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Abstract—Retransmission based error recovery is not always 
applicable for multimedia applications; however it can be used 
if the transmission characteristics and network conditions are 
examined before. Retransmissions can be carried out only if 
there is no congestion in the network and the network delay is 
low enough to receive the retransmitted packet before the 
playout. These two attributes are depending and one can be 
estimated from the other. In this paper we introduce a TFRC 
and RTT threshold interdependence model to determinate 
network delay thresholds for the retransmission decision 
algorithm. Using the calculated sending rate of the TFRC (TCP 
Friendly Rate Control) to estimate the congestion level in the 
network, we can set up a threshold of disabling/enabling the 
retransmissions. Our goal was to determinate a matching RTT 
threshold to gain similar retransmission behavior as using the 
sending rate threshold. We found that using our threshold 
estimating model, the number of retransmitted packets was 
similar, using the TFRC-based sending rate threshold and the 
RTT retransmission threshold. 
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I.  INTRODUCTION 
Real-time multimedia applications are already popular in 

reliable wired networks, but in wireless environment the 
obstacles of the expansion are the higher bit error ratio of the 
radio link and the limited bandwidth of the mobile links. 
Packet losses generally degrade the performance of any 
Internet data transfer especially on compressed data. Inter-
frame-video compression algorithms such as MPEG exploit 
temporal correlation between frames to achieve higher 
compression therefore errors in a reference frame will 
propagate to the dependent difference frames. To minimize 
the end-to-end packet loss ratio the packet loss should be 
either prevented or subsequently handled. Despite its latency, 
retransmission can be used successfully in many cases, 
especially if playout buffering is employed. 

Late retransmissions in real-time application are 
undesirable because the late packets will be dropped at the 
receiver. For the retransmission to be successful, 
retransmitted packet must arrive at the receiver in time for 
playback and should not be lost again due to congestion. 
When the network is in congested state or the RTT (round-
trip-time) is so high that the retransmitted packet will not 
arrive in time, the retransmission will not improve the 
quality; moreover will increase the load and latency. The 
correlation of congestion level and RTT is obvious and 

already studied intensively. Numerous researches focus on 
end-to-end congestion avoidance algorithms that use round-
trip-time fluctuations as an indicator of the level of network 
congestion. [4]–[8]. In these works RTT variations are 
assumed to be caused by changes in queuing delays, 
therefore the congestion level can be estimated from the 
current RTT and its variation history.  

Loss-tolerant real-time multimedia applications prefer 
unreliable transport protocols, like UDP or UDPLite, but the 
DCCP (Datagram Congestion Control Protocol) [1] is also 
very advantageous, because it uses sequence numbering, 
acknowledgements and congestion control algorithms. From 
the retransmission point of view sequence numbers and 
acknowledgement are needed to identify the lost packets, 
while the congestion control algorithms (TCP-Like Rate 
Control [2]and TCP Friendly Rate Control [3]) manage the 
actual round-trip-time measurements. Due to these 
advantages, in our measurement we applied DCCP to get the 
necessary information for the retransmissions. 

In our previous works we have investigated cross-layer 
based retransmission methods. First, a TFRC-based 
retransmission scheme [9][10] was implemented, which 
disable or enable the retransmission according to a given 
threshold and the calculated TFRC [11] sending rate. 
Secondly, we have studied a RTT-based retransmission 
decision algorithm based on the actual RTT, in order to 
determinate an appropriate threshold for successful 
retransmissions [12].  

In this paper we introduce a TFRC and RTT thresholds 
interdependence model, which utilize the correlation of the 
TFRC sending rate and the RTT. The model estimates the 
correspondent RTT threshold using the TFRC-based sending 
rate threshold gaining similar retransmission behavior. Using 
the proposed model the number of retransmitted packets is 
similar in both cases, because we use corresponding RTT 
and TFRC throughput thresholds. In order to analyze the 
proposed method we used the Ns-2 simulation tool to 
examine the retransmission behaviors. 

The rest of the paper is organized as follows. The 
background work is presented in Section II. In Section III we 
introduce our TFRC and RTT thresholds interdependence 
model for real-time applications. Performance evaluation of 
our method follows in Section IV. Finally, we summarize 
our paper and make the conclusions in the last section. 



II. BACKGROUND 
In order to efficiently retransmit the lost packets without 

late delivery or causing congestion, we have analyzed two 
retransmission approaches. Both cross-layer based methods 
rely on the information getting from the transport layer 
(DCCP). The DCCP protocol continuously measures the 
RTT and calculates a sending rate to avoid congestion. 

