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Abstract - This paper proposes a framework for cross-
layer adaptation for multimedia transmission over wired 
and wireless networks. The proposed framework consists 
of four entities: The sender, the proxy, which is located at 
the edge of the wired network, the access point, which co-
located with the proxy and finally the wired and wireless 
receivers. The main concept is based on a “holistic 
approach” in which all layers participate to the adaptation 
process and make its own contributions. In addition, the 
proposed framework can support both wired and wireless 
receivers in one platform and cross layer information are 
used in order to support wireless users whereas TCP 
friendly estimations are used in order to support wired 
users.  

Keywords: Cross layer adaptation, Multimedia 
transmission, Wireless networks 

 

1 Introduction 
 Multimedia data transmission experience a number of 
constrains that result to low Quality of Service (QoS) that 
is offered to the end user. These constrains have mainly to 
do with the nature of multimedia applications, which are 
characterized by three main properties: the demand for 
high data transmission rate (bandwidth-consuming 
applications), the sensitiveness to packet delays (latency 
and jitter) and the tolerance to packet losses (packet-loss 
tolerant applications), when compared to other kind of 
applications. The above factors have led both the research 
community and the industry to develop and propose a 
number of new protocols and optimization techniques 
targeting at mitigating delay and packet loss ratio during 
the transmission of multimedia data. Most of these efforts 
are based on the classic layered approach in which the 
various layers try to optimize its performance by adapting 
its behavior to constantly varying network parameters and 
provide its best services to upper layers. This paper 
proposes a framework for cross-layer adaptation for 
multimedia transmission over wired and wireless networks. 
The main concept is based on a “holistic approach” in 
which all layers participate to the adaptation process and 

make its own contributions. In addition, the proposed 
framework can support both wired and wireless receivers 
in one platform in which cross layer information are used 
to support wireless users and TCP friendly estimations are 
used to support the wired ones. We strongly believe that 
any cross-layer adaptation effort is incomplete when only 
some of the layers take part in the adaptation process 
because all layers belong to the same system. However, 
further research will guide us to the most appropriate 
adaptation scheme as many factors, which are involved 
have to be investigated and evaluated through deeper 
studies and evaluation. The rest of this paper is organized 
as follows. Next section describes the related work. Our 
proposed framework is presented in section 3. Section 4 
discusses the Algorithmic aspects. Conclusions and future 
work are discussed in section 5. 

2 Related work 
 Over the last years a number of new protocols have 
been developed for multimedia applications in the whole 
OSI layer’s scale. The family of MPEG protocols, which 
have been standardized, have been designed for encoding 
and compression of multimedia data. The MPEG-4 [1] 
protocol with the latest enhancement of the FGS (Fine 
Granularity Scalability) [2] provides adaptive video coding 
by taking into account the available bandwidth and is 
expected to be used by many multimedia applications. The 
RTP and RTCP protocols [17], which operate on the 
transport layer usually on top of the UDP protocol, have 
been especially designed for multimedia data transmission. 
Apart from the above developments in the protocol and the 
architectural fields there have been a number of proposals 
for improving QoS in multimedia applications through 
cross layer adaptation strategies. In [3] the need of a cross-
layer optimization is examined and an adaptation 
framework is proposed amongst the application (APP), the 
Medium Access Control (MAC) and the Physical (PHY) 
layers. In the same publication a number of different 
methodologies for cross-layer adaptation are proposed, 
named “top-down” approach, “bottom-up”, “application 
centric” and “MAC centric”. In [4] the issue of cross-layer 
design in wireless networks is addressed. The focus is on 
the way that higher layers share knowledge of the PHY and 
MAC layers conditions in order to provide efficient 



