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Delay Sensitive Scheduling Schemes for
Heterogeneous QoS over Wireless Networks
Zhu Han, Xin Liu, Z. Jane Wang, and K. J. Ray Liu

Abstract— Future wireless networks will support the growing
demands of heterogeneous and delay sensitive applications. In
this paper, a users’ satisfaction factor (USF) is defined to quantify
quality of service (QoS) for different types of services such
as voice, data, and multimedia, as well as for different delay
constraints. This USF not only predicts the final delivered QoS
during transmission, but also take advantages of the fact that
different packets can be decoded at different time in the receivers.
Based on this USF, four types of scheduling schemes considering
tradeoffs between system performance and individual fairness are
proposed. These schemes explore the time, channel, and multiuser diversity to guarantee quality of service and enhance the
network performance. From the simulation results, the proposed
scheduling schemes achieve different tradeoffs between individual
fairness and high system performance for the heterogeneous and
delay sensitive applications, compared with the weighted roundrobin and the modified proportional fairness scheduling schemes.
Index Terms— Resource management, scheduling, multimedia
communication, integrated voice-data communication, adaptive
modulation.

I. I NTRODUCTION

T

O satisfy the growing demand for heterogeneous applications of wireless networks, it is critical to deliver
flexible, variable rate services with high spectral efficiencies.
Different Quality of Service (QoS) provisioning over timevarying channel conditions is a key challenge for system
design. Resource allocation provides a strategic means to
address this challenge. Current wireless systems use signal to
noise ratio (SNR) as a QoS measure. Some popular resource
allocation schemes in this context are power control and rate
adaptation [1]–[3]. However with the increasing demand for
multimedia transmissions, their delay sensitive QoS cannot be
satisfied by the SNR measure itself. So it is necessary to define
new QoS measures for multimedia transmission services.
Opportunistic scheduling [4] [5] has attracted a lot of
research attentions as a special kind of resource allocation over
time. The basic idea of “opportunistic scheduling” is allocating
resources to links experiencing good channel conditions while
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avoiding allocating resources to links experiencing bad channel conditions, thus efficiently utilizing radio resources. This
is also referred as channel-aware scheduling which explores
time/multi-user diversity. On the other hand, opportunistic
scheduling introduces an important tradeoff between system
performance and fairness among users. For example, allowing
only users with good channel conditions to transmit may result
in high throughput, but meanwhile sacrifice the transmissions
of other users. In the literature, some long term fairness has
been considered, such as proportional fairness [6], [7] and
time average fairness [8]. A class of dynamic fair scheduling
schemes based on the generalized processor sharing (GPS)
fair service discipline, under the generic name code-division
GPS (CDGPS), is proposed for a CDMA cellular network to
support multimedia traffic [9]. However, there are few works
studying the short-term fairness [10] with delay constraints.
In this paper, our goals are to define a new QoS measure
for multimedia transmissions and to develop new scheduling
schemes, so as to improve system performance and maintain
the individual fairness among users. First, we quantify the
QoS measure as a user satisfaction factor (USF) for different
delay constraints and different applications such as voice,
video, and data. The proposed USF is a function of both the
number of received bits and the delay sensitivity profiles. Since
some layered decoders can decode the layers such as base
layer earlier than the other layers, the USF measure can take
this advantage for better resource allocation. Moreover, the
USF predicts the final delivered QoS during the transmission.
Then based on this QoS measure, we develop four types
of scheduling schemes, namely the maximin approach, the
overall performance approach, the two-step approach, and
the proportional approach. Simulation results show that these
four scheduling schemes achieve different tradeoffs between
the system performance and individual fairness, compared
with the weighted round-robin and the modified proportional
fairness scheduling schemes.
This paper is organized as follows: System model is given
in Section II. In Section III, USF is defined for heterogeneous
QoS with different delay requirements. In Section IV, four
types of scheduling schemes are proposed and some analysis
is conducted. Simulation results are shown in Section V and
conclusions are drawn in Section VI.
II. S YSTEM M ODEL
We consider a downlink scenario of a single-cell system.
The system has K users randomly located within the cell.
The transmission bandwidth is W . Slow fading is assumed
such that the channel gain is stable within each packet. For
simplicity, the channel parameters from different users are
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TABLE I

