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1. Introduction

DVB-H (Digital Video Broadcasting for Handheld termi-
nals) is an ETSI standard specification for bringing broadcast
services to battery-powered handheld receivers [1]. DVB-
H is mostly based on the successful DVB-T standard
specification for digital terrestrial television, adding to it a
number of features designed to take into account the limited
battery life of small handheld devices, and the particular
environments in which such receivers typically operate
[2].

To reduce the power consumption in handheld terminals,
the service data is time sliced and then transmitted over the
channel as bursts at a significantly higher bit rate than the
bit rate of the audiovisual service [3]. Time-slicing enables a
receiver to become active during only a fraction of the time
when receiving the bursts of the requested service to conserve
battery power used for radio reception parts.

To indicate to the receiver when to expect the next burst,
the time (delta-t) to the beginning of the next burst is
indicated within the burst. Between bursts, data of the same

service is not transmitted, allowing other services to use the
bandwidth.

Time-slicing also enables the receiver to monitor neigh-
boring cells during the off-times (between bursts). By
switching of the reception from one Transport Stream to
another during an off period, it is thus possible to accomplish
a quasioptimum handover decision as well as seamless
service handover.

DVB-H also utilizes additional Multiprotocol Encapsula-
tion Forward Error Correction (MPE-FEC) to further improve
mobile and indoor reception performance of DVB-T. Time
Slicing and MPE-FEC are implemented in a network element
called Internet Protocol (IP) Encapsulator. Moreover, a Time
Division Multiplexing (TDM) is implemented by the IP
encapsulator on a number of time-sliced services to fill a
DVB-T transmission channel.

In video broadcasting over DVB-H, the video signals are
encoded to variable bit rate (VBR) bit streams to provide a
better average quality for reconstructed video. VBR encoding
can provide a better average quality and compression per-
formance at the expense of more delay in the system [4, 5].
Relationships between variations in the bit rate (or delay),
video quality, and power consumption of DVB-H receiver
are explored in [5]. When VBR bit streams are broadcasted
over DVB-H, it would be beneficial to use a type of time



domain statistical multiplexing instead of a deterministic
TDM at the IP encapsulator. In statistical multiplexing, a
fixed bandwidth communication channel is virtually divided
into several VBR channels. The link sharing is adapted to
the instantaneous traffic demands of the data streams that
are transferred over each channel. Statistical Multiplexing is
used in many communication applications to improve the
overall performance of communication channels in terms of
bandwidth efficiency, end-to-end delay, and data drop rate.

Due to the time-sliced transmission scheme in DVB-H,
implementation of StatMux in DVB-H has some associated
difficulties. In the time-sliced transmission scheme, when
a time slice is processed by the IP encapsulator, the time
division information for the next time slice (typically in
few seconds later) of the same service should be known to
be signaled to the receivers. In StatMux the time divisions
should vary proportionally to the instantaneous bit rate
of bit streams while the estimation of exact time division
information for the next time cycle is almost impossible.

In this paper a novel technique for performing StatMux
in conjunction with time slicing in DVB-H, implemented
in the IP encapsulator, is proposed. To the best of our
knowledge, this is the first work in the relevant literature
where a method for performing StatMux in conjunction with
time slicing for DVB-H is proposed.

The rest of the paper is organized as follows: background
information for StatMux in DVB-H application is provided
in Section 2. In Section 3, the proposed StatMux and time-
slicing methods for DVB-H application are explained. Sim-
ulation results are provided in Section 4. The paper is closed
with conclusions in Section 5.

2. Statistical Multiplexing in DVB-H

StatMux has been studied in many digital communication
applications. Terrestrial and Satellite Digital TV, Internet TV,
Video on Demand, and other forms of video communi-
cation over (Asynchronous Transfer Mode) ATM networks
are relevant examples to DVB-H application. Significant
past research efforts have developed statistical models for
VBR video traffic [6-12]. Video traffic models are used for
modeling multiplexing processes and producing synthetic
traffics for research simulations. Many other research efforts
have modeled the performance of StatMux that is required
for resource management and controlling the QoS in some
application [13-26]. Moreover, a number of researchers
have tried to improve the performance of StatMux by
different means such as traffic smoothing, synchronization
and scheduling [27-33]. Generally, the performance of
StatMux can be defined based on the operating point of a
multiplexer in a three-dimensional space including data drop
rate, bandwidth usage, and delay dimensions.

Video streaming over DVB-H channel is very different
from other applications. Therefore, StatMux in DVB-H
should be verified according to the special conditions that
exist in this application. From the traffic modeling point of
view, most of the earlier works focused on uncontrolled VBR
video, while due to standard buffering constraints in DVB-H
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standard, the use of controlled VBR video is preferred [34].
While an almost constant quantization parameter (QP) is
used for encoding video in uncontrolled VBR, a controlled
VBR video bit stream is encoded by a loose rate control
with a buffering constraint. The buffer size that defines the
amount of variations in the bit rate is limited by the video
coding standards and also by DVB-H standard. The statistical
properties of a controlled VBR video bit stream differ
from those of uncontrolled VBR bit stream. Therefore, the
performance models proposed for StatMux of uncontrolled
VBR video traffics may not be accurate for the controlled
VBR case, for example, see the proposed model in [20].
Moreover, in many studied applications the transmission
channel is shared between encoded video packets (in IP
networks) or smaller cells (e.g., in ATM networks) but due to
the time-sliced transmission scheme in DVB-H application,
the transmission channel is shared between the bursts that
each includes a large number of video packets. Therefore, the
StatMux performance in DVB-H depends on the statistics of
the merged video packets or bursts that are different from
the statistics of individual video packets and cells. From the
channel point of view, the bandwidth efficiency depends on
the number of multiplexed services. In DVB-H application
a DVB-T channel with relative small bandwidth is allocated
to a small number of services (typically 10 to 15) while in
other applications the shared bandwidth and the number
of services can be much higher. Moreover, in many studied
applications the number of active services may vary during
time, and significant past research efforts have focused on
admission control for connecting new requested services.
However, in DVB-H the number of broadcast services can
be fixed for a longer time and a bandwidth for the channel is
guaranteed. From the QoS point of view, not only the data
loss and multiplexing delay should be controlled in DVB-
H such as other applications, but also the effect of StatMux
on the bottleneck of channel changing delay that exists in
DVB-H should be considered [5]. Moreover, concerning
the conjunction of time slicing and StatMux, the power
consumption of DVB-H receiver is a serious constraint that
can be affected by StatMux. Finally, from the implementation
point of view, due to the time slice signaling in DVB-H,
the TDM information should be known few seconds earlier,
which is a hard to achieve.