methods to allocate network resources over the Internet. In 
[5] a joined APP and MAC adaptation is proposed with the 
use of MPEG-4 and the latest Fine Granularity Scalability 
(FGS) extension. Signalling issues between the layers for 
cross-layer optimization over wireless networks are 
examined in [6]. Although this proposal avoids heavy 
ICMP messages for out-bound signalling between the 
layers that is proposed in [7], it introduces very high 
complexity. In [8] a joined adaptation scheme of the APP, 
MAC and PHY layers is presented. Packet transmission is 
made by a novel-scheduling algorithm at the MAC layer 
whose function is based on the user and application priority 
levels. Finally, reference [9] outlines the need for new 
cross-layer architecture to address known problems of 
mobility, packet losses and delay that are observed in 
wireless networks. The main idea of a cross-layer manager 
is discussed in which all layers send notification messages 
to the manager who is responsible for intra layer co-
ordination. This reference endorses our concept for a 
“holistic” participation of all layers in a cross-layer design. 
The subject of transmission of TCP friendly flows over 
networks has engaged researchers all over the world [21], 
[22], [23]. Various adaptation schemes deploy an analytical 
model of TCP [21] in order to estimate a TCP friendly 
bandwidth share. With the use of this model, the average 
bandwidth share ( ) of a TCP connection is determined 

(in bytes/sec) with the following equation: 
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 Where P  is packet size in bytes,  is the packet loss 
rate,  is the TCP retransmission timeout,  is the 

Round Trip Time (RTT) of the TCP connection and 

l
outt RTTt

D  the 
number of acknowledged TCP packets by each 
acknowledgment packet. The proposed framework is using 
the above-described analytical model of TCP, in order to 
estimate TCP friendly bandwidth shares. For the following 
of this paper we assume that 1=D  (each 
acknowledgment packet acknowledges one TCP packet) 
and (the TCP retransmission timeout is set to 
be four time the RTT). 

RTTout tt 4=

3 Proposed framework 
3.1 General description 
  In this section we describe the proposed framework for 
cross-layer adaptation. Figure 1 presents the usage scenario 
of the proposed framework. The proposed framework 
consists of four entities: The sender which represents the 
multimedia server, the proxy which is located at the edge of 
the wired network, the AP which co-located with the proxy 

and can be integrated with the proxy and finally the wired 
and wireless receivers. This proposed framework separates 
the wired from the wireless part of the network by 
introducing a new entity named “proxy” between the 
sender and the receiver. The sender transmits multimedia 
data to the wired receivers and the proxy using the wired 
part of the network and the proxy is responsible to transmit 
the multimedia data received by the sender to the wireless 
receivers. The transmission in the wired part can benefit 
either by QoS features (IntServ / DiffServ [20]) of the 
network (if the network domains involved in the 
multimedia transmission offer QoS) or by congestion 
control mechanisms that are especially designed for 
multimedia data transmission in wired networks [16].  
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Fig. 1. Usage scenario of the proposed framework 
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Fig. 2. Βlock diagram of the proposed framework 

  For the transmission of multimedia data in the wired 
network multicast is used. Proxy entity is responsible for 
collecting wireless users requirements and sends them to 
the sender in order to perform the cross layer adaptation. 
This approach is more efficient than any other mentioned in 
the literature in which cross layer adaptation is realized 
only in the wireless portion of the network for the 
following reasons: Firstly, the cause of packet losses is 
different in wired and wireless networks and therefore 
different error and congestion control mechanisms are 
needed accordingly. Secondly, in the wired portion we can 
apply existing adaptation and optimization mechanisms 
(extensively tested and evaluated during the last years), 
along with new protocols that have been especially 
designed for multimedia data transmission in wired 



networks. Thirdly, this architecture minimizes the distance 
in terms of the number of hops between the multimedia 
source and the wireless receiver. With the use of the proxy 
and depending of its buffer size the retransmission of lost 
RTP packets from the proxy instead of the sender can meet 
the time constrains of the application, as the distance 
between the proxy and the wireless receiver is only one 
hop. Figure 2 shows the block diagram of our proposed 
framework. In the next paragraphs we analyze each 
component of the proposed framework and present its 
functions. 
3.2 Sender entity 