Typical f Function vs. the Number of Received Bits M per Second
2

R EQUIRED SNR FOR DIFFERENT BER OF DIFFERENT ADAPTIVE
MODULATION AND CONVOLUTIONAL CODING RATES

Modulation
QPSK
QPSK
QPSK
QPSK
16QAM
16QAM
16QAM
16QAM
64QAM
64QAM
64QAM

Coding
Rate
1/2
2/3
3/4
7/8
1/2
2/3
3/4
7/8
2/3
3/4
7/8

SNR ρk (dB)
BER ≤ 10−6
4.65
6.49
7.45
9.05
10.93
12.71
14.02
15.74
18.50
19.88
21.94

S−Shape (Video)
Step (Data)

1.6

1.4

1.2
f Function Value

k
1
2
3
4
5
6
7
8
9
10
11

Rate
ωk
1W
1.33W
1.5W
1.75W
2W
2.66W
3W
3.5W
4W
4.5W
5.25W

Linear (Voice)

1.8

1

0.8

0.6

0.4

0.2

assumed perfectly estimated, and the channel information is
reliably feed back from mobiles users to the base station
without any delay. Denote Γk as the k th user’s SNR as: Γk =
Bk Gk
σ2 , where Gk is the channel gain and Bk is the transmit
power for the k th user. The thermal noise power for different
users is assumed to be the same and represented as σ 2 . For
the downlink system, because of the practical constraints in
implementation, such as the limitation of power amplifier and
consideration of co-channel interferences to other cells, the
transmit power is bounded by Bmax .
We also assume that with appropriate channel modulation
and coding, the packet loss rate is sufficiently low. In other
words, Bit Error Rate (BER) of the channel transmission is
kept lower than some desired threshold. Adaptive modulation
and adaptive channel coding provide each user with the
ability to adjust his/her data transmission rate rk , according
to the channel condition, for achieving the desired BER.
We focus on MQAM modulation and convolutional codes
as they provide high spectrum efficiency and strong forward
error protection, respectively. We select the BER threshold
as BER ≤ 10−6 . The required SNR’s for BER = 10−6
with different modulations and convolutional coding rates
using bit interleaved coded modulation (BICM) are listed in
Table I, based on the results in [2]. To facilitate discussion,
denote the number of combinations in Table I of different
modulation and convolutional coding rates as Q. Define the
feasible set of the rate as ω = {ω0 , ω1 , ω2 , . . . , ωQ }, and the
corresponding set of the required SNR for BER ≤ 10−6 as
ρ = {ρ0 , ρ1 , ρ2 , . . . , ρQ }, where ω0 = 0 and ρ0 = 0. Thus,
all rk should be selected from the set ω. For the scheduling
scheme, the rate should be selected such that the maximal
transmission power Bmax is able to maintain the BER lower
than 10−6 . Specifically, the following inequalities should be
held if user i’s transmit rate ωj is selected:

ρj ≤

Bmax Gi
< ρj+1 , for j = 0, . . . , Q − 1;
σ2
Bmax Gi
and ρj ≤
, for j = Q.
σ2

(1)

0

0

Fig. 1.
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Typical f functions vs. received bits M per second.

