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Abstract— Real time streaming over a wireless cellular
network is highly adventure and prominent field to
multimedia mobile users. Real time streaming involves
watching TV on mobile, stream on demand video clips
and place video telephony calls using multimedia capable
mobile devices. A Cyclic Redundancy Code (CRC), when
used properly, can be an effective and relatively
inexpensive method to detect data corruption across
communication channels. A large amount of data may
transmit on real time on cellular network. While
transmitting an input data over a cellular network, it is
not guarantee to recover it at the receiver side because of
input packet drops and congestion and therefore mobile
users find difficulties during the streaming congestion has
to be remove as it is the main cause for packet loss and
delay that degrade the quality of service in networks. But
improving the quality of real time streaming in wireless
cellular network is ill a huge challenge. This paper
presents a brief review survey on various researches on
Congestion Controls in Sreaming over wireless cellular
networks.
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l. INTRODUCTION

Wireless cellular network have fixed infrastructuvkere
each mobile access the networks and communicating t
other mobiles through the base station. It meaaskhse
station is fixed infrastructure. Nowadays wirelesfiular
network greatly offer possibility to watch diffetefV
program on mobile devices, which is off course an
example of real time content streaming. And heheset

is a great chance to increase such type of trdffimand
and decrease the quality of real time streaminfytire.
There are number of user call for streaming over a
wireless cellular networks server but because roftédid
service capacity there may be possibility thavesewvill

not be able to serve some users because of camyesti
occurs [1]. The factor influencing the quality efaf time
streaming are limited service capacity, packet ,loss
bandwidth, outage time and packet delay. Packet los
causes decrease in the quality of real time streguover

cellular network. Real time streaming requires semd
effective techniques to reduce the packet lossrmerdase
the service capacity of the server in unreliablevoek.
The Data Link layer in OSI model is responsible daror
control. Error control is defined as the combinat&rror
correction and error detection. When the data is
transmitted over the network, it is the responiipiof
Data Link layer to check for the error between ribaters
and to correct them. An Error is any unwanted ckbang
which reduces the usefulness of original data. rdlaee
two types of error-
A. Single bit error
When only one bit of data unit gets corrupted dwitine
transmission known as single bit error. Its detecind
correction is easy. They occur in parallel data
transmission where n different cables are usedattsmit
n different data bits e.g.:
Transmitted data---11101101 (1ischargdd)
Received data------ 10101101
B. Burst error
When multiple bits of data unit get corrupted dgrihe
transmission known as burst error. It is also kn@asrthe
multiple bit error .Its detection and correctiondifficult.
They occur in seriaflata transmission where all the n bits
are transmitted using a single transmission megja én
this, multiple bit are changed-
Transmitted data---11101101
Received data------ 10100111
Il. QUALITY OF SERVICE

Wireless cellular network have been largely demapdi
nowadays and hence to improve and maintaining the
quality of service of such network is challengingr f
network operators. QoS is the capability of a datlu
network to provide better service to selected ndtwo
traffic over various networking technology [2][3h&
primary objective of QoS is to reduce packet losdLce
delay, and improve throughput and server capadithe
system. Depending upon the handling of networkfitraf
different applications have different requiremenhose
requirements are expressed using the following QoS
related parameters.

» Packet loss-input average packet loss

» Delay-duration for packet reached to receiver
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*  Throughput —number of packets per second
* Increasing service capacity
M. CONGESTION CONTROL PROTOCOL

3.1 TCP and UDP
Transmission control protocol (TCP) [4], is the wii
used transport protocol is not suitable for stregmi
application in mobile ad hoc wireless network. Thes
because of the TCP infers a missing packet asmadfig
network congestion which is not always true for fteb
ad hoc networks. Packet loss over wireless linfgréater
than the wired links due to increased mobility ofles,
channel bit errors, medium congestion and pathurizdl.
Generally the packet losses may be because of stioige
or wireless link errors. Though packet losses if shee to
congestion TCP protocol invokes only congestiontrabn
algorithm and halves its transmission rate. Sugte tyf
change in transmission rate without any need afféut
quality of the streaming applications. TCP givealde
service and flow control mechanism but the TCP’s
retransmission scheme may not be needed for |EFsUD
multimedia streaming applications. User datagram
protocol (UDP) is used in multimedia streaming the
efficiency of congestion control mechanism is poor.
Therefore the performance of quality of congested
network may degrade. Thus basic TCP and UDP without
any enhancement cannot be used to achieve goodmQoS
multimedia streaming applications.
3.2S5CTP
Stream control transmission protocol is a geneugbqse
transport layer protocol [5] [6]. It provide religbservice
and flow control mechanisms like TCP and also UDP,
supports unreliable transmission which is calledBClt
can make a distinction between the levels of réiigb
provided to messages. The main feature of SCTP is
providing multi-streaming and multi-homing servides
a single connection. Hence SCTP is selected for
distribution of multimedia data over heterogeneous
wireless networks. SCTP based single path traresidr
concurrent multipath transfer solutions improve the
quality levels perceived by the end user during
multimedia delivery over wireless networks. SCTP
focuses on the design of a toolset to find thequarénce
of multimedia over SCTP.
3.3 SSVP
Scalable streaming video protocol SSVP [7] is ad+&n
end protocol with the TCP friendliness featurewtirks
as a payload on UDP. SSVP use the AIMD mechanism
similar to TCP and control the sending rate byngrthe
inter packet gap IPG. SSVP use AIMD and IPG
considering care in smoothness and achieves odistan
performance in transmitting real time video undevesal
network variations. In case of cloudy network cadiodis