MPEG -4 FGS

RTP/UDP 

Diffserv, Intserv

Ethernet/SDH 

Fiber/UTP

Layered encoding 
Application 

Transport

Network

Link

Physical

Congestion Control Information from Proxy 
Congestion Control 

TFRC 

Wireless channel reports 
from Proxy 

MPEG -4 FGS

RTP/UDP 

Diffserv, Intserv

Ethernet/SDH 

Fiber/UTP

Layered encoding 

QoS 
requirements

Application 

Transport

Network

Link

Physical

Congestion Control 

Sender

Wireless channel 
estimations by proxies

Wireless channel reports 
Feedback Analysis

TCP Friendly estimations 
by the receivers 

 
Fig. 3. Proposed Sender configuration 

 At the sender we distinguish four main functions: 
Feedback analysis, Layered encoding, Congestion control 
and taking advance of available (if they are available) 
network services (Diffserv or Inteserv). For layered 
encoding the MPEG-4 protocol is used. The proposed 
framework is using the MPEG-4 protocol with the latest 
FGS enhancement for video streaming between the sender, 
the receivers and the proxies for the following reasons: 
FGS encoding produces only two layers; the base layer 
(BL) in which the bit rate is equal to or lower to the 
minimum bandwidth and the enhancement layer (EL) that 
consumes the remaining available bandwidth. The sum of 
BL and EL bit rates must be equal or less to the available 
bandwidth. This scheme fits well in wireless networks due 
to bandwidth oscillations over time as we can transmit at 
least the BL when the available bandwidth reaches its 
lowest limit. With the use of RTCP adaptive feedback 
mechanism the wired receivers and proxies send their 
feedback to the sender in the form of RTCP receiver 
reports. We have added an application specific part (APP) 
to the RTCP receiver reports, which are sent by the wired 
receivers, in order to include the wired receivers’ 
estimation about the TCP friendly bandwidth share , 

in the path between the wired receiver i  and the sender. In 
addition, we have added an application specific part (APP) 
to the RTCP receiver reports, which are sent by the 
proxies, in order to include the proxies’  estimation 

about the available bandwidth  in the wireless network 
that are responsible for. The sender stores the last values of 

, and  from the all the wired receivers and proxies 

and this information is used for the adjustment of the 
transmission rate of the BL and EL according to 
the following procedure: 

i
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 With the above described procedure we set as 
transmission rate of the BL  the minimum estimation of 
wireless bandwidth in the wireless part of the network and 
we set as transmission rate of EL  the minimum value 
of TCP friendly estimation by wired receivers minus the 
transmission rate of the BL . In the rare event that the 
minimum value of TCP friendly estimation by the wired 
receivers is smaller than the minimum estimation of 
wireless bandwidth in the wireless part of the network, we 
set the transmission rate of the BL to the minimum 
value of TCP friendly estimation and we set the 
transmission rate of EL  to zero. Sender entity executes 
the above-mentioned procedure when receives an RTCP 
receiver report either by a wired receiver or a proxy that 
contains the application specific part. With the above 
mention procedure the congestion control mechanism of 
the sender entity is implemented. Further simulation results 
and experiments will verify the validity and the 
performance of our proposal. 

BLr

ELr

BLr

BLr

ELr

3.3 Wired receiver entity 
 Each wired receiver measures the characteristics of 
the path, which connects it with the sender and informs the 
sender with the use of RTCP receiver reports. The 
following parameters are measured: Packet loss rate ( ): 
The wired receiver calculates the packet loss rate of both 
layers (BL and EL) during the reception of packets with the 
use of RTP packets sequence numbers. RTT estimations 
( ): The wired receiver makes estimations for the RTT 
between it and the sender based on one-way delay 
measurements with the use of RTP packets timestamps. 
The wired receiver emulates the behaviour of a TCP agent 
with the use of the analytical model of TCP and estimates a 
TCP friendly bandwidth share  every RTT time 
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using equation (1). If the wired receiver experiences packet 
losses it will use the following equation to estimate a TCP 
friendly bandwidth share (in bytes/sec):  
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  If the wired receiver does not experience packet losses, 
in order to estimate a TCP friendly bandwidth share , 

the  must not be increased more than a packet / RTT. 