A selective retransmission scheme is considered which 
disable or enable the retransmission of lost packets according 
to the current state of the network. In this scheme the 
retransmission should be enabled or disabled according to 
the stream bitrate (threshold level) and the calculated TFRC 
sending rate [9]. When the network is in congested state or 
near to this state the retransmissions should be disabled. 
When the buffers of the network routers are overloaded the 
retransmitted packet will be dropped at the routers or it will 
cause the loss of other packets. The method uses the TFRC 
congestion avoidance algorithm to decide whether the lost 
packet should be retransmitted. It disables the retransmission 
when the TFRC rate is under a given threshold (XThreshold), 
e.g. real-time video coding bitrate. 
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Variable p stands for the packet loss probability and R is the 
RTT moving average and s is the packet size in bytes, as 
given in RFC 3448. 

On the other hand we can consider a delay-based 
retransmission technique [12], where the available time for 
the first transmission, retransmission and loss detection is 
equal to the playout buffer delay (Tbd), therefore the 
stipulation to successfully retransmit a packet is 
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where δ is the loss detection delay. If (2) is true the 
retransmission is enabled, considering that only one 
retransmission attempt is possible, however the equation can 
be easily modified for multiple retransmission attempts. If 
(2) is false the retransmission is disabled, because the 
retransmitted backet will not arrive in time. The playout 
buffer delay (Tbd) is a time constrain of the retransmissions, 
determining the maximal acceptable round-trip-time 
(RTTThreshold): 
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RTTThreshold is used to decide whether to retransmit a lost 
packet or not, e.g. if the current RTT is lower than the 
RTTThreshold the retransmission is enabled, because the 
retransmitted will probably arrive in time. 

The presented retransmission schemes were investigated 
independently, however the calculated TFRC rate depends 
on the RTT moving average. The used TFRC rate and RTT 

retransmission thresholds are therefore correlated. In this 
paper this correlation is investigated. 

III. TFRC AND RTT THRESHOLDS INTERDEPENDENCE 
MODEL 

In this paper we examine the relation between the 
XThreshold and the RTTThreshold. In order to efficiently estimate 
the RTTThreshold from the XThreshold, first the relation of RTT 
and TFRC must be analyzed. The RTT and TFRC values are 
in inverse relation, as the TFRC equation it defines (1).  

 
Figure 1.  Measured RTT and TFRC sending rates. The link capacity was 

1Mbps, the offered traffic rate was 300kbps, the constant bitrate background 
traffic was 300kbps, while the link packet loss probability was 0.1%. 

The figure illustrates the inverse relation of RTT and 
TFRC values. It can be observed that in time periods when 
the calculated TFRC is rate is low, the measure RTT is 
higher. This behavior is due to the increasing buffer levels of 
the routers in the network. The TFRC decreases the sending 
rate when there are too many packets in the network and the 
possibility of packet drop due to congestion is becoming 
high. 

In our estimation model we utilize the inverse relation of 
RTT and the offered sending rate of TFRC. Our aim is to 
determinate RTTThreshold analyzing the number of 
retransmitted packets. The number of retransmitted packets 
should be equal using the TFRC-based threshold and the 
RTTThreshold. 

 
Figure 2.  Retransmissions are enabled for the packets belonging to the 

grey periods. (SN stands for Sequence Number) 



The number of successfully retransmitted packets depends 
on the time periods when RTT< RTTThreshold or the calculated 
TFRC sending rate is higher than XThreshold. The periods when 
the retransmission can be performed successfully are signed 
grey on Figure 2. According to the TFRC sending rate 
calculation method the sending rate and the measured round-
trip-time change inversely. In order to formally define the 
number of possible retransmissions, the X’ and R’ indicator 
functions must be specified. Both X’ and R’ indicator 
functions specify whether a packet is allowed to be 
retransmitted or not. 
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The sum of X’ determinates the maximum number of 
retransmission, however actually only the lost packets can be 
retransmitted, so it must be multiplied by the packet loss 
probability. The estimated value of the number of 
retransmitted packets can be calculated as follows: 
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Our aim is to find the matching RTTThreshold to XThreshold 
attaining PX=PR. If SNmax is the number of transmitted data 

packets, we can consider 
0
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that a packet is enabled to be retransmitted. According to the 
X’ and R’ definition, we can calculate the ratio of the 
periods, when the retransmission is possible: 
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The possibility that the actual round-trip-time is less than the 
retransmission threshold is: 
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According to the distribution function determination, the 
given probability (8) is the distribution function of 
RTTThreshold. Similarly for the sending rate: 
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Using equation , that 
determinates the relation of RTTThreshold and XThreshold, we can 
proof that the relation of the distribution functions of 
RTTThreshold and XThreshold is linear: 