Statistical multiplexing in DVB-H can be implemented
by the IP encapsulator. Multiplexed services may share the
bits in one time slice or they may share the time via separate
time slices [3]. When the multiplexed services share the bits
in one time slice, a number of services can be encapsulated
to one MPE-FEC and one burst. When the multiplexed
services share the time, as a simple case each service can be
encapsulated to one MPE-FEC and one time slice. In this
case, the transmission channel is shared between the time
slices as TDM. The proposed method in this paper is directed
to the statistical multiplexing case in which each service is
encapsulated to one time slice.

2.1. Objectives of StatMux in DVB-H. Due to the essential
differences that exist between DVB-H and other video
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communication applications, the objectives of StatMux in
DVB-H may differ from those of other applications. The
objective of StatMux in many applications is to increase the
number of services for a given bandwidth while the QoS is
kept above a given threshold. In StatMux of VBR traffics,
the efficiency of transmission bandwidth depends on the
number of multiplexed services and also on the variations
that exist in the bit rate of bit streams. The bandwidth
efficiency increases when the number of services increases
and when the variations in the bit rate decrease. Note that
the gain of StatMux differs from bandwidth efficiency. For
example, multiplexing few services with high variations in
bit rate may provide a high gain for StatMux but still a low
efficiency for the bandwidth. In DVB-H application in which
a DVB-T channel is allocated to a small number of DVB-
H services, using uncontrolled VBR bit streams with high
variations in the bit rate cannot provide a high efficiency for
the transmission channel. Moreover, due to the bottleneck
of channel changing delay that has been enlarged by the
time-sliced transmission scheme in DVB-H, and also due
to buffering constraints that exist in DVB-H standard on a
hypothetical receiver buffering model, it is preferred to use
controlled VBR service bit streams instead of uncontrolled
VBR bit streams [5, 34-36]. Generally, a controlled VBR
bit stream encoded with a buffering constraint can be
transmitted through a constant bandwidth channel with a
limited delay and without any loss in transmission band-
width. Therefore, in DVB-H application, if all the broadcast
services are constrained to a buffering limit, even without
utilizing StatMux and just by a deterministic multiplexing
(DetMux), it is possible to design a network with a limited
guaranteed end-to-end delay while the maximum bandwidth
is used.

Generally delay and bandwidth can be considered as
two resources in communication networks that compensate
each other. For example a lower end-to-end delay in DVB-
H with DetMux can be achieved at the expense of a higher
bandwidth that means a lower efficiency for the transmission
channel. Therefore, StatMux method not only can decrease
the end-to-end delay but it can also improve the bandwidth
efficiency. To evaluate the performance of StatMux, as a
fixed reference operating point, it can be compared with
DetMux in terms of end-to-end delay when the bandwidth
efficiency is maximized. However, they can also be compared
at any other operating point in terms of delay and bandwidth
efficiency.

Channel changing delay in DVB-H, that is, required time
for switching from one audiovisual service to another, is part
of the end-to-end delay that is perceived by the user. Channel
changing delay in DVB-H has been increased due to the time-
sliced transmission scheme. Several factors contribute to the
delay, and the major ones include time-slicing parameters,
frequency of random access points, and variations in the bit
rate of video bit stream. An initial buffering delay is required
to compensate for the variations in the bit rate. StatMux
can decrease the channel changing delay by minimizing the
required initial buffering delay.

2.2. Challenges of StatMux in DVB-H. According to the
time-sliced transmission scheme used in DVB-H, during
transmission of a data burst, a delta-t or the time to the
beginning of the next burst of the same service is signaled
to the receiver in order to indicate to the receiver when to
expect the next burst. In DetMux the whole bandwidth may
be allocated to a number of services with fixed burst sizes and
determined delta-t. Unlike DetMux, in StatMux, the burst
sizes and the duration of time slices may vary over time
according to the temporal bit rate of service bit streams.
The problem that arises due to the variation over time of
the duration of time slices is how to calculate the delta-
t for each service. When the data for the current burst is
encapsulated, the time-slice boundaries of the next burst of
the same service are unknown and therefore, it is difficult to
compute an exact delta-t to be signaled. While a typical time
cycle can be about few seconds, even the estimation of the
time-slice boundaries according to the variations in bit rate is
difficult. Furthermore, any estimation error may lead to even
worse results for StatMux compared to the DetMux case. It
is possible to compute an exact delta-t by a long-time look
ahead or by buffering of service data for a relatively long-
time (typically several seconds) before data encapsulation.
However, a long-time buffering imposes a long delay to
the system that is in contradiction with the objectives of
StatMux. Comparing to DetMux, the overall delay of such
a system increases in the order of seconds without any gain
in bandwidth.

StatMux may be implemented in the DVB-H standard
in such a way that a number of services are multiplexed
and encapsulated into one time slice [3]. To consume any
multiplexed service, a receiver must receive the whole time
slice or burst. Therefore, the power consumption of the
receiver increases proportionally to the duration of the time
slice or the number of multiplexed services. As a simple case
when all services are multiplexed into one time slice that
consumes the whole bandwidth, a DVB-H receiver should
be switched on continuously. In this case the percentage
of power saving resulting from time-slicing decreases from
typical values of 80%-90% to zero. In this paper we are
seeking a novel method to implement StatMux without such
a large penalty in power consumption of a DVB-H receiver.