For this reason the wired receiver calculates the value of 
 with the following equation (in bytes/sec): 
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  Each time the wired receiver sends a receiver report to 
the sender it includes the average value of  since last 

receiver report. 

i
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3.4 Proxy and wireless receiver entities 
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Fig. 4. Proxy and Receiver Block Diagram 

 Cross-layer adaptation in the wireless part of the 
proposed framework is more challenging than in the wired 
portion. The lack of standardized protocols that support 
QoS for multimedia transmission along with the 
unpredictable nature of the wireless medium offer an open 
area for extensive research. TCP or TCP like congestion 
control mechanism for throughput calculation it is a good 
candidate mechanism for multimedia congestion control 
transmission. However, recent research has shown that it 
does not perform well in wireless network [24]. The 
introduction of the proxy adds a level of abstraction to help 
facing in a more efficient and practical way the problems 
mentioned above. The proxy handles two important issues. 

The first one is the varying network conditions in the links 
between proxy- wireless receiver and proxy-sender. The 
second one is the classification between multimedia objects 
and other data objects (e.g. web pages, e-mails etc) in such 
way that the multimedia objects will be favoured by the 
proxy. Proxy and wireless receiver entities are designed 
“jointly” to clearer demonstrate the interactions between 
them. The proxy entity is based on the following modules: 
Adaptive congestion control, joint MAC-APP ARQ error 
control for the BL and the EL and finally the network 
measurement module. Figure 4 depicts the block diagram 
of the proxy and the wireless receiver configuration.  The 
proxy receives the multimedia data (voice-video) from the 
sender and stores the BL and the EL into two different 
files. At this point the proxy has the ability either to 
transmit to wireless receiver only the BL, or to transmit the 
BL and the EL that require different transmission rates 
based on wireless link bandwidth estimation. More 
particularly the following procedure is used: 
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  is the proxy estimation for the available 
bandwidth of the wireless network. The joint APP-MAC 
error control defines the allowed number of 
retransmissions (Automatic Retransmission reQuest, ARQ) 
of a lost MAC frame. The ARQ retransmission limit is 
defined by the current channel conditions and the time 
constrains of the application. Finally, we have to mention 
that the proxy acts also as wired receiver and it performs all 
the actions described in the wired receiver section. 

i
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3.5 Signaling/Extensions to RTP/RTCP 
 The network measurement modules both at the 
proxies and wired receivers are responsible for the 
exploitation of the output of the above-described 
algorithms and also for forwarding the bandwidth 
information to the sender. This information is used for the 
MPEG-4 FGS coder in order to adjust its coding rate. Our 
main argument is to take advantage of the existing 
protocols and extend its functionalities. The operation of 
the proposed framework is based on the transmission of 
feedback packets with the use of RTP / RTCP reports. RTP 
provides an extension mechanism to allow individual 
implementations that require additional information to be 
carried in the RTP data packet header. The proposed 
framework uses the extension mechanism of RTP in order 
to add the following fields into the RTP header:  and 
wired receiver id: With this field the sender informs the 
wired receiver  about the effective RTT measurement 
between this receiver and the sender. In addition, RTCP 
gives the capability to the participants to include in the 
RTCP reports an application specific part (APP) intended 

ir
RTTt −
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for experimental use. The wired receivers add to their 
receiver reports an application specific part, which contains 
the average value of their estimations for TCP friendly 
bandwidth share , since the last receiver report. The 

proxies add to their receiver reports an application specific 
part, which contains the average value of their estimations 
for wireless network bandwidth , since the last receiver 

report. Due to the fact that all the participants listen at least 
to the RTP / RTCP session of the BL layer, the above 
described extensions to RTP / RTCP are used only in the 
BL RTP / RTCP session. 
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4 Algorithmic aspects 
 In this section we define the algorithm for the 
estimation of the available bandwidth in the wireless part 
of the network. In addition we present the algorithms for 
packet loss estimation and RTT estimations. We then 
explain how joined APP-MAC adaptive error control can 
be realized.  

