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Abstract—A new cross-layer content/channel-aware downlink
scheduling algorithm for wireless video streaming is presented.
A novel mathematical model has been developed for the per-
formance analysis of the proposed scheduling algorithm. Using
novel content-aware and standard performance metrics, the per-
formance of the scheduling algorithm is evaluated and optimized.
The results show that there is an inherent conflict between
content-awareness for enhanced video quality and channel-
awareness for high channel capacity. The scheduling algorithm
can be tuned to maximize the throughput of the most significant
video packets, while minimizing the capacity penalty due to
quality/capacity trade-off. The results also suggest that the level
of content-awareness required for optimum performance at the
scheduler and the achieved capacity, are highly sensitive to the
delay constraint. The lower the delay constraint, the higher the
importance of content-awareness and the lower the capacity.
Under the parameters of the investigation in this paper, the results
show that the capacity is 3.7 times more for a delay constraint
of 10ms than for a zero delay constraint.

Index Terms—Scheduling, video streaming, SVC, content-
aware, cross-layer.

I. INTRODUCTION

Supporting multimedia applications and services over wire-
less networks is challenging due to constraints and hetero-
geneities such as limited bandwidth, limited battery power,
random time-varying channel conditions, different protocols
and standards, and quality of service (QoS) requirements.
Cross-layer design methodologies have been proven beneficial
for addressing these challenges and providing high-quality
performance to the end user in wireless multimedia communi-
cations. In this framework, information collected at different
layers of the protocol stack can be used for the optimization
of the whole transmission system.

Typically cross-layer design is performed by jointly design-
ing two layers of the protocol stack. For instance, in [1] and
[2], scheduling plays an important role in providing quality of
service (QoS) support to multimedia communications in var-
ious kinds of wireless networks, including cellular networks,
mobile ad hoc networks, and wireless sensor networks. The
authors propose a scheduling algorithm at the medium access
control(MAC) layer for multiple connections with diverse
QoS requirements,where each connection employs an adaptive
modulation and coding scheme at the physical (PHY) layer
over wireless fading channels. Each connection is assigned a
priority, which is updated dynamically based on its channel
conditions, and each time the connection with the highest
priority is scheduled. This approach focuses on the joint design
and operation of the MAC and PHY layers.

The work in [3] includes in the analysis MAC-PHY and
APP layers, presenting as an example a MAC-application layer

optimization strategy for video transmission over 802.11a
wireless LANs based on classification.

This paper applies a cross-layer approach to the problem of
scheduling video streams to multiple users on the downlink
of a cell or sector of a wireless mobile network, where
scalable video coding (SVC) is employed1. Traditionally,
there are two main classifications of scheduling algorithms:
channel aware / channel unaware schedulers and content-
aware/content-unaware schedulers. Channel-unaware sched-
ulers make no use of channel state conditions such as power
level and channel error and loss rates. These basically focus
on fulfilling delay and throughput constraints. These include
Round-Robin, weighted fair queuing (WFQ) and priority based
algorithms. Such algorithms assume perfect channel condi-
tion, no loss and unlimited power source. However, due to
the nature of wireless medium and the user mobility, these
assumptions are not valid.

The BS downlink scheduler could use instead channel infor-
mation, such as in [4–7], including the Carrier to Interference
and Noise Ratio (CINR), which is reported back from the
mobile receiver. Most of channel-aware algorithms assume that
channel conditions do not change within the frame period. It
is also assumed that the channel information is known at both
the transmitter and the receiver. In general, schedulers favor
the users with better channel quality to exploit the multiuser
diversity and channel fading.

The above strategies are, traditionally, non-content aware
and the quality of service of the received video is measured
in generic terms of packet delay, packet loss rate or data rate.
Video quality, however, is not a simple function of the data
rate, delay or data loss but rather is affected differently by
different segments of the video stream. This is emphasized
in SVC where a video stream comprises of multiple quality
layers. In multi-user video transmission, this introduces a
type of multi-user content diversity that can be exploited by
content-aware scheduling policies in optimizing the utilization
of the network resource. Examples of content-aware methods
are found in [8–16].