2.3. Burst Statistics. To reach the stated objective, we first
investigate the properties of video traffics. VBR video traffics
generally exhibit self-similar properties [7, 8]. The main
feature of self-similar processes is that they exhibit long range
dependence (LRD), that is, their autocorrelation function
r(k) decays less than exponentially fast, and is nonsummable,
that is, r(k) ~ kB, ask — oo, for 0 < B < 1. The
quantity H = 1 — f3/2 is called Hurst parameter or Hurst
exponent. The Hurst exponent was originally developed
in hydrology [37]. It shows whether the data is a purely
random walk or has underlying trends. The Hurst exponent
is related to the fractal dimension, and it is a measure of
the smoothness of fractal time series. However, the statistical
properties of controlled VBR video traffics differ from those
of uncontrolled VBR traffics [12, 38—40]. The uncontrolled



VBR video traffics are persistent, that is, the samples are
positively correlated and the Hurst exponent H > 0.5. On
the other hand, the controlled VBR traffics are antipersistent,
that is, the samples are negatively correlated and the Hurst
exponent H < 0.5. However, a loose VBR rate controller with
a relatively large buffer size may generate video traffics close
to the middle range of the Hurst exponent, that is, H = 0.5.
From the self-similarity, both controlled and uncontrolled
VBR video traffics exhibit self-similarity with LRD. From
the communication network point of view, persistent (LRD
with positive correlation) traffics need more resources than
uncorrelated traffics in terms of bandwidth and delay. On
the other hand, less resources are required for transmitting
antipersistent (LDR and negative correlation) traffics than
uncorrelated traffics.

In an ideal case for StatMux over DVB-H, if only the
audiovisual services are considered, the overall delay is
minimized if all time slices or bursts would carry the amount
of service data that corresponds to a fixed play-out period.
Accordingly, an Ideal Burst is defined such that it carries the
amount of service data corresponding to play-out in a fixed
time cycle. For example a typical ideal burst may carry 90
video frames of a video service with a frame rate of 30{/s
that is corresponding to a play-out duration of 3 seconds.
Due to time slicing and data encapsulating scheme in DVB-
H, the statistics related to the size of the ideal burst are
more relevant to StatMux process than the statistics related to
individual video frames. When controlled VBR video traffics
are used in DVB-H, the size of video frames and also the size
of the ideal burst are antipersistent. The video rate controller
uses a smoothing buffer with a size in the standard range,
typically corresponding to few (less than 3) seconds buffering
period. A typical ideal burst in DVB-H includes at least
one intraprediction picture as a random access point and a
number of interprediction pictures corresponding to a play-
out period of one to few seconds (typically 3). Considering
these typical figures, a small variance for the size of ideal
bursts is expected. However, the variations in the video frame
size can still be large in comparison to constant bit rate video
bit streams. Considering a constant bit rate for audio data,
only the video statistics are considered for development of
the StatMux algorithm in this paper. However, the developed
method can be used without any changes for VBR audio.

To evaluate the challenge of StatMux based on real video
traffics, some statistics related to the size of an ideal burst on
a number of 5 video bit streams including different contents
encoded with a buffering constraint (buffering period of 2
seconds) for a bit rate of 300 kb/s, a frame rate of 15 f/s, and
QVGA picture format were collected. Moreover, the video
frame size statistics were collected. The Nokia H.264/AVC
codec with the introduced VBR rate controller in [41] was
used for encoding the video contents. The sample histograms
of the video frame size and the ideal burst size are depicted
in Figures 1 and 2, respectively. The collected statistics
show that unlike the video frame size, the ideal burst size
has a relatively smaller variance and its probability density
function (PDF) is approximately normal. Figure 3 compares
the distribution of the ideal burst size against the normal
distribution. Note that the size of video frames can have
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any distribution but when a fixed number of video frames
are considered as a burst, the distribution of the ideal burst
size depends on the buffer constraint and the rate controller
that drives the long-term average bit rate toward a target bit
rate. For example, if an ideal burst contains one GOP and
the rate controller tries to distribute a bit budget among the
GOPs equally, then the size of resulting ideal burst can have
a distribution very different from the distribution of frame
size. Therefore, a normal distribution for the ideal burst size
is possible even when the frame size has a distribution far
from normal. However, in practice, the exact shape of the
distribution depends on the rate control algorithm, the size
of smoothing buffer used for the rate control, and the average
burst size. Assuming a normal distribution for the ideal burst
size and considering ¢ and ¢ as mean and standard deviation
for the normal PDF, the collected statistics yield o/y = 0.15.
For this typical value, consider the following probability:

P(u — 20 < Ideal Burst Size < y + 20)

(1)
= P(0.7u < Ideal Burst Size < 1.3u) =~ 0.95.
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The last equation comes from the fact that the ideal
burst size is approximately normal. Consequently, if the
time slice durations could have small variations (here within
+30% of the average ideal burst size), then with a high
probability (approximately 0.95), the range of the variation
would be enough to carry the ideal bursts. This means that
a StatMux is close to the ideal case in which all bursts
are ideal bursts. According to these results time slicing
and StatMux techniques are proposed in which the delta-
t calculation problem is solved with no look ahead and no
special buffering. The next section presents the details of the
proposed StatMux and time-slicing techniques.

3. Proposed Statistical Multiplexing Method

A new StatMux method for IPDC over DVB-H application
is proposed for the case of a relative small variance of
the ideal burst size. According to the proposed method,
flexible burst duration and boundaries, within an acceptable
range, allow statistical multiplexing to be performed in
conjunction with time slicing in a DVB-H network by an
IP encapsulator. Similar to DetMux, the proposed method
splits the transmission time into several time cycles and
allocates, for each service, a time slot from the total time
cycle according to the average bit rate of the service. However,
the boundaries of each time slice are allowed to vary in such
a way that the time slice duration can grow or shrink in a
limited range. This allows for allocating variable size data
to the services. The signaling of the delta-t is performed
according to the earliest allowed time such that service data
is not missed. Sometimes, the receiver switches on but there
is no service data ready to be received yet. However, in this
case, data from the previous service might be received and
discarded or used for another purpose.

3.1. Definitions and Conditions. According to the proposed
method, the IP encapsulator receives IP packets that belong

5
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F1GURE 4: Example of timing diagram for the proposed time slicing
and StatMux method.

to a number of services which are going to be encapsulated
and transported. A number of services, as well as an average
bit rate of each service, can be planned such that the available
bandwidth is substantially completely used. A significant
part of the transmission channel bandwidth is typically used
for MPE-FEC code, MPE protocol overhead, transmission
stream (TS) protocol overhead, and the program specific
information/service information (PSI/SI) signaling. A rel-
atively small percentage of each MPE-FEC frame may be
wasted because the IP packets do not typically fit exactly
into the application data table of the MPE-FEC frame. The
remaining bandwidth is available to be allocated to IP packets
of the DVB-H services.