4.1 Wireless link bandwidth estimation 
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Fig. 5. IEEE 802.11 MAC Frame sequence transmission 

 The estimation of the available bandwidth has been 
extensively researched in wired networks and the main 
effort has been to discover the bottleneck in the path 
between the sender/receiver pair. In our proposed 
framework however, we need the available bandwidth of 
the wireless link between the proxy and the receiver. This 
wireless link is the last hop between the sender and the 
receiver and related algorithms for wired networks do not 
apply. Here the available bandwidth is the maximum 
achievable rate between proxy and receivers in the absence 
of any competing traffic. This maximum achievable rate is 
lower than the nominal channel transmission rate due to the 
presence of control packet (e.g. RTS/CTS mechanism), 
retransmitted MAC frames, etc. The nominal channel 
transmission rate has a predefined value depending on the 
underlying PHY MAC 802.11 protocol. Our proposed 
algorithm works as follows: The sending MAC frame is 
stamped with a time-stamp ( ) indicating the sending time 
at the MAC layer. After the reception of the ACK sent by 
the receiver the algorithm calculates the interval between 
the sending time and the time when the ACK is received 
( ). In predefined periods ( ), we calculate the 

available bandwidth as a fraction of the total bytes sent via 
the wireless link over the sampling time. Figure 5 shows 
the packet transmission sequence in an IEEE 802.11 
wireless link. The available bandwidth is derived from the 
equation: 

st

rt thresholdt

samplingt
SBW = (6) 

 Where S is the total size in bytes of the MAC frames 
that were sent over the sampling period . Figure 6 

presents the used algorithm. 
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Fig. 6. Wireless bandwidth estimation algorithm 

4.2 Packet loss rate estimation in wired 
network 

 Each wired receiver measures the packet loss rate 
based on the RTP packet sequence numbers in both layers 
(BL and EL). In order to prevent a single spurious packet 
loss having an excessive effect on the packet loss 
estimation, wired receivers smooth the values of packet 
loss rate using the following filter, which computes the 
weighted average of the  most recent loss rate values 

 (the following filter has been presented and evaluated 

in 

m
m
lil ,

[23] and provides a good estimation of the packet loss 
rate): 
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Where  is the smooth value of packet loss rate for layer 

 (BL or EL). The weights  are chosen so that very 
recent packet loss rates receive the same high weights, 
while the weights gradually decrease to 0 for older packet 
loss rate values. We use m=8 and the following values for 
the weights : {1,1,1,1,0.8,0.6,0.4,0.2}. The wired 

receiver estimates the packet loss rate , for both layers 
(BL and EL) that the receiver receives, with the following 
equation: 
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4.3 RTT estimations 
 When a wired receiver i  receives a RTP packet from 
a sender layer (BL or EL), it uses the following algorithm 
in order to estimate the RTT between the sender and the 
wired receiver. Assuming that the sender and the wired 
receiver have synchronized clocks, the wired receiver can 
use the timestamp of the RTP packet ( ) and the 

local time when it receives that packet ( ) to 

estimate the one-way time ( ):  

timestampT

receiverT

onewayT

timestampreceiveroneway TTT −=  (9) 

 If the path between the sender and the wired receiver 
were symmetric and the path had the same delay in both 
directions, the RTT between the sender and the wired 
receiver would be twice the :  onewayT

onewayRTT Tt 2= (10) 