In [8, 9], a concept of incrementally additive distortion
among video packets is used to determine the importance
of video packets for each user. Essentially, the increase in
distortion due to the loss of a video packet is a function of
all other video packets that are dependent on it and cannot
be decoded if it was not sent or could not be decoded. This
information is used to drop video packets in the event of
congestion over the wireless interface, beginning with the
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least important video packet. This buffer management strategy
is combined with various scheduling approaches that set the
priorities across users in order to either maximize through-
put, ensure proportional fairness or minimize late packets.
Scheduling across users, however, does not explicitly exploit
the relative importance of video packets.

In [10, 11], the subflow concept is introduced in which a
video flow (bitstream) is divided into several subflows based
on their delay constraints as well as based on the relative
priority in terms of the overall distortion of the decoded video.
This is combined with a prioritized scheduling function of
the 802.11e WLAN MAC. One drawback of this approach
is its limitation to the 802.11e MAC which allows a limited
number of priority classes. This results in limited subflow
differentiation of the video stream and thus limited gains
from the multi-user content diversity. Furthermore, multi-user
channel diversity is not exploited.

In [13], content-aware packet reordering per user and
multi-user content-aware priority based scheduling are also
proposed. User priorities are determined in each time-slot
based on maximizing a multi-dimensional utility function,
which aims to minimize the distortion of users and maximize
the (error-free) per-user data rate. Content-based long-term
fairness is also included in the utility function. However, the
optimum multi-user transmission profile is intractable and an
approximate sub-optimal solution is used by the scheduler. A
similar approach is considered in [14].

In this paper, a multi-user, content-aware priority based
scheduling algorithm is proposed, where packet priorities are
selected in order to jointly exploit multi-user content and
channel diversity. This work is, therefore, most similar to
[13]. However, in the proposed algorithm, the priority of
each packet is determined as a polynomial function of the
quality of the channel(s) available to the user in each time-
slot and the content-dependent importance of the packet. The
proposed approach avoids the multi-dimensional optimization
at every time-slot inherent in [13], in which the computational
complexity increases with the number of users and available
channels. Instead, a single prioritization parameter is used,
which determines the trade-off between content-awareness
for enhanced video quality and channel-awareness for high
channel capacity.

Another contribution of the work presented in this pa-
per consists of new performance metrics for content-aware
scheduling. The proposed performance metrics, unlike the
traditional objective video quality metrics [15, 17–22], provide
a direct measure of the effectiveness of the scheduling strategy
in handling the different segments of the video stream accord-
ing to their relative importance. Finally, a novel mathematical
model and analysis of the proposed scheduling algorithm
is presented. This is used to obtain results evaluating the
performance of the proposed scheduler.

The rest of the paper is organized as follows. Section II de-
scribes the proposed scheduler, while Section III, presents the
key performance metrics and the derivation of their analytical
expressions. Numerical results and conclusions are presented
in Section IV and Section V, respectively.

II. JOINT MULTI-USER CONTENT-AWARE AND
CHANNEL-AWARE PRIORITIZED SCHEDULER

Figure 1 shows a schematic of the joint content/channel
aware scheduling approach. Downlink (DL) scheduling deci-

sions are made periodically every DL frame, with consecutive
DL frames separated by uplink (UL) frames in which UL
data, CSI and hybrid ARQ feedback are sent. There is a fixed
number B of multidimensional resource slots per DL frame. A
GOP may span several DL frames. A resource slot comprises
of a fixed number of symbols (time) and a fixed number of
resource units in one or more resource dimensions, such as
a fixed number of sub-carriers (frequency), codes and spatial
layers. The set of resource slots per DL frame is denoted as
B.

The number of bits that can be sent by a user on an allocated
resource slot depends on the specific channel conditions for
the user on that resource slot. The group of data bits sent
on a resource slot by a user constitute a packet. The channel
quality qi,c of a resource slot c for user i is defined as the ratio
of the spectral efficiency of the transmission of user i on the
resource slot to the maximum spectral efficiency possible on
any resource slot. The number of bits per transmitted packet
is a product of the channel quality, the maximum spectral
efficiency and the duration of the resource slot. For ease of
notation, qi,c is denoted as q in most of the paper.

