2) = h + l]
= P (X1 = hh,X2 = ll) + P (X1 = hl,X2 = hl)
+ P (X1 = hl,X2 = ll) + P (X1 = lh,X2 = lh)
+ P (X1 = lh,X2 = ll) + P (X1 = ll,X2 = hh)
+ P (X1 = ll,X2 = lh) + P (X1 = ll,X2 = hl), (18)

P [Max(CX1+X2) = 2l] = P (X1 = ll,X2 = ll). (19)

Since X1 and X2 are independent, the joint probabilities
in (17), (18), and (19) can be obtained by the product
of corresponding stationary probabilities, i.e., P (X1,X2) =
P (X1)P (X2).

In general, for a K-user, L-channel system with a R-
state FSMC model, the size of joint spaces will be RKL.
Thus, for small values of K and L, (16) is applicable.
However, when K or L becomes large, there will be a space
explosion which makes the performance analysis impractical.
To the best of our knowledge, there is no analytical work
available in the literature for assessing the optimal spectral
efficiency in an OFDM system with multi-user multi-channel
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diversity. Nonetheless, based on the approaches proposed in
Section IV, the optimal spectral efficiency can be achieved
subject to a certain subcarrier allocation, which will be shown
in Section VI.

B. QoS Performance Analysis

We further evaluate the packet loss rate due to delay and
channel error considering the MMRP model for a variable
rate video stream based on the fluid model analysis [22]. The
focus is to find a controllable optimal subcarrier allocation in
the sense that QoS requirement is satisfied without overusing
the resource. Following the discussion in Section III-B, we
consider a variable rate video with transition probability matrix
P = {pij}, i, j = 1, ..., N, where pij is the one-step transition
probability from state i to j, and N is the number of states.
The infinitesimal generator matrix M can be obtained by
M = I − P, where I is an identity matrix. The stationary
probability of the MMRP is π.

At the transmitter, the arriving packets are buffered before
they are transmitted or retransmitted. Let ε be the packet
error rate due to the residual channel error after adaptive FEC
coding. Taking into account retransmissions, the effective rate
at state i is λi + vi, where an upper bound of the mean
retransmission rate for a given ε is

vi ≤ (1 − ε)ε
1 − 2ε

⎛
⎝ ∑

pjiλj

j∈{j:λj<μj}
+

∑
pjiμj

j∈{j:λj>μj}

⎞
⎠ , i, j = 1, ..., N.

(20)
Define F(x) = [F1(x), F2(x), · · · , FN (x)], where Fi(x) =

Pr[X ≤ x, S = i], X and S are random variables denoting
the buffer occupancy and the state of the underlying MMRP,
respectively. We use the fluid-flow approach to analyze the
queuing behavior of the transmit buffer by solving the follow-
ing linear differential equations

dF(x)
dx

= F(x)MD−1 (21)

where D = diag.[ui + vi − μi], 1 ≤ i ≤ N .
The solution of (21) can be readily obtained as

Fi(x) = πi +
∑

j∈{zj<0}
ajΦjie

zjx = πi −
∑

j∈{zj<0}
wjie

zjx

(22)
where i = 1, . . . , N , (zj ,Φj = [Φj1,Φj2, · · · ,ΦjN ]) is
the (eigenvalue, eigenvector) pair satisfying the eigensystem
zjΦjDN = ΦjMN , 1 ≤ j ≤ N , aj’s are the coefficients,
and wji ≥ 0 is the weight to be determined.

Due to the stringent delay requirement of the real-time
traffic, the packet will be dropped if its transmission delay
exceeds a threshold, namely delay bound Td (frames). Define a
set of virtual buffer bounds {Bi(Td), i = 1, 2, . . . , N} for each
state of the MMRP associated with the delay bound Td. Let
ZF = {i ∈ N |λi +vi > μi} and ZE = {i ∈ N |λi +vi < μi}
denote the set of overload and underload states, respectively.
In the underload states, the buffer occupancy is low so that
Pr[X > x, S = i|i ∈ ZE ] = πi − Fi(x|i ∈ ZE) = 0, or∑
j∈{zj<0}

wjie
zjx = 0. As a result, for all the underload states,

wji = 0. In the overload states, Pr[X > x, S = i|i ∈ ZF ] =

πi−Fi(x|i ∈ ZF ) =
∑

j∈{zj<0}
wjie

zjx, denoted by Gi(x). The

probability of buffer overflowing a virtual buffer bound in an
overload state, Gi(Bi(Td)), equals the weighted summation
of exponentials with negative eigenvalues associated with the
overload states, i.e.,

Gi(Bi(Td)) =
∑

j∈{zj<0}
wjie

zjBi(Td). (23)

Asymptotically, Gi(x) can be governed by a few significant
eigenvalues (the negative eigenvalues with small magnitude).
The significant eigenvalues include the dominant (the largest
negative) eigenvalue and several next largest negative eigen-
values, and are denoted by {z∗j , j = 1, ..., J}, where J is the
number of significant eigenvalues.