A fixed time cycle (T) is determined for all services based
on the channel bandwidth, average bit rate of services, and
the desired percentage of power saving for the receivers.
Techniques for determining the time cycle are well known
and are explained in more detail in the ETSI standard docu-
ment; see [3-5] for more details. According to the proposed
method, for each service, an Average_Time_Slice_Duration is
computed as

= R, T
T, =
Ri+Ry+---+R,+---+Ry

b (2)

where T, denotes the Average_Time_Slice_Duration of service
n. R, represents the average bit rate of service #, and Nstands
for the number of services. As shown in Figure 4, the time
line during transmission is partitioned into fixed time cycles
and a fixed order for the services in the time cycle is
determined. The burst durations are denoted by T; in the
figure. T?" shows the time duration in which the receiver of
the ith service should be switched on. S1,...,S5 stand for 5
multiplexed services. More details about the service ordering
are presented later in Sections 3.4 and 3.5.

According to the proposed technique, the duration of
time slices can have some variations around the average
values to allow the use of StatMux. The maximum variations
in time-slice durations are controlled by a set of numbers
{6i}, i=1,...,N —1, called Delta Burst Duration set. Except
for the first and last services which are started and ended,
respectively, with the time cycle, the other services can start
and end earlier or later than the time instants that correspond
to DetMux. The time instants corresponding to DetMux are
determined based on T; boundaries.



To define the delta-t properly, a set of conditions is
imposed on the time-slice durations as follows:

Note that as shown in Figure 4, for the last service §y = 0
maximizes the bandwidth usage by fixing the end of last
time slice to the end of time cycle. However, a nonzero dy
is possible at the expense of a small loss in bandwidth. More
related details about dy are presented in Section 4.
According to conditions (3), the range of variations of
the time-slice durations in each time cycle can be define by a
minimum (T™") and a maximum (T™*) value as

M < T; < TM, (4)

where the minimum and the maximum values are defined as
below. For the first service

Tmin = T\ — 6§y,
_ (5)
P =T+ 4.
For the other services
) n - n—1
o = T, = > Ti = 6,
i=1 i=1
(6)

n n—1
TO = YT, — > Ti+ 0,
i=1 i=1
Note that for the last service, if Sy = 0, then TR = THax,

3.2. Delta-t Calculation. According to the imposed condi-
tions above, the time-slice boundaries can be located in
limited ranges over the time line. The delta-t values are
computed based on the earliest data that can be received to
prevent missing data at the receiver. Therefore, for the first
service in the time cycle, the delta-f is computed as

At = T = Ths (7)

and the delta-f of other services is computed as
. . n—li
At;jqu_Téass_an—l"'ZTi) n=2,...,N, (8)
i=1

where At} denotes the delta-f signaled by the jth MPE-FEC

section of service 1, and Tpass represents the past time from
the start of the current time cycle when the MPE-FEC section
is transmitted.

According to this signaling technique there are some
short time intervals in which the radio receiver is active but
there is no data to be received. This increases the receiver
power consumption. Analytical and experimental results
show that the overall increase in power consumption is very
small (few percent), and it is the only cost that is paid for the
proposed StatMux method.
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3.3. StatMux and IP Encapsulation. A solution for the delta-
t calculation problem was presented. Now a multiplexing
algorithm is needed to dynamically distribute the available
bandwidth among the multiplexed services proportionally to
their bit rates. If only the audiovisual services are considered,
in the ideal case of StatMux, the delay is minimized if all
bursts carry the exact amount of data that corresponds to
a fixed play-out period. However, such an ideal StatMux
is impossible with maximum bandwidth usage. In the
proposed StatMux, the attempt is to adapt StatMux as close
as possible to the ideal case. The proposed StatMux algorithm
is implemented in conjunction with the IP encapsulation
according to the following algorithm.

( 1) The IP packets received by the IP encapsulator are
stored in a small size buffer or in a number of N separate
buffers corresponding to the services. When separate buffers
are used the size of each buffer is approximately equal to the
maximum burst size.

(2) The IP packets related to service n are fetched by the
IP encapsulator to be encapsulated and transmitted in time
slice in accordance with the following rules.

(a) A Target_Time_Stamp is defined for media bit streams
in the current time slice based on the time cycle T
and the previous Target_Time_Stamp (in the previous
time cycle) such that the media packets are syn-
chronous to the time cycles and also to each other. For
each media bit stream, a fixed value is added to the
previous Target_Time_Stamp to compute the current
Target_Time_Stamp. The fixed value depends on time
cycle T.

(b) The IP packets related to service n are fetched to
the encapsulator in time stamp order to reach the
Target_Time_Stamp while the condition TP < T, <
T, is met.

(c) If the fetched IP packets fill the time slice to T
and the time stamp of the last fetched packets is close
to the Target_Time_Stamp, packet fetching is stopped
before reaching the Target_Time_Stamp. A time stamp
is considered to be close to the Target_Time_Stamp if

Target_Time_Stamp — time-stamp < A, 9)

where A is a constant that is proportional to the
media frame interval.

(d) If the fetched IP packets fill the time slice to T/
and the time-stamp of the last fetched packets is
significantly lower than the Target_Time_Stamp, con-
cerning random access points, a number of packets
with older time-stamps can be dropped and more
packets with newer time stamps can be fetched. A
time stamp is considered significantly lower than the
Target_Time_Stamp if

Target_Time_Stamp — time-stamp > ¢ - A,
(10)

where c is a constant and A is a constant proportional
to the media frame interval.
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(e) Ifthe Target_Time_Stamp is reached but the fetched IP
packets do not fill the time slice to ™", then more
packets are fetched to fill up the time slice up to at
least T™in,

(f) If the fetched IP packets do not fill the time slice to
T and there are no more packets in the buffer,
padding is used and the min time-slice duration 7"
is used as the end of the current time slice.