Each packet has a relative importance or significance,
denoted as v, which is a function of factors that impact on
the perceived video quality at the end user, such as the total
number of bits that will be lost or cannot be decoded at
the video decoder as a result of its loss. A target maximum
delivery delay t is associated with each packet, in order to
enforce a minimum bit rate requirement. The latter is imposed
on the video stream on a per-GOP basis to ensure that all the
most significant bits in each GOP are received on time to be
used by the decoder. The decoder uses these most significant
bits together with error concealment to provide acceptable
video quality, without interrupting video playback.

Fig. 1. Schematic of joint content/channel aware scheduling

The resource slot allocation process in each DL frame is
iterative with a maximum of B iterations, with one resource
slot allocated in each iteration. At any iteration n, the number
of unallocated resource slots is B − n and comprises the set
Bn ∈ B, where n is a positive integer and B is the set of all
resource slots. At iteration n the resource slot allocation is as
follows.

1) For each user, bits are first grouped in order of their
delivery times τ + t at the decoder, where τ is the time
of arrival of the bit at the scheduler, with the bits with
the earliest deadline at the head of the buffer.

2) Among all bits with the same deadline for each user,
bits are arranged in order of relative importance v, with
the most important blocks at the head of the buffer.



3) The best quality resource slot for each user is selected
from the set Bn, where the selected resource slots are
not necessarily unique to each user. The best quality
resource slot of a user is the slot from the set Bn that
maximizes the number of bits that can be transmitted
without error and is a function of the channel quality q.

4) From this set, the scheduler selects the set of users with
the lowest head-of-line (HOL) deadline, and from these
selects the set of users with the highest HOL priority
p = αv+(1−α)q. This means that from the set of users
with the same HOL importance the scheduler selects the
set of users that have the best channel quality. Similarly,
from the set of users with the same channel quality q
the scheduler selects the set of users with the highest
HOL importance.

5) The parameter α in the priority equation is used to tune
the system trade-off between exploiting channel diver-
sity to maximize channel throughput and maximizing
the per user video quality.

6) From this set, the scheduler selects the user i whose best
resource slot c is the best resource slot for the fewest
number of other users.

7) This slot c is assigned to user i, and is removed from
the set Bn.

The above process is repeated in the next iteration n = n+1,
if there are still unassigned blocks and available resource slots
(B − n > 0).

III. MATHEMATICAL MODEL

Two novel and key performance metrics proposed in this pa-
per for evaluating the performance of content-aware schedul-
ing are defined as follows. The first is the normalized signifi-
cance throughput S̆v(v, α), which is defined as the throughput
of packets with significance greater than v normalized by the
offered load of packets with significance greater than v. The
second is the probability that a packet of significance greater
than v is delayed beyond its delay constraint Pv(v, α).

Another metric used is the normalized throughput per
resource slot Stot(α) for a given value of α, which is the
throughput per resource slot normalized by the maximum
number of bits that can be sent in a resource slot. The
normalized throughput Stot(α) is maximized as α tends to
zero and packets are prioritized according to channel quality
rather than source significance. The channel utilization η(α) is
a measure of the deviation from the maximum throughput as
α increases from zero. The main objective of the subsequent
mathematical analysis is to derive analytic expressions for
S̆v(v), Stot and Pv(v, α).

In the real system, only bits that are to be transmitted are
grouped into packets in the real system, with the number
of bits per packet dependent on the channel conditions of
the resource slot on which the packet is sent. Therefore, the
number of data bits is known before the allocation process,
but the number of packets and the number of bits per packet
are only known after the allocation process. The traffic model
assumed the analysis represents the view of the system after
the allocation process. Therefore, the packets considered in the
analysis include both real packets that are assigned to resource
slots and transmitted, and virtual packets that represent an
arbitrary grouping of the bits that are not transmitted but
remain queued by the scheduler. The distribution of the
number of blocks in virtual packets is assumed without loss

of generality to be the same as the distribution in real packets.
The number of packets per DL frame from multiple users is
assumed to follow an arbitrary distribution with mean λS.

The scheduling priority is determined by p = ϑ+ω, where
ϑ = αv, ω = (1 − α)q and 0 ≤ α ≤ 1. The priority of
a randomly selected packet has pdf and cumulative density
function of fp(p) and Fp(p), respectively, where the pdf fp(p)
is given by

fp(p) =
∫ ∞
−∞

fϑ(p− ω)fω(ω)dω (1)

The probability that a packet has a priority higher than p is
1− Fp(p).