Assume all weights are equal, i.e., wji = wi, j = 1, ..., J .
wi of an overload state i can be obtained by solving

Gi(0+) =
J∑

j=1

wie
z∗

j ·0+
=

(λi + vi − μi)πT
i

πλT
, (24)

i.e., wi = (λi + vi − μi) · πT
i /[J · πλT ], where λ = {λi,

i = 1, 2, . . . , N}.
Let μi(t = 0) be the service rate at time t = 0. Then

Bi(Td) =
Td−1∑
j=0

μi(t = j) is a random variable depending on

the service rates of the next Td frames. The expected value of
Bi(Td) can be obtained by

Bi(Td) = E

⎡
⎣

Td−1∑
j=0

μi(t = j)

⎤
⎦

.= μi(0)

⎛
⎝1 +

N∑
j=1

p
(1)
ij +

N∑
j=1

p
(2)
ij + · · · +

N∑
j=1

p
(Td−1)
ij

⎞
⎠

(25)

where p
(m)
ij is the (i, j)th element of the transition probability

matrix P(m)= Pm after m evolutions, m = 1, ..., Td − 1.
Given td denotes the time duration from the instant of a packet
arriving at the transmit buffer until it is successfully received
at the receiver, we have

Pr[td > Td, S = i] =Gi[X > Bi(Td)]

.=
J∑

j=1

wie
z∗

j Bi(Td)

=
J∑

j=1

wi · exp[zj · μi(0)(1 +
N∑

j=1

p
(1)
ij

+
N∑

j=1

p
(2)
ij + · · · +

N∑
j=1

p
(Td−1)
ij )]. (26)

The total packet dropping probability Pd(Td) due to delay
exceeding the delay bound is given by

Pd(Td) = Pr[td > Td] =
∑

i∈ZF

J∑
j=1

wie
z∗

j Bi(Td). (27)

If an erroneous packet is within its delay bound, it can
be continuously retransmitted until it is correctly received
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Fig. 4. Comparison of optimal assignment vs fixed assignment.

or exceeds the delay bound. Given that the delay bound is
Td frames, the round trip acknowledgement can be received
within one frame, and the average channel error rate is ε, the
total packet loss probability PL due to delay and channel error
can be obtained as

PL(Td)
.=

Td−1∑
i=0

εi · Pd(Td − i). (28)

Equation (28) is a conservative evaluation of the packet loss
probability when ε is small.

VI. NUMERICAL RESULTS

In this section, numerical results are presented to evaluate
the proposed channel allocation schemes for real-time video
flows. Single-cell and multi-cell situations are considered.
Suitability and scalability issues are also discussed.

A. Simulation Parameters

Consider an OFDM wireless system with Rayleigh fading
channels. The radio frame is set to 20 ms. The carrier fre-
quency is 1G Hz. Mobile speed is 10km/hour. The modulation
scheme is 4QAM/QPSK. The fading condition is assumed
to be fixed in each time frame. The available (assigned)
bandwidth of the subcarrier, the source rates and the service
rates are measured in link layer packets per frame, where each
packet contains n1 = 20 code words. The BCH block code
has a block size n = 256 and information length k ∈ k =
{239 223 199 179 155 131 107 79}. The nominal capacity
of a subcarrier C0 = 5 corresponding to the highest code
rate. The Markov fading process is partitioned by corner-SNRs
(the corresponding SNRs to corner-BERs). The parameters of
FSMC transition matrix can be evaluated by monitoring the
SNR for a certain amount of time. The stationary probability,
Ω=[.2922 .0384 .0617 .0495 .0656 .1006 .1117 .2803], is
independent of mobile speed. The average capacity of a
subcarrier is ( k

max(k) · ΩT · C0).
For video traffic, the size of BL for the layered video is

the same for all users, while EL is assumed to be fully coded
with variable rate. The throughput of EL is of interest here.
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Fig. 5. Channel utilization with different number of assignable channels.

The variable rate video flow, which is generated using an
autoregressive model, has a mean of 0.50 bit/pixel (equivalent
to the mean value of 19.3 packets/frame by proper conversion),
standard deviation of 0.23 bit/pixel, and time constant equal to
3.9. The simulated video sequence is then represented by the
MMRP model. The observed rate span of the video sequence
is [0, 50+) packets/frame, which is evenly quantized into eight
rate levels (states) in an ascending order. The discrete transi-
tion probability P and the stationary probability π are obtained
by monitoring the simulated sequence of 1000 frames, and
π = [.0501 .1107 .2206 .2725 .2032 .1034 .0333 .0062].

B. Channel Efficiency and QoS Performance

We define the spectral efficiency as the ratio of total
effective throughput to the total nominal capacity (the nominal
capacity is the maximum capacity of assigned channels, as
defined in Section III), and the channel utilization as the ratio
of total effective throughput to the total service rates (a service
rate is less than or equal to the nominal capacity subject
to FEC). Spectral efficiency, channel utilization, QoS perfor-
mance for single-cell and multi-cell situations are determined
for the proposed channel allocation schemes. The general
situation of 40 subcarriers/10 users per cell is considered.