III. U SER S ATISFACTION FACTOR
In this section, we define USF that represents multimedia
users’ QoS considering both received bits and delay sensitivity profile. First, we consider QoS representation when all
transmitted bits are received. We define f to quantify QoS as
a function of M , number of received bits. For different types
of services, f can have different definitions. For example,
for data transmission, f can be a step function, i.e., only
when all information is received can QoS be ensured. For
most embedded voice coders, the mean square error (MSE)
can be approximated by an exponential function of M . So
the corresponding reconstructed peak signal to noise ratio
(PSNR) can roughly be a linear function of M . For the layered
video encoders such as MPEG4-FGS, the base layer packets
should be transmitted first to maintain the basic QoS, and
then the enhanced layer packets are transmitted with the higher
priority packets first. The resulting PSNR is a kind of S-shape.
Some typical f functions are illustrated in Figure 1. Here we
normalize the QoS for the different users, so that users’ QoS
is exactly satisfied when f = 1. When f > 1 users are over
satisfied, and when f < 1 users are under satisfied. For the
different applications, to achieve the same f , the necessary
numbers of the received bits M per second can be different.
For different types of multimedia transmissions, different
packets can have different delay sensitivity profiles. For example, for voice services, the packets should be received with
a strict delay. For layered video services, base layer can be
transmitted and decoded earlier than the enhanced layers. So
some proportion of data can be transmitted earlier than the
other. We define N as the packet transmission time with the
strictest delay constraint, and n as the packet transmission
finishing time. The delay sensitivity profile can be presented
by P (n ), the weight of finishing the transmission at time n ,
when n ≥ N . This weight represents different delay tolerance
levels for different packets.
In this paper, we consider the geometric distribution for
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delay profiles as an example. Other types of distributions can
be applied in a similar way. A parameter α depicting the delay
tolerance is assigned when each user is admitted, where 0 ≤
α < 1. Suppose a user finishes the transmission at time n ,
where n ≥ N , the packet is associated with a weight P (n =
N + i) = (1 − α)αi , i = 0, 1, · · ·. For notation simplicity,
here we assume 00 = 1, if α = 0 and i = 0. The value of α
represents the delay tolerance of the user. Different payload
types in terms of delay tolerance can be categorized as:
1) Strict Delay Constraint: α = 0, P (n = N ) = 1,
and P (n ) = 0, ∀n > N . In this case, the packet
must be transmitted before time (N + 1). This fits such
applications as voice payloads.
2) Soft Delay Constraint: 0 < α < 1. This fits the
video/image payloads, where the higher priority bits
can be transmitted and decoded earlier than the lower
priority bits.
3) No Delay Constraint: α → 1, so P (n = N + i) →
0, ∀ i ≥ 0. Users can tolerate arbitrary delays. This fits
time insensitive payloads such as emails.
In traditional networks, the system assigns the resources
to users, according to current QoS and channel conditions.
There are few works that considers the final delivered QoS,
even though the wireless channels may fluctuate. Therefore,
we need to define USF for QoS measurement such that the
system can adapt its resource allocation strategy by predicting
the final delivered QoS. Suppose there is an estimator g that
estimates the number of transmitted bits at time n , based
on the transmission history and channel conditions using the
information no later than time n. The most straight-forward
method is the linear prediction. At the current time n, the
resulting prediction of the number of bits received at a future
time n is
n−1
n j=1 Ti (j)

, n ≥ N,
(2)
g(n, n ) =
n−1
where Ti (j) is the ith user’s transmitted bits at time j. Other
types of function g can also be explored, such as moving
window, Kalman filter, etc.
We define USF at time n as:
∞