It is assumed that the channel quality q and significance v
of a randomly selected packet follow a uniform distribution
in the interval (0, 1]. Therefore, ϑ and ω follow uniform
distributions in the intervals (0, α] and (0, 1−α], respectively.
These assumptions do not impact on the generality of the
subsequent analysis and any other distribution can be assumed.

In order to derive the pdf of fp(p), define random variables
x and y that are uniformly distributed over (0, β] and (0, 1−β],
respectively, where 0 < β ≤ 1−β ≤ 1 (β ≤ 0.5). This implies
that x = ϑ and y = ω, when β = α, while the converse is
true (y = ϑ and x = ω) when β = 1−α. Let fU(z;u) denote
the pdf of a random variable z that is uniformly distributed
over the range (0, u], then the pdfs of x and y are denoted
as fU(x;β) and fU(y; 1 − β), respectively. The pdf fp(p) is
computed as follows.

fp(p) =
∫ ∞
−∞

fU(p− y;β)fU(y; 1− β)dy. (2)

The pdf fU(y; 1− β) = 1 in the range 0 ≤ y ≤ 1− β, and is
zero, otherwise. Therefore,

fp(p) =
∫ 1−β

0

fU(p− y;β)dy (3)

For 0 ≤ p ≤ β

fp(p) =
1

β(1− β)

∫ p

0

1dy =
p

β(1− β)
. (4)

For β ≤ p ≤ 1− β

fp(p) =
1

β(1− β)

∫ p

p−β
1dy =

1
1− β

. (5)

For 1− β ≤ p ≤ 1

fp(p) =
1

β(1− β)

∫ 1−β

p−β
1dy =

1− p
β(1− β)

. (6)

The final equation for fp(p) can be, concisely, expressed as

fp(p) =


p

β(1−β) for 0 ≤ p ≤ β
1

1−β for β ≤ p ≤ 1− β
1−p

β(1−β) for 1− β ≤ p ≤ 1

0 Otherwise,

(7)

where β ≤ 0.5. Therefore, for α ≤ 0.5, the pdf fp(p) is given
by substituting β = α in (7), while for α > 0.5 (1−α ≤ 0.5),
the pdf fp(p) is is given by substituting β = 1− α.

The cdf Fp(p) is computed as follows. For 0 ≤ p ≤ β, the
cdf is the area of the triangle with base length p and height
fp(p)

Fp(p) =
p2

2β(1− β)
. (8)



For β ≤ p ≤ 1−β, the cdf is sum of the area of the triangle
with base length and height of β and 1

1−β , respectively, and
the area of the square with base and height of p−β and 1

1−β ,
respectively.

Fp(p) =
β

2(1− β)
+
p− β
1− β

=
β

2(1− β)
+

2p− 2β
2(1− β)

=
2p− β

2(1− β)
.

(9)

For 1 − β ≤ p ≤ 1, the cdf is unity less the area of the
triangle with base length 1− p and height fp(p)

Fp(p) = 1− (1− p)2

2β(1− β)
. (10)

Concisely, the cdf Fp(p) is

Fp(p) =


p2

2β(1−β) for 0 ≤ p ≤ β
2p−β

2(1−β) for β ≤ p ≤ 1− β
1− (1−p)2

2β(1−β) for 1− β ≤ p ≤ 1

0 Otherwise,

(11)

where β = min(α, 1− α).
After the allocation process packets are arranged in se-

quence according to their priorities, such that packets with
priority greater than p form a ’run’ of a random number of
packets. The mean number of packets with priority greater
than p is:

E[l(p)] = λS(1− Fp(p)). (12)

Assuming that the length of the run is geometrically dis-
tributed, then the parameter πp of the geometric distribution
is given by

πp =
1

E[l(p)] + 1
. (13)

If the number of packets l in the run with priority higher
than p is less than the available number of resource slots B,
then the number of packets with priority higher than p that
are transmitted is equal to l. Otherwise, the number of packets
with priority higher than p that are transmitted is equal to B.
Therefore, the throughput of packets with priority greater than
p is