('3) The fetched packets are encapsulated and transmit-
ted.
(4) Go To Next Service.

3.4. Service Order Effect. The described StatMux algorithm
permits some variations in the temporal allocated bandwidth
to the DVB-H services proportional to their bit rates. The
permitted variations and also the performance of StatMux
depend on the order of services within the time cycle as well
as on the values of §,. Some simulation results are presented
in Section 4. The range of permitted variations for service n
may be controlled by 8,. However, due to the interaction that
exists between time-slice boundaries, the range of permitted
variations for a service is affected by all previous services in
the time cycle. In other words, the performance of StatMux
on service n depends on all J;, i <n, while it is mainly
controlled by J,. A larger 8, provides more flexibility in
allocating the bandwidth. As a special case if R} = - - - = Ry
and §; = - -+ = Jy, the earlier services in the time cycle
have more flexibility in the bandwidth than later services. In
this case, StatMux has a higher performance on the earlier
services in multiplexing order. This means that the order of
services in the time cycle establishes a sort of prioritization
for the service multiplexing. This prioritization can be
compensated by using proper values for §,. A method for
computing &, is presented in the sequel.

3.5. Compensation of Service Order Effect. Experimental
results show that when a similar flexibility for the burst
durations of multiplexed services is used, the performance
of StatMux decreases almost exponentially according to the
order of services in the time cycle. The idea is to increase the
values of §, exponentially according to the service order to
provide a similar performance for StatMux over all services.
Considering a number of N services, with service index
I,...,n,...,N, which are multiplexed. To compensate the
effect of service order on StatMux performance, a compen-
sation function is extracted experimentally as follows:

ay = 2.10 — 0.28¢ ("7 1/21 — ] 35¢~ (n= /180,

(11)
n=12,...,N,

where «, is a compensation coefficient for §,, of service n. The
service order compensation function is depicted in Figure 5.
As an example, numerical values for the first 6 services are

{0.47,0.65,0.78,0.89,0.98,1.05}. (12)

The service order compensation function has been provided
based on a heuristic optimization on a large number of

Coefficient
(3]

0.8 |

0.6 1

0‘4 1 1
0 5 10 15

Services number

FIGURE 5: Service order effect compensation function.

different video bit streams that are multiplexed with different
multiplexing parameters. As reported in Section 4, simula-
tion results show that computed compensation coefficients
by provided function perform well for a wide range of
different bit streams multiplexing parameters over a large
number of services.

When the bit streams have similar average bit rates,
selecting values for §, proportional to &, compensates the
effect of service order. If the bit streams differ in bit rate, 6,
should be adapted to the bit rates. Therefore, normalizing the
compensation coefficients with respect to their average value,
delta burst duration 6, can be computed as

(04

Sy = AT, n=12,...,N, (13)

zn
%’
where @ denotes the average value of &, over N services. A
is a constant coefficient that defines the flexibility of burst
durations and also the overall performance of StatMux. Some
simulation results related to the compensation of service
order effect are presented in Section 4.

3.6. Heterogeneous Bit Streams. When multiplexed bit
streams are encoded with a similar buffering constraint and
the service order effect is compensated as above, a similar
performance over all services is expected for the StatMux
algorithm. In a general case in which the multiplexed
services are heterogeneous and the bit streams are encoded
with different buffering constraints, the performance of
the proposed StatMux algorithm is not the same for all
services. However, in this case, simulation results (presented
in Section 4) show that the requirements of multiplexed
services are close to the case in which the services are encoded
with a similar buffering constraint.

3.7. Performance Criteria. The performance criteria for the
proposed StatMux method should be defined properly with
respect to the objectives of StatMux in a DVB-H application.
The main objective of StatMux in a DVB-H application is
to minimize the end-to-end delay of broadcast services while



the maximum available bandwidth is used and the data drop
rate is limited.

The end-to-end delay in DVB-H networks depends
mainly on the buffering delay that is required for several
buffers in the system. A buffer at the IP encapsulator
before encapsulation and another at the receiver before the
decoder are two major buffers in the system. Forgetting the
time-sliced transmission scheme, a continuous transmission
channel between these two buffers can be assumed that is
a constant bandwidth channel in DetMux case. In StatMux
the channel has a VBR bandwidth for each service. In
DetMux the encapsulator buffer compensates the difference
between the VBR input and the constant bit rate output
and also the decoder buffer compensates for the difference
between the constant bit rate input and the VBR output.
If jitter in the IP network is ignored, the size of the
two buffers and their buffering period mainly depend on
the variations that exist in the bit rate of the service bit
streams. Therefore, the two buffers are expected to behave
symmetrically. On the other hand, in StatMux the two
buffers have variable bit rate input and output. While the
variations in bandwidth are in accordance to the variations
in bit rates, the difference between the input and the
output is less than in the case of DetMux. As a result
the buffer sizes and buffering delays can be smaller in
StatMux than in DetMux. The other delay sources that
exist in the system are common for both StatMux and
DetMux. Therefore, the performance of StatMux can be
evaluated by measuring the minimum required buffering
delays for the IP encapsulator buffer and the decoder buffer.
However, assuming symmetric behavior for the two buffers,
the performance can be evaluated based on one of the
two buffers. Regarding the buffering delay, the performance
of the proposed StatMux is studied in two cases in the
sequel.

3.8. Performance of StatMux on Minimum Buffering Delay
for Zero Data Drop Rate. Regarding the receiver buffer,
the minimum buffering delay means the minimum initial
buffering period at the receiver buffer that is required
before the start of the decoding for continuous play-out
without buffer underflow and without data drop. Due to
the symmetric operation of the receiver buffer and the
IP encapsulator buffer, underflow at the receiver buffer
corresponds to the overflow at the encapsulator buffer and
both result in data drop. No underflow at the receiver buffer
means a zero data drop rate. Note that, while the bit streams
are encoded with buffering constraints, the receiver buffer
can be prevented from overflow by a proper buffer size.