USFi (n) =
P (n )f (g(n, n )).
(3)
n =N

The physical meaning of USF is the estimated weighted QoS
according to the delay sensitive profile 1 . For example, for the
voice services, α = 0, then any components of f with n > N
are weighted by zero in (3). So the delayed transmission has
no impact on USF. For the data transmissions with α → 1,
USF is always 1. For the soft delay case, USF is affected
by both QoS function f and delay distribution profile of P .
Note that this USF defines the short term QoS, since the delay
profile is related to each packet’s transmission time. The value
of USF represents the user’s QoS measurement as follows:
1) USF(n) > 1: the user is over satisfied at the current
time n. For the rest of transmission time, he/she may be
less aggressive for acquiring resources.
1 USF is not the estimation by the distribution of the real packet finishing
time but by the delay sensitive weight instead.
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2) USF(n) = 1: user’s QoS is exactly satisfied. If he/she
acquires the resource at the current rate, the final QoS
f is equal to 1.
3) 0 ≤ USF(n) < 1: when USF becomes smaller, the
user becomes more unsatisfied and has to transmit more
aggressively in the rest of packet transmission time.
IV. F OUR S CHEDULING S CHEMES WITH USF
In this section, based on USF, we develop four types
of scheduling schemes to improve both individual fairness
and system overall performance. Then, to demonstrate the
performance of the proposed scheduling schemes, a simple
analysis regarding how different parameters affect the value
of the USF change is given.
Scheduling Scheme 1: Maximin Approach: The first
scheduler selects the user with the minimal USF for transmissions so as to improve the minimal performance of the
system. The scheduling policy is expressed as:
arg min wi · USFi (n)
i

where wi is the weight value for user i. In this paper, we
assume wi = 1, ∀i. This approach is fair among users but
will generate inferior system performance because the users in
the bad channel conditions might consume most of scheduled
transmission times.
Scheduling Scheme 2: Overall Performance Approach:
This type of scheduler tries to maximize the overall USF.
Define ΔUSFi (n) as the USF change if the scheduler assigns
the current time slot to user i. Since each time only one user
occupies the channel, the scheduling policy is
arg max wi · ΔUSFi (n).
i

By doing this, a user with a good channel condition has
a good chance for transmissions. Consequently the scheduler can take advantages of multiuser diversity and channel
diversity to optimize the system performance. However the
fairness among users is not considered. Notice that this type
of scheduling scheme is very unfair for the users with no delay
constraint, since ΔUSF is always a small number for them. In
implementation, when the other users have USF’s larger than
1, the users with no delay constraint are selected.
Scheduling Scheme 3: Two-Step Approach: The philosophy of this approach is to maintain the users’ minimal QoS
first, then to try to maximize the overall system performance.
The approach is the combination of the first two approaches,
shown as:

if USFi < 1, ∃i;
arg mini wi · USFi (n),
arg maxi wi · ΔUSFi (n), otherwise.
This approach can satisfy the basic fairness among users and
then optimize the system performance. So it is a tradeoff
between the first two approaches.
Scheduling Scheme 4: Proportion Approach: In [6], the
proportional fair scheduling is proposed, where the scheduler
selects the user with the largest ratio of current possible
maximal rate over the sum of rates in his/her transmission
history. By doing this, the scheduler takes into account of
the current channel condition and maintains the long-term
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proportional fairness. In this paper, we employ the similar
idea. Compared with the second approach, the scheduler
weights the user with the inverse of his/her current USF value
plus a small positive constant ε. This constant is to prevent
the error of “divided by zero”. If the user has a better channel,
the rate adaptation can transmit more information to improve
his/her USF and the user has the advantage to transmit. On the
other hand, if the USF is small, the user also has the advantage
for transmissions. The scheduler can be expressed as:

⎩

exp

σ2 ρ
− BmaxQG
i

exp

− exp
,

, j = 0, . . . , Q − 1,

0.1

0

1

Fig. 2.

3

Overall transmission proportions of different payloads.
5

8

2

Throughput

x 10

Scheduler 1
Scheduler 2
Scheduler 3
Scheduler 4
Round−Robin
Proportional

6

j = Q.