Fig. 4 shows the spectral efficiency for channel assignment
(CA) using regular scheme compared with fixed channel
assignment when fully coded video stream is transmitted. It is
shown that the proposed assignment scheme greatly increase
the frequency efficiency. It also shows that the performance
becomes better as SNR increases. In addition, when the size
of channel pool is larger by combining two or three cells
(user base is also increased by the same scale), the channel
efficiency can be further improved. Fig. 5 shows that in
the single-cell case, the performance of channel utilization
increases as the available number of channels increases. This
is because when the number of channels increases, a user
has a larger chance to find an instantaneous good channel.
For multi-cell diversity, consider two cells with unbalanced
traffic: one cell has 15 users/40 channels, and the other 5
users/40 channels. SNR of home cell is referred to as local
SNR, and SNR from the base station of neighbor cell is
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Fig. 7. Comparison of packet loss probability for the regular and EDT
schemes.

referred to as relative SNR. Assume local and relative SNRs
for either cell are symmetrical with each other. Joint channel
assignment is obtained by combining the channels and users of
two cells. The channel utilization of single-cell is obtained by
averaging the utilizations of each cell. From Fig. 6, it can be
observed that channel utilization of joint assignment increases
as the relative SNR increases. In addition, the improvement
of channel utilization for multi-cell diversity is remarkable
compared with that for single-cell.

We present the comparison of the regular scheme and the
delay tolerant scheme for the variable video streams in Figs. 7
and 8. The delay tolerant scheme is formed by setting two
waiting rooms: one for the most urgent packets (delay remain
=1) and the other for all the others, namely earliest due time
(EDT). It can be observed that the packet loss probability is
smaller while the channel utilization/efficiency is larger for
EDT compared to the regular scheme. This is because EDT
achieves more interstate multiplexing gain in terms of delay
tolerance.

For the adaptive scheme (ADP), the variable rate video
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Fig. 8. Comparison of spectral efficiency/channel utilization for the regular
and EDT schemes.
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Fig. 9. Packet loss probability for the ADP scheme.

streams are modelled as MMRP with state dependent rate
λ = [3 9 15 21 27 33 39 45]. To adapt to the MMRP rate λ,
the service rate is chosen as μ = [10 10 20 20 30 30 40 40]
with four levels. Each level is a multiple of the subcarrier’s
nominal capacity. Underload and overload states are properly
interleaved. Fig. 9 shows the packet loss probability with
respect to delay tolerance. It can be seen that the analytical
results agree well with the simulation in terms of different
channel error rates. It is also observed in Fig. 10 that ADP
scheme can achieve remarkable channel efficiency.

C. Discussion

The numerical results show that the proposed schemes
achieve superior performance over fixed channel assignment
in terms of spectral efficiency. The regular scheme is flexible
but does not provide assured QoS. The delay tolerant scheme
offers better performance than the regular one in terms of QoS
and spectral efficiency. The adaptive scheme provides control-
lable rate adaptation to the video stream and can satisfy the
QoS adequately without the overuse of resource. In addition,
since there is no buffer counting for the ADP scheme, the
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Fig. 10. Channel efficiency for the ADP scheme.

delay performance will be further improved. In general, these
schemes are simple, elegant and easy to implement. A key
characteristic is that the Munkres algorithm is subtly applied
in the proposed schemes. This algorithm is scalable and has a
guaranteed optimal solution, and can be incorporated with the
proposed schemes to effectively achieve an viable alternative
to the optimal spectral utilization subject to the resource and
QoS constraints. The complexity of the proposed schemes is
essentially similar considering that it mainly comes from the
Munkres algorithm. The number of iterations for the regular
and delay tolerant schemes is subject to the queue length of
all users. Service rate based on the arrival pattern needs to be
found for the adaptive scheme, which is, however, proportional
to the queue length. There could be other algorithms to solve
the optimal assignment problem, but the Munkres (Hungarian)
algorithm is one of those that can solve the linear assignment
problem within time bounded by the low polynomial order.

VII. CONCLUSIONS

In this paper, spectral efficiency for transmitting real-time
videos with QoS provision over time-varying OFDM wireless
channels has been explored. Viable quasi-optimal channel
assignment schemes are proposed to satisfy QoS requirements
and at the same time pursue maximum channel utilization.
Multi-user multi-channel diversity is investigated to exploit
the intrinsic multiplexing gain in terms of fading variation
and delay tolerance. The proposed schemes are scalable for
both single-cell and multi-cell situations. As the size of sub-
carrier pool increases, more multiplexing gain can be obtained.
Specifically, a controllable adaptive rate allocation is proposed
to provide adequate QoS without overusing the resource for
variable rate video streams. Analysis for spectral efficiency
and QoS performance in terms of packet loss rate due to
delay and channel error has been presented. Numerical re-
sults demonstrate that these proposed schemes can effectively
maximize the spectral utilization with QoS satisfaction and
significantly improve system throughput.
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