The performance of the proposed StatMux method
in the zero drop rate case was evaluated experimentally.
As expected, experimental results show that the proposed
StatMux method decreases the min buffering delay in average
over all multiplexed services. Using the compensation tech-
niques presented by (13), the expected minimum buffering
delay can be fixed for all services. However, in practice it
is required to signal the exact value of the initial buffering
period rather than the expected value to the receiver.
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From the signaling point of view, the distribution of the
minimum buffering delay around the average value is more
important than the average value itself. The histograms of
minimum buffering delay for the multiplexed services by
StatMux were compared against those by DetMux to evaluate
the performance of the proposed StatMux from this point
of view. Details of the simulation results are presented in
Section 4. The simulation results show that in StatMux, a
lower initial buffering period compared to DetMux can be
used even for a zero data drop rate. However, to use the
advantage of StatMux more efficiently it is proposed to accept
a limited data drop rate to achieve less end-to-end delay.
Some quantified results are presented in Section 4.

3.9. Performance of StatMux on Buffering Delay with Data
Drop. To use the advantage of the proposed StatMux method
more efficiently, it is possible to decrease the buffering delay
at the expense of a limited data drop rate. In this case the
initial buffering delay signal should be computed statistically
in order to to optimize the buffering delay and the data drop
rate. In practice a model is needed to predict the performance
of StatMux regarding the buffering delay and data drop
rate.

A performance model for the proposed StatMux method
is analytically provided based on the effective bandwidth
theory that verifies the experimental results. The effec-
tive bandwidth theory attempts to provide a measure of
bandwidth and buffer size, which adequately represents the
trade-off between sources of different types, taking proper
account of their varying statistical characteristics and QoS
requirements [24].

In general if a bursty traffic X = {x(n)} is offered to a
server with the buffer size of B and channel capacity of C,
then the buffer will overflow after loading a number of p data
packet to the buffer if [x(1) + - - - + x(p)] > (p.C + B) [42].
Therefore, if the user demands a loss probability less than ¢
then the channel capacity and the buffer size should be such
that

Pri[x(1)+---+x(p)] >(p-C+B)|<e, Vp. (14)

A study of real video traffics shows that the ideal bursts
have a PDF very close to a Gaussian while the PDF of video
frames is more complex. To simplify the modeling task, the
ideal burst is chosen as a packet data instead of video frames
for modeling. When the traffics X is an i.i.d. (independent
and identically distributed) Gaussian random process with
mean p and variance o2, from the large deviation theory, the
required channel capacity or effective bandwidth C is given
by [18, 24]

2
c:w%a, (15)

where

5 [ln(y) —In(e)

B —‘, 0<y=<l, (16)
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y is considered as a constant value. A more accurate form of
this formula can be expressed as

2
&= (271)1/2(1+y)1exp<—);), (17)

where
y=20""(C~p)"’B" (18)

is an approximation of the residual distribution function of
the standard Gaussian distribution.

To use the results of effective bandwidth theory for the
proposed StatMux method a number of simplifications are
assumed as below

(a) While the performance of StatMux is equalized over
all multiplexed services, a similar effective bandwidth
is assumed for all multiplexed services.

(b) While the effective bandwidth for all multiplexed
service is similar, one service in the multiplexing
order is used for modeling.

(c) The effective bandwidth is assumed to be the average
bandwidth plus a part that is proportional to the
overall flexibility of bandwidth that is, C = p + Ay,
where f is the proportionality coefficient.

(d) The IP encapsulator buffer is assumed to operate
similarly to a server buffer.

(e) As explained earlier, in the ideal case the decoder
buffer at the receiver and the IP encapsulator operate
symmetrically such that overflow at the IP encapsu-
lator buffer corresponds to under flow at the decoder
buffer. Note that in practice, a minimum buffering
period is signaled to the receiver to prevent under
flow. Due to symmetric operation of the buffers,
the buffer size at the IP encapsulator corresponds
to the fullness of the decoder buffer after the initial
buffering delay, that is, B = uD, where D stands for
the initial buffering delay.

Using the assumptions above, the results of large devi-
ation theory can be rewritten for the burst data packets as
follows:

2
&= (2n)1/2(1+y)1exp(—);), (19)

y = 2u0~ (BAD)"?, (20)

where y and o2 are the mean and variance of the ideal burst
size. The value of § is related to the proposed time-slicing
process, and it is assumed independent of the bit stream
properties. This value can be found experimentally once for
an operating range and then it can be used forever. Note
that y in (16) is the approximated value of (277) ™ "*(1 + )"
in (19) that is sometimes set to 1 [43]. However, due to
small ¢ in this application, the value of y is closer to zero
than 1. The provided model presents the drop rate based
on the ideal burst packets. In fact, the model computes the

lower bound for the Fractional Brownian Motion (FBM)
model that corresponds to the Hurst exponent H = 0.5. For
the controlled encoded bit streams in which H < 0.5, the
proposed model may have a slight over estimation of drop
rate [20]. However, the results presented in Section 4 show
that the model performs accurately enough to be used.

3.10. StatMux and Receiver Power Consumption. Unlike
DetMux in which delta-t of a multiplexed service can
be computed based on the exact determined time-slice
boundaries, in the proposed StatMux method, delta-t is
computed based on the earliest possible received data to
prevent missing data at the receiver. Therefore, there are
short time periods in which the radio receiver is active but
there is no service data to be received. This increases the
power consumption of the DVB-H receiver and consequently
decreases the battery life time.

As shown in Figure 4, the time slice of the first service
always started with the time cycle that is known and delta-¢
computed for the first service is a deterministic parameter.
As a result there is no increase in power consumption of
the receiver for the first service. For the other services, the
increase in the power consumption depends on the values
of §,. In average over all time slices, the radio receiver of
service # is active for time duration equal to §,—; more than
in the DetMux case. In DVB-H, the performance of time-
sliced transmission scheme is evaluated by the percentage of
power saving that is defined for the radio reception parts of
DVB-H receiver as [3]

- _Ton)_ (_TS+TR)
PP87100<1 =) =100(1 ) (21)

where PPS denotes the percentage of power saving for the
radio reception parts. To, represents the time duration in
which the radio receiver is active. The radio receiver is
switched on for a synchronization time (Ts) before service
data reception period (Tr). When the proposed StatMux
technique is used, the percentage of power saving for the
receiver of service n can be computed as