a layered adaptation mechanism is applied using the
receiver buffering capability. This mechanism adatpie
video quality to the long term variation in the daiale
bandwidth. Change of layers may however provide an
adverse effect on the end user perceived videoitgual
But depending on the receiver buffer status and
bandwidth availability SSVP sends a refinement daye
avoids changes in unnecessary layer. In this wayPSS
improves the viewer perceived video quality. SS\4»a ¢
work better in transmitting a multimedia data everder
limited bandwidth constraints.

3.4 DCCP

Datagram congestion control protocol (DCCP) is an
unreliable transport protocol similar to UDP and
incorporate end-to-end congestion control. It impbats

a congestion controlled, unreliable flow of datagréor
multimedia streaming. Unlike SCTP it is enhanced to
support partial reliability PR-DCCP. A data dropped
option makes one endpoint to declare that a pasckst
dropped either because of congestion or due to any
wireless link errors. This facilitates researchoimhore
appropriate rate control responses for the non oritw
congestion losses. Existing congestion control rittymis

as in TCP and DCCP are naturally data orientedyThe
may be suitable for video transmission as the
characteristics of video data are not explicitipsidered.

TABLE-I
COMPARISION OF SCTP WITH UDP OVER

MANET

Performance SCTP Result UDP Result

matrices

Throughput 260.672 219.184

(kbps)

Delay (ms) 10525.1 20413.3
TABLE-II

COMPARISION OF SCTP WITH TCP IN
MULTISTREAM OPERATION

2 Multimedia | 4 Multimedia files
Parameters files
TCP SCTP TCP SCTP
Average 6.20 3.10 18.02 6.90
Transmission
Times (s) 1.55 0.86 1.61 1.07

V. CRC (CYCLIC REDUNDANCY CHECK)
It is one of the most powerful error detection t@qne
based on the principle of binary division. In this,
sequence of bits append to the data unit is knosvtha
CRC [13] which has two important qualities-
1. It must be one less than the number of diviést b
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2. After appending these bits data unit must bectbka
divisible by divisor.
There are two important steps of CRC technique-
4.1 CRC generator
It is the process of calculating the CRC bits aidss side
using a generating function such that the data anit
generating function are operated using bit-wise XOR
operation where generating function is of n+1 litsl
CRC is of n bits. The data bits to be operated are
appended with the n 0's which together referredias
unit to be transmitted to receiver end.
4.2 CRC checker
It is the process of calculating the CRC bits ateneer
side to check whether they are equivalent to Oatr h
also uses the same bit-wise XOR operation on daita u
received from sender side and generating functioall
the CRC bits are 0 then data unit is accepted wikerit
is discarded.

V. VIDEO STREAMING
5.1 Cross-layer Design
Cross-layer design shares knowledge between &idayp
achieve highest possible adaptively [8] [9]. Thisthod
is basically design to control number of collision
independent of the number of active stations forada
transmission. It also control data traffic paramdtased
on data traffic load. This techniques use trandomss
priority so that the video with higher priority datan be
delivers first. The throughput is improved by cdéting
partial checksum is calculated for this sliced dayathe
information stored in the NAL header. The slicedada
which is generated by VCL is the input of ASIC. The
advantage of this scheme is that when there igdini
bandwidth the transmission order is dependent @ th
priority of slice. When every packet has equal
transmission priority, the packet loss and delmetcause
video fragmentation. In high bit error ratio enviroent,
the partial checksum can reduce error video pdoketso
that the throughput can be improved. The multimedia
network ASIC is designed in Verilog hardware
description language and synthesized by synopsigy us
CCU 0.09um CMOS single poly eight metal standattl ce
they can deal with 10Gbps fast Ethernet trafficsiBes
ASIC support NAL so that it is more suitable for
H.264/AVC streaming video delivery library. The
proposed multimedia network ASIC operates fastegrwh
compared to other networks.
5.2. Multipath Routing SchemesMultipath routing [10]
can improve QoS by giving accumulation of bandwidth
and delay, route load balancing and fault toleratwe
reduce the effect of network failure onto affectadeo
quality, it is important that the path are disjoilit case
the multipath routing protocol offers multiple pattith