Sp(p) = πp(1− πp)
B∑
l=1

l(1− πp)l−1 +Bπp

∞∑
l=B+1

(1− πp)l

=
1− πp
πp

.[1− (1− πp)B(πpB + 1)] +B.(1− πp)B+1

= E[l(p)].[1− (1− πp)B(πpB + 1)] +B.(1− πp)B+1.
(14)

The throughput of packets with significance greater than
v is computed as follows. Given that p = αv + (1 − α)q
and that the maximum value of q is unity, then packets with
priorities p > αv+(1−α), always have a significance greater
than v. Furthermore, packets with priorities p ≤ αv always
have a significance less than or equal to v, while packets
with priorities in the range αv < p ≤ αv + (1 − α) have
a significance that occasionally exceeds v. The proportion
of packets with significance greater than v in the range
αv < p ≤ αv + (1− α) is

Pv(v) =
λv(v)− λp(αv + (1− α))
λp(αv)− λp(αv + (1− α))

. (15)

The throughput of packets with significance greater than
v is the sum of throughput of packets priorities greater than
αv + (1 − α) and fraction of packets with priorities in the
range αv < p ≤ αv + (1 − α) that have a significance that
occasionally exceeds v

Sv(v, α) = Sp(αv + (1− α))
+ Pv(v)[Sp(αv)− Sp(αv + (1− α))]. (16)

The offered load of packets with significance greater than
v is

λ(v) = λS(1− Fv(v)) = λS(1− v). (17)

A normalized significance throughput is defined as the
throughput of packets with significance greater than v normal-
ized by the offered load of packets with significance greater
than v and is:

S̆v(v, α) = Sv(v, α)/λv(v). (18)

The normalized significance throughput S̆v(v, α) is effec-
tively the probability that a packet with significance greater
than v in the queue in any given DL frame is transmitted.
Therefore, 1 − S̆v(v, α) is the probability that the packet
is not transmitted but queued at least until the next DL
frame. Assuming that the this probability is approximately
independent in consecutive DL frames, then the probability
that a packet of significance greater than v is delayed beyond
its delay constraint t is computed as follows.

Pv(v, α) = 1−
t∑

τ=0

[1− S̆v(v, α)]τ S̆v(v, α)

= [1− S̆v(v, α)]t+1.

(19)

The throughput of packets with channel quality greater than
q is the sum of throughput of packets priorities greater than
α + (1 − α)q and fraction of packets with priorities in the
range (1 − α)q < p ≤ α + (1 − α)q that have a quality that
occasionally exceeds q. It is derived in a similar manner as
Sv(v, α) to give

Sq(q, α) = Sp(α+ (1− α)q)
+ Pq(q)[Sp([1− α]q)− Sp(α+ (1− α)q)], (20)

where

Pq(q) =
λq(q)− λp(α+ (1− α)q)

λp((1− α)q)− λp(α+ (1− α)q)
.

The normalized throughput per resource slot for a given
value of α is the throughput in bits normalized by the
maximum number of bits that can be sent in a resource slot
is

Stot(α) =
1
B

∫ 1

0

dSq(q, α)
dq

qdq. (21)

IV. NUMERICAL RESULTS

The results presented in this section assume a DL frame
duration of 1 ms. The maximum number of resource slots
B per DL frame is 2048, with each resource slot having
a bandwidth of 180 KHz. These parameters are similar to
those proposed for LTE. However, we assume a much larger
number of resource slots (blocks) per DL frame than in
an LTE sub-frame, with only 100 in the latter. This can
be achieved, for example in LTE advanced by using carrier
aggregation to increase the total available bandwidth (and



number of sub-carriers) and MIMO to increase the number of
possible simultaneous transmissions on the same sub-carriers.
Furthermore, we assume a maximum spectral efficiency of 2
bits/s/Hz in each resource slot, which maps to a maximum of
360bits per resource slot.

Figure 2 shows a contour plot of the normalized throughput
Stot(α) versus normalized offered load λtot and prioritization
coefficient α. Figure 2 shows that the normalized throughput

Fig. 2. Normalized throughput per resource slot versus normalized offered
load and prioritization coefficient.