M)
T b

Therefore, the reduction in the percentage of power saving
for StatMux can be expressed as

PPSn=100(1— n=2,...,N. (22)

APPS, = PPS — PPS,, = 1008”77:1. (23)

To provide a numerical example consider a simple case in

which Ry = - - - = Ry. In this case,
On1 Ty 8u-1 1 8y 1
APPS, =1 =100— —=— =100———. 24
S, = 100 T 00— T, 00 T (24)

For example, if N = 10 and 8,-1/T, = 0.30 then APPS, =
3%. Such a reduction for a typical system that operates with
PPS of about 80% to 90% is a small cost for the proposed
statmux method. note that the consumed power by the radio
reception parts is only a part of the whole consumed power
by the receiver. Therefore, the overall increase in the receiver
power consumption is very small.
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4. Simulation Results

During the design and development of the proposed StatMux
algorithm several simulations were run. For each simulation
a set of service bit streams is to be multiplexed. Furthermore,
to collect statistical results, each simulation was repeated
many times with different service bit streams.

The service bit streams were generated by a model that is
targeted for controlled VBR video traffic [12, 39]. According
to the model a Gamma distribution is considered for each
video frame type (i.e., I, P, B) in each video scene. The model
can generate video traffics according to some descriptive
properties of video content such as motion activities and
also according to the encoding parameters. The model was
parameterized based on some statistics collected from real
video traffic targeted for DVB-H application [12, 39]. The
model was tuned to generate video traffics corresponding to
bit streams with a bit rate of 300kb/s, frame rate of 15 {/s,
QVGA picture format, and different contents.

To evaluate the performance of the proposed StatMux
method for different numbers of multiplexed services, a set of
simulations was run separately for 4, 5, 6, 8, and 10 services.
In each simulation, the results of StatMux were compared
against DetMux in terms of minimum required buffering
delay for zero drop rate conditions when the bandwidth
usage is maximized. Simulations were repeated 300 times
for different bit streams with similar statistical properties.
In these simulations, the same §, was used for all services,
that is, 8, = 0.25T,. The minimum buffering delay for
multiplexed bit streams in both DetMux and StatMux cases
was measured. The ratios of buffering delays in StatMux to
buffering delays in DetMux in average over all 300 repetitions
are depicted for different number of services (NOSs) in
Figure 6. As the graphs show, the delay reduction (StatMux
buffering delay to DetMux buffering delay) result of the
StatMux depends on the service index in the multiplexing
order. While in DetMux all services need a similar buffering
delay, the required buffering delay for the earlier services
is smaller than in later services in StatMux. According to
the average results, all multiplexed services, except the last
service, need considerably lower (less than 50%) buffering
delays in StatMux compared to DetMux. For the last service
the required buffering delay increased in StatMux because
there is no flexibility at the end of the last time slice to use
the whole bandwidth. Moreover, the flexibility at the start of
the last time slice that is controlled in favor of the previous
service may be in contradiction with the variations in the
bit rate of the last service. In practice the last time slice
can be allocated to non-time-critical services that exist in
DVB-H. Alternatively, it is possible to allocate a dy to the
last service as well as the other services to provide a similar
multiplexing performance for all services. This costs a small
extra bandwidth. For example, if the number of services is 10
and 8y = 0.25T,, then the extra bandwidth is about 2.5%
of whole bandwidth, which is a very small cost. Additional
simulations reveal that when a 8y is allocated to the last
service, depending on the variations in the bit streams and
also depending on the dy, the required buffering delay for the
last service can be lower, higher or equal to the delay of the
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FIGURE 6: Delay reduction (StatMux delay to DetMux delay) for
different number of multiplexed services (NOS).
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FiGure 7: Buffering delay for 10 multiplexed services DetMux.

previous service. For simplicity in the rest of the simulations
a Oy is allocated to the last service only.

To study the effect of the service order on the StatMux
performance more specifically, a simulation was run as above
but only for 10 services and &, = 0.35T,. The simulation
was repeated 500 times and for each service, the average
buffering delay over the 500 repetitions was measured in
both StatMux and DetMux cases. The average buffering
delays for DetMux and StatMux are depicted in Figures
7 and 8, respectively. These results show that while in
DetMux case, the multiplexed services have similar buffering
delays, in StatMux the delay increases with the service index.
However, StatMux provides a considerable reduction in
the delay of all services. Based on these results, a method
was proposed in Section 3.5 to compensate the effect of
service order and to provide similar buffering delays for all
services in StatMux. A compensation function was derived
by a heuristic optimization based on results of a large set
of simulations that were run for different bit streams and
different multiplexing parameters.
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Ficure 8: Buffering delay in StatMux for the bit streams used in
Figure 7.
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FiGure 9: Buffering delay for 15 multiplexed services in DetMux.

To show the performance of service order compensation,
another set of simulations was run for a number of 15
services in which the values of §, for each service were
computed according to the proposed method in Section 3.5
for A = 0.30. The average buffering delays in 300 repetitions
for DetMux and StatMux are presented in Figures 9 and
10, respectively. The results show that unequal values for
0n computed by the proposed method provide similar
performance over all services independent of the service
index (i.e., order). Moreover, the results show that the overall
buffering delay decreased from 0.54 seconds in DetMux to
0.15 seconds in StatMux. Further simulations using different
bit streams and different values for A show that the service
order compensation method performs very well for a wide
variety of possible bit streams. The bit streams used were
different in term of required buffering delay in a range of
(0.4-2) seconds, in term of ¢/u in the range of (0.08-0.16),
and in terms of Hurst exponent in the range of (0.2-0.45).
The ranges above are selected based on collected statistics
from real video bit streams. Different values for A were tested
in the range of (0.20-0.40). A number of 15 services were
multiplexed in the simulations that are close to the upper
bound in DVB-H application.
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FiGure 10: Buffering delay in StatMux with service order compen-
sation for the bit streams used in Figure 9.
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Figure 11: Buffering delay for 15 multiplexed services in DetMux,
bit streams have different buffering constraints.

It is worth to note that buffering delay is a major part
of the channel changing delay in DVB-H, and therefore, a
reduction of buffering delay due to StatMux also leads to a
reduction of the channel changing delay.