sufficient path diversity, it is less probable tratlink
failure affecting one of the path simultaneouslfgeif one
of the other paths. This is generally advantagéousal
time streaming, where the playback buffer is limhigand
the video coder no longer can rely only on timeedsity.
Hamid Gharavi proposed two multichannel routing
protocols. The first multichannel routing protoctd
depends on single path routing. In this routingtgeol
the intra-path interference in a collision avoidanc
network or carrier sense multiple access networks i
suppressed. The above routing protocol is develdped
using link partitioning scheme where the neighboanes
operate at different non overlapping frequency lsad
technique named systematic channel assignmenti®r t
approach shows that the partitioning scheme can
substantially amplifies the throughput performamndea
multi-hop link. The second multichannel routing toaol
is used for transmission of real time traffic; thjgproach
can be affected unfortunately from co-channel
interference due to concurrent transmission of paula
multiple routes. So a dual path routing protocol is
developed which guarantees a different frequenaydba
for each path thus eliminating inter-path interfex@ This
protocol reduces the possibility of losing all tioeites at
the same time.

VI. STOCHASTIC MODELLING ANALYSIS
This model is an analytical approach for the evidnaof
quality of real time service understands by thersise
wireless cellular networks [11]. This model inclade
stationary probabilities of traffic demand process.
considers the traffic demand with different radio
condition of the calls and parameters of given lese
cellular network. It also gives expressions foriwvas
important performance characteristic of this molied
the mean time spent in outage and mean numbertageu
incident for a streaming call in function of itsdia
conditions. The benefits of this model is to usairalyze
the real time streaming in a typical cell of a 3GRAg
Term Evaluation (LTE) cellular network considering
orthogonal intra cell user with peak bit rate neaoethe
theoretical Shannon’s bound in the additive white
Gaussian noise (AWGN) channel with extra cell
interference as noise. This model consists of Mag&o
multiclass process of call arrivals and their inelegent
arbitrarily distributed streaming times. Such éslserved
by server whose service capacity is limited. Beeaos
such limited service capacity the server will netdble to
serve some class of user because of congesticgrvers
and hence these classes of users denied the stifvice
next call arrival or departure, when the conditisrre-
evaluated. This stochastic model allows for verpegel
service capacity. This model is an extension of the
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classical loss model where the service denial i no
definitive for a given call but only temporal hagithe
form of outage periods.

VII. QoSIN OFDMA CELLULAR NETWORK

QoS in OFDMA cellular network use the analytical
method for evaluation of the QoS perceived by thersi

in the downlink of OFDMA wireless cellular networks
which serve streaming and elastic traffic. This hoet
describes the resource allocation problem suchoagip
and bandwidth and characterized its feasibilitysoyne
reference feasibility condition (FS). This methadased

on multi-rate Erlang loss model blocking probatgtcan

be evaluated by means of Kaufman-Robert algorithm o
by Erlang formula. This method also evaluates
analytically the QoS of elastic users that is mean
throughput and delay by using multiclass processor
sharing model. To obtain numerical values, thishoet
considers the most popular hexagonal network madel,
which the BSs are placed on a regular hexagondl gri
Consider R be the radius of the disc whose arequal to
the hexagonal cell served by each BS and call fhée
cell radius. To neglect the border effect it coaesidthe
network which is “wrapped around” that is deployau
torus consisting of 4*4=16 cells. To obtain a dier
model, each cell is decomposed into 5 equally thicgs
around the BS. Users arrive uniformly to the nekand
don’t move during their calls. It consider a progton
loss L(r) = (Krk; with n = 3.38 and K= 8667 where r is
the distance between the transmitter and the recehhe
system bandwidth equals W= 5MHz.BSs have Omni-
directional antennas having a gain 9dBi and no. [bke

BS maximal total power equals 43dBm; thus
“P=43+9=52dBm when we account for antenna gain and
loss. the common channel power “P is the fractidh12

of P and the ambient noise power WNO= -103dBm. In
this three values of the cell radius R=0.525.3lon%&nd
streaming voice calls at 12.2kbps are consider. The
corresponding SNR in real channel is typically -b6D
Such SNR corresponds to a bit rate WIdqd+SNR)
=180Kbps on AWGN channel.

VIII. CONCLUSION AND FUTURE WORK

In this survey paper several research and invertion
quality of real time streaming over wireless caltul
network have been studied. We have explained some
congestion control protocol used for enhancingotihadity
of real time streaming over cellular network which
suggest how the packet loss as well as reducing
throughput occurs because of congestion. This paiger
review some video streaming techniques and resource
allocation techniques like stochastic modelling and
analysis methods for evaluation of quality of seevin
OFDMA wireless cellular to improve the quality of

streaming over wireless cellular network. a numbér
techniques used for error detection at data linferda
among which CRC provides desirable efficiency. It
provides good performance in terms of accuracy and
security compared to other techniques. Our futurekvis

to developed efficient techniques to overcome syple

of challenge and improve quality of service usirfgCCin

real time streaming over cellular networks.
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