Stot(α) increases with normalized offered load λtot with the
rate of increase declining at high values of λtot. Furthermore,
as the prioritization coefficient α is decreased Stot(α) in-
creases. A noticeable increase in Stot(α) is observed as α
crosses the 0.5 mark at high values of λtot, which is the point
at which the scheduler begins to favor channel quality over
source significance.

Figure 3, Figure 4 and Figure 5 show plots of the normalized
significance throughput S̆v(v, α) versus significance v for
different values of α and offered load λtot. It is observed in all
three figures that for α tending to zero, where prioritization
is based solely on channel quality, S̆v(v, α) is constant for
any given offered-load. As α increases, the content-awareness
at the scheduler rises, and S̆v(v, α) is observed to increase
as a function of significance v. The higher the value of α the
higher the value of S̆v(v, α) for any given offered-load, and the
faster the rate of increase of S̆v(v, α) with v. Furthermore, the
lower the offered load the higher the normalized significance
throughput S̆v(v, α) for any given values of α and v.

Fig. 3. Normalized significance throughput versus significance for a normal-
ized offered load=0.2.

Figure 6, Figure 7 and Figure 8 show plots of the normalized
significance throughput S̆v(v, α) versus offered load λtot for
different values of α and significance v. It is observed in all

Fig. 4. Normalized significance throughput versus significance for a normal-
ized offered load=0.6.

Fig. 5. Normalized significance throughput versus significance for a normal-
ized offered load=1.

three figures that the smaller the value of α the faster the
rate of decline of S̆v(v, α) from unity with increasing offered
load. Furthermore, the higher the significance the higher the
normalized significance throughput S̆v(v, α) for any given
values of α and offered load.

Fig. 6. Normalized significance throughput for a significance greater than 0.25
versus normalized offered load.

In order to support the video QoS, it is required that packets
with a significance greater than a target value v are received
at the decoder before being out-of-date. This implies that the
normalized significance throughput S̆v(v, α) of packets with
significance greater than v exceeds a target value θv. In order
to maximize the number of users, it is required to maximize the
normalized throughput Stot(α). Maximizing Stot(α) requires
minimizing the prioritization coefficient α and maximizing
the normalized offered load λtot, which minimizes S̆v(v, α).
Therefore, there is a trade off between maximizing Stot(α)
and ensuring that S̆v(v, α) > θv. The optimal values of α and
λtot are the values that deliver the highest value of Stot(α)



Fig. 7. Normalized significance throughput for a significance greater than 0.5
versus normalized offered load.

Fig. 8. Normalized significance throughput for a significance greater than 0.75
versus normalized offered load.

that can be supported, while ensuring that S̆v(v, α) > θv.
Consider packets with significance greater than v = 0.5 and

a target maximum packet delay of 10 DL frames. In order to
ensure that the probability of exceeding this delay is less than
10−3, a value of θv = 0.4663 is obtained from (19). Using (18)
and (21), the optimum values of α and λtot are determined by
a direct search as 0.19 and 0.86, respectively, with Stot(α) =
0.5 (where 0.5 is the maximum value). Assuming a target
maximum packet delay of zero (DL frames), a value θv =
0.999 is required, which gives optimum values of α and λtot

as 0.91 and 0.14, respectively, with Stot(α) = 0.1348.

V. CONCLUSIONS

A new joint content/channel-aware multiple user DL
scheduling algorithm for wireless video streaming has been
presented. Using novel content-aware and standard perfor-
mance metrics, the performance of the scheduling algorithm
is evaluated and optimized using a new mathematical model.
The delay constraint is observed to impact on the level
of content-awareness required at the scheduler for optimum
performance, and on the achieved capacity. The results show
that the capacity is 3.7 times more for a delay constraint
of 10ms than for a zero delay constraint. Given that the
lower delay constraint also implies a higher video quality,
the capacity/delay-constraint trade-off impacts on the overall
quality/capacity trade-off. Therefore, the task of achieving the
desired quality/capacity trade-off requires first setting a delay
constraint or minimum data rate that is consistent with the
desired quality. Under the condition of this delay constraint,
the optimum prioritization coefficient for the scheduler is

selected that maximizes the throughput of the most significant
packets, while minimizing the capacity penalty.
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