5

(5)
where C is a constant. The estimated ΔUSFi is large, when the
demand of transmission rate μ is large, the delay requirement
is strict (small α), or the channel gain Gi is large. On the
other hand, when the current USF is large, the user has
less advantage for ΔUSFi . Notice that (5) is obtained based
on several assumptions such as linear assumption of f and
Rayleigh Fading. In practice, it is very difficulty to obtain the
close form solution of ΔUSFi . In the next section, we will
conduct numerical study to evaluate the proposed schemes.
V. S IMULATIONS R ESULTS
We conduct simulations with the following settings to
demonstrate performances of the proposed schemes based on
the new QoS measure USF. The channel gain [11] is given by
C0
ra (1 + rλc /(4hb hm ))b

0.4

(4)

Assume a linear assumption of f as f = μg(n, n ) and
α > 0. The larger μ, the higher demand for transmission rate.
From (2) and (3), at each time the estimated ΔUSFi with
known USFi and Gi is given by
⎛
⎞
Q
σ2 ρj

μ
−
E(ΔUSFi |Gi , USFi ) = C ⎝
exp Bmax Gi −USFi ⎠
α j=1

G=

0.5

7

Pr (Ti = j|Gi ) =
σ2 ρj+1
− Bmax
Gi

0.6

0.2

This scheduler provides another tradeoff between the performance and fairness.
In the rest of this section, by using some assumptions
to simplify the problem, we try to provide some theoretical
analysis on how different parameters influence the value of
ΔUSF. By using Rayleigh fading assumption as an example,
the channel of any link is modelled as a zero mean circularly
symmetric complex Gaussian random variable with unit variance. From (1), the probability that a user selects constellation
of 2j is
σ2 ρ
− BmaxjG
i

Scheduler 1
Scheduler 2
Scheduler 3
Scheduler 4
Round−Robin
Proportional

0.3

wi · ΔUSFi (n)
.
arg max
i
USFi (n) + ε

⎧
⎨

Proportion
0.7

(6)

where C0 is a constant that depends on the antenna gain (here
C0 = 10−7 ), r is the distance between the mobile and the base
station, a is the basic path loss exponent (we select two), b is
the additional path loss component (we select one), hb is the
base station antenna height, hm is the mobile antenna height,
and λc is the wavelength of the carrier frequency. The mobile

4
3
2
1
0

1

Fig. 3.

2

3

Overall throughput of different payloads.

antenna height is 2m, and the base station antenna height is
50m. The carrier frequency is 1845-MHz. The total bandwidth
is 90KHz. The maximal base station transmission power is
10W. Shadowing has standard deviation of 10dB. Background
noise power is -90dBmW. All users are uniformly distributed
within the range of [r0 , r1 ] with r0 = 20m being the closest
distance and r1 = 500m being the cell radius. Each user has
the minimum speed of 2km/h and maximum speed 100km/h.
The period for direction change is 127 steps. The scheduling
updates 2000 times per second and frame transmission time is
equal to scheduling interval. In the simulations, we have 100
different settings of users’ locations with 60 seconds for each
setting. ε = 0.001. There are 13 users in the system. 10 users
have voice payloads, 1 user has video payloads, and 2 users
have data payloads. Three types of heterogenous payloads are
shown in Figure 1 and described in details as follows:
1) Type 1 User, Voice Payloads: To simulate the realtime wireless voice communications, we employ the
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USF for type 1 and type 2, USF variance

USF vs. Bandwidth: Voice
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USF vs. bandwidth for voice users.