 Until now, we have made two assumptions: (1) the 
sender and the wired receiver have synchronized clocks (2) 
the path between the sender and the wired receiver is 
symmetric. The above assumptions are not true for the 
Internet. Therefore, the wired receivers have to take the 
above assumptions into account in order to perform 
accurate RTT estimations ( ). For this reason, we use a 
parameter a  and we can write the equation (9) as: 

le
RTTt −
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RTT Tat )1( +=− (11) 

  The parameter a  is used to smooth the estimation of 
the RTT due to the potential unsynchronized clocks and the 
asymmetry of the path between the sender and the wired 
receiver. Furthermore, to avoid solely phenomenon that 
will affect the RTT estimations, the wired receivers pass the 

 values through a filter similar to one that they use for 
filtering the values of the packet loss rate. To estimate the 
value of parameter , the wired receivers need an effective 
estimation of RTT, which can be acquired, with the use of 
RTCP reports: The RTCP receiver report contains two 
additional fields; the  (the timestamp of the most 

recent RTCP sender report from the sender) and the  
(the delay between the reception of the last sender report 
and the transmission of the receiver report). As a result the 
sender can make an effective RTT measurement for the 
path between it and a wired receiver by using the following 
equation (where 

le
RTTt −

a

LSRt

DLSRt

A  is the time when the sender receives 
the receiver report from the given wired receiver):  

DLSRLSR
ir

RTT ttAt −−=−   (12) 

 The sender estimates an effective RTT measurement 
for a wired receiver i  every time it receives a receiver 
report from that wired receiver and includes this effective 
RTT measurement (with the id of the receiver) in the next 
RTP packet of BL streams. A wired receiver after receives 
an effective RTT measurement from the sender, it 
estimates an appropriate value for the parameter  by 
using the following equation:  

a

1−=
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 The values of  give an estimation of the RTT 
based on measurement on each layer (BL and EL). The 
wired receiver is using for TCP friendly transmission rate 
estimation and the average value of  for BL and EL 
layers:  
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4.4 Adaptive error control mechanism 
 Automatic Repeat request (ARQ) error control in 
wireless networks has been proven to be an efficient 
mechanism to recover from channel fluctuations. However, 
a predefined ARQ limit in multimedia data transmission 
without taking into account the nature of the underlying 



data may further degrade QoS. There are cases in which an 
untimely retransmission of a lost data block does not 
improve QoS (e.g. real time video). Furthermore, an 
untimely retransmission of a lost multimedia data block 
may prevent newly data to be transmitted at the receiver 
side. Our proposed scheme is based on two principles: a) 
the data block that has to be retransmitted does not exceed 
the application time constrains and b) the retransmission 
ARQ limit must be adjusted to the “value” of the data 
block. Thus BL and EL data frames are treated differently 
by the ARQ error control mechanism. The above principles 
are presented in the algorithm of figure 7 where , is the 

display deadline of the frame, and 

dlt
_ limARQ  is a 

predefined value, which is different for BL and EL frames. 
Current research [5] showed that the best performance 
could be obtained when the ARQ limit is set to 8. In our 
future work we will evaluate the proposed ARQ algorithm 
and the optimal value of the retransmission limit. 
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Fig. 7. ARQ algorithm 
5 Conclusion/future work 
 This paper proposes a framework for cross-layer 
adaptation for multimedia transmission over wired and 
wireless networks. The main concept is based on a “holistic 
approach” in which all layers participate to the adaptation 
process and make its own contributions. In addition, the 
proposed framework can support both wired and wireless 
receivers in one platform in which cross layer information 
are used to support wireless users while TCP friendly 
estimations are used to support wired users. Our future 
work includes the evaluation of the proposed framework 
through a number of simulations. Main target of the 
simulations will be the examination of the proposed 
framework behaviour to a heterogeneous group of wired 
and wireless receivers. 
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