In the previous simulations, the multiplexed services had
similar statistical properties in terms of variations in bit
rate or buffering constraint. To evaluate the performance
of StatMux in a general case in which the bit streams have
different statistical properties another set of simulations was
run. A number of 15bit streams were multiplexed which
have different buffering constraints. The order of services was
selected randomly without any preferences while the service
order effect compensation method was used. Simulation was
repeated 300 times. The average buffering delay over the 300
repetitions for DetMux and StatMux are depicted in Figures
11 and 12, respectively. As the results show, all services have
a considerably lower delay in StatMux than in DetMux.
Furthermore, the results show that unlike DetMux in which
the required delays are very different, in StatMux the required
delays are very close to each other. The services that have
more variations in their bit rate utilize more reduction in
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Figure 11.
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FiGure 13: Histogram of minimum buffering delay for one service
in DetMux.

delay such that after multiplexing they need almost similar
buffering delays.

So far, the performance of StatMux was evaluated based
on delay reduction in average over a number of simulations.
However, in practice it is required to signal the exact value
of the initial buffering period rather than the expected
value to the receiver. From a signaling point of view, the
distribution of minimum buffering delay around the average
value is more important than the average value itself. To
evaluate the performance of StatMux from this point of
view, a set of simulations on various bit streams with
different multiplexing parameters was run. Simulations were
run on 8 services and repeated 1000 times and then the
histograms of minimum buffering delays for the multiplexed
services were compared between StatMux and DetMux. Two
sample histograms for DetMux and StatMux are depicted in
Figures 13 and 14, respectively. The histograms are related
to the 4th service in multiplexing order while the other
services have almost similar histograms. As shown in the
figures, the histogram 5 of the buffering delay in StatMux
is much narrower (i.e., a smaller variance than DetMux)
than DetMux in such a way that signaling a buffering delay,
which is a little higher than the average value, can provide
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FiGUure 15: Data drop rate versus buffering delay for multiplexed
services by 3 different values for A.

a perfect buffering with zero data drop rate. However, in
practice it is possible to accept a limited drop rate to decrease
the buffering delay.

To evaluate the performance of the proposed StatMux
method in conjunction with data drop rate, another set
of simulation was run to measure the data drop rate as
a function of buffering delay. Figure 15 shows a sample
simulation results in which the data drop rate is depicted
as a function of buffering delay for 3 different values of A,
0.25,0.30, and 0.35. These results are provided for bit streams
with o/ = 0.15, and H = 0.29. Comparing to real video bit
streams, these values correspond to bit streams with a high
degree of variation in bit rate that is the worst case from the
data drop rate point of view. As the results show, even for
such bit streams the data drop rate is reasonably small for
practically small buffering delays.
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FIGURE 17: Data drop rate versus buffering delay estimated by the
model (Mod) and measured by simulation (Sim) multiplexed by 2
different values for A.

A performance model was provided for the proposed
StatMux method in Section 3.9. The parameter f3 that defines
the relationship between the effective bandwidth and the
special constrained VBR bandwidth in the proposed StatMux
method should be estimated experimentally. To estimate
a value for  a set of simulations was run such that in
each simulation the multiplexed bit streams have a different
value for o/u. According to the simulation results a value
of 0.6 for 3 provides a good accuracy for the performance
model. Sample simulation results are presented in Figures
16-18. Figure 16 depicts the data drop rate as a function
of buffering delay estimated by the model (Mod), and also
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FiGgure 18: Data drop rate versus buffering delay estimated by the
model (Mod) and measured by simulation (Sim) for bit streams
with different values for Hurst exponent.

measured by simulations (Sim) for two groups of bit streams.
The bit streams in each group have a different value for
o/p (0.10,0.15) and Hurst exponent (H : 0.28, H : 0.32).
As shown in the plots, the model performs rather accurately.
Figure 17 compares the data drop rate estimated by the
model against the simulation results while the bit streams
are multiplexed by two different values for A, 0.25 and 0.35.
In Figure 18 the multiplexed bit streams have a similar value
of o/u but they have different values of the Hurst exponent.
As expected the bit streams with a higher Hurst exponent
have a higher drop rate. Although the Hurst exponent is not
included as a parameter in the model, still the estimation
error is reasonably small for practical values of the Hurst
exponent. Note that the model is extracted based on the
lower bound for the FBM model that corresponds to the
Hurst exponent H = 0.5.

The relationship between StatMux and video quality
can be considered from two points of views. First, when
StatMux is used, the video bit streams can be encoded with
a higher quality at the expense of more variations in the
bit rate. Then, the delay resulting from the variations in
the bit rate can be effectively reduced by StatMux. Sample
simulation results assessing video quality with respect to
delay are presented in [5]. Second, when StatMux is used,
a higher performance is achieved at the expense of a small
data drop rate. Please note that, according to the proposed
multiplexing method, the dropped data are video frames that
can be selected smartly based on the random access points
by the IP encapsulator such that subsequent frames can be
reconstructed perfectly without any degradation in quality.
In other words, the measured data drop rate means the
dropped frames before transmission which is different from
data drop rate resulted by transmission error. According to
the simulation results (e.g., Figure 18), the proposed method
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provides a good performance with a data drop rate in the
order of 10~% which is much smaller compared to a data drop
rate in order of 10~2 resulting from a typical constant bit rate
video rate control algorithm that drops some video frames to
control the bit rate.

5. Conclusions

A novel statistical multiplexing method was proposed for
Mobile TV over DVB-H. The proposed statistical multi-
plexing method is implemented in conjunction with the
time-sliced transmission scheme by the IP encapsulator in a
DVB-H network. The proposed method solves the essential
problem of delta-t calculation at the expense of a very
small increase in power consumption of a DVB-H receiver.
According to the experimental and analytical results, when
comparing with deterministic multiplexing, the proposed
statistical multiplexing method can decrease the end-to-end
delay of a DVB-H network considerably without any data
drop while the allocated bandwidth is used efficiently. The
end-to-end delay decreases even further when a slight data
drop rate is permitted. An analytical model was provided
that estimates the performance of the proposed statistical
multiplexing method assessing data drop rate and delay.
The model was successfully validated through extensive
simulations.
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