using the following criteria:
GSM AMR (Advance Multi-Rate) Narrow-band Speech
Encoder. This encoder operates with 20ms per packet
with the possible encoding rates range from 4.75kbps to
12.2kbps. So we assume α = 0 and delay time is 20ms.
We use the linear approximation and assume f = 0 at
4.75kbps, f = 1 at 10kbps, and f = 1.421 when the
rate is larger than 12.2kbps.
2) Type 2 User, Video Payloads: We consider the embedded video encoder that generates constant rates over time
for simplicity. For general variable bit rate video encoder, the parameters for function f and M are changed
for different video contents and different I, B, and P
frames. We assume there are 10 frames per second. The
strictest transmission time is 50ms and delay factor α =
0.99. We approximate the QoS function as an S shape
function f = arctangent(0.05 ∗ (M − 5000)) + 0.5 ∗ π,
where f = 1 at rate 100kbps and f = 2.9442 at rate
200kbps. This fits typical transmission of QCIF video
with resolution of 176 × 144.
3) Type 3 User, Data Payloads: We assume the packet
length is 50kbit. Each packet is appended with the CRC
check. So we have f = 1, if all bits are decoded
correctly and f = 0, otherwise. The arrival packets are
modelled as Poisson arrival with rate equal to 1 packet/s.
Since the voice user’s data rate is smaller than that of video
or data users, each frame can carry up to 10 voice users’ data,
but only 1 video or data user’s data. The above quantifications
of QoS can be generalized. More practical considerations can
be taken into accounts. For example, for voice coders, the talk
spurt and silence spurt can have different rate requirements; for
video encoders, different scenes and frames may have different
parameters; other QoS measurement can also be considered for
QoS function f .
In order to compare the performances, we also study
the weighted round-robin and proportional fair scheduling
schemes to the above settings. Since short term fairness is
considered, we modify the proportional fair scheme [6], [7]

ci Ti (n)
arg max n−1
,
i
j=1 Ti (j)

(7)

where Ti (n) is the maximal rate that can be achieved for user
i at time n, and ci is the weight factor. The video payloads
have 5 times more weight and the data payloads have 2.5 times
more weight than the voice payloads for both round-robin and
modified proportional fair scheduling schemes.
In Figure 2-4, we show the overall transmission proportions,
overall throughput, average USF, variance of USF of the
different payloads, respectively. From the figures, we can see
that the proposed four schemes give more proportions of
time to the first type of users. Consequently, the first type
of users have higher throughput and higher USF than those
of the second type of users. This is because the proposed
scheduling schemes take consideration of the strict short term
delay requirement of the first type of users. In addition, for
type 3 users, USF is always equal to 1 for all schedulers,
because there is almost no delay requirement. The proposed
schemes allocate the transmission time only if the other delay
sensitive types of users’ QoS’s are satisfied. We quantify the
fairness as the variance of different users’ USF and show the
variances for different schemes in the third column in Figure
4.
Compared with the proposed four schemes, we have the
following observations. Scheme 1 has the least differences
of USF among type 1 and type 2 payloads. This is because
scheme 1 always tries to improve the performance of user
with the least value of USF. However this scheme has the
lowest throughput. Scheme 2 has the highest overall USF and
the overall throughput is also high. However the difference
of USF for two types is large. This is because scheme 2
only tries to maximize the overall USF without considering
the fairness among users. Scheme 3 and scheme 4 provide
certain tradeoffs between the system performance and individual fairness. Scheme 3 finds the tradeoff closer to the user
fairness while scheme 4 finds the tradeoff more close to the
system performance. The variances of USF for the proposed
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USF vs. Bandwidth: Video

and delay sensitive applications. Based on this measurement,
four scheduling schemes are proposed. From the simulation
results, compared with the weighted round-robin and modified
proportional fair schemes, the proposed schemes find the
different tradeoffs between individual fairness and system
performance, while the heterogeneous nature and delay sensitivity of payloads are considered. The schemes can be further
generalized to facilitate the design of the future wireless
networks.
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schemes are much less than those of the round robin and the
proportional fairness schemes.
In Figure 5 and Figure 6, we show the USF of the different
proposed schemes versus the overall bandwidth for voice and
video users, respectively. We modify the bandwidth from
80kHz to 120kHz so that the system changes from being
crowed to being less crowed. From the figure, we can see that
all schemes perform better when the bandwidth is increasing.
All proposed schemes have better performances than round
robin schemes. When the bandwidth is small and the network
is crowded, the proposed schemes have better performances
than proportional fairness scheme. The increasing rates as
function of bandwidth for scheme 2 and scheme 4 are larger
than those of scheme 1 and scheme 3, since the schemes find
different tradeoffs to performance and fairness.
VI. C ONCLUSION
In this paper, we define a new QoS measurement for
multimedia and data transmissions considering heterogeneous
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