( ) (Threshold Thresholdp X X p RTT RTT> = <

  (10) ( ) 1 (Threshold ThresholdF RTT F X= −

The TFRC specification [11] determinates the calculated 
sending rate (Xcalc) as inverse function of RTT variable; 
however the real sending rate is determined as follows: 

 max(min( ,  2 ),  / )calc recv mbiX X X s t= ⋅  (11) 

Variable Xrecv is the receiving rate of the receiver. The 
parameter tmbi is the the maximum inter-packet backoff      
interval and set to 64 seconds, thus the sender sends at least 
one packet every 64 seconds. We did not take the backoff      
interval value into account, because we consider that the data 
delivery or the video streaming is continuous. In situations 
when the offered sending rate (e.g. video bitrate) is low, 
compared to the link capacity, the Xcalc can be significantly 
higher than 2Xrecv. According to (11), the real sending rate is 
not always the calculated sending rate (Xcalc), therefore the 
sending rate is not the inverse function of the round-trip-
time. 

Considering the TFRC sending rate determination 
method we propose a linear estimation model to find the 
matching RTTThreshold to every XThreshold. The maximum of the 
sending rate is determined as 2Xrecv, while RTTmin and RTTmax 
parameters are assumed as known values. RTTmin is the 
network delay when the network routers’ buffers are empty, 
while RTTmax can be assumed as the round-trip-time when 
the network is in congested state. Based on presented 
behavior of the TFRC sending rate calculation, we can 
estimate the corresponding thresholds. The next figure 
illustrates the proposed linear estimation model: 

 
Figure 3.  Linear estimation of RTTThreshold 

The formal determination of the TFRC and RTT 
thresholds interdependence is done in the following 
equation: 
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We used linear approximation instead of exponential one, 
because the infection level of the exponential curve can vary 
depending on the actual loss rate and RTT, as the TFRC 
equation (1) defines it. The packet loss rate is on a higher 
exponent in the equation, thus its effect is more significant. 
The used RTTmin and RTTmax parameters are also changing, 
because always the lowest/highest measured RTT values are 
considered as RTTmin and RTTmax. The estimator model must 
adapt itself to the varying parameters. 



IV. SIMULATION RESULTS 
In order to test the performance of the estimation model, 

described in the previous section, we analyzed some 
scenarios with ns-2 [13] network simulator. The simulation 
environment made it possible to adjust the link 
characteristics and analyze the effects of additional 
background traffic. In the simulations a dumbbell topology 
with 1Mbps links. The bottleneck link was considered to be 
the wired or wireless link, in order to introduce packet losses 
using a simple random drop model with the given loss 
probability. The loss probability on link S–R was set 
between 0% and 10%. 

 

 
Figure 4.  The dumbell network topology 

In the simulations we used the Datagram Congestion 
Control Protocol (DCCP) [1] with TFRC congestion control 
algorithm to analyze the performance of the estimation 
model. Furthermore WWW and CBR (Constant Bit Rate 
flow) over UDP background traffic were set up. In order to 
simulate the effects of a heavy loaded network the number of 
WWW users was between 0 and 25. The WWW traffic was 
generated based on Pareto distribution with average page 
sizes of 20kB (shape 1.5), while the frequency of new 
WWW page requests were following the Exponential 
distribution with 5 seconds average waiting times. The 
duration of the simulations was 200s. The purpose of the 
background traffic was to continuously change the 
conditions of the bottleneck link causing high variations in 
the measured RTT. 

In the first scenario a well-defined setup was analyzed to 
introduce the estimation model. The offered bitrate 
(CBR/DCCP) was 300kbps (37.5kbyte/s) and delivered by 

the DCCP protocol, in the background 100kbps CBR/UDP 
was set up and the number of WWW users was 5, 10 and 25. 
We have measured the corresponding thresholds, when the 
number of retransmissions is the same.  

The measured results are illustrated in Figure 6. In the 
figure the blue line indicates the matching RTTThreshold having 
the same number of retransmissions like  

using XThreshold. The red line is generated by our estimator 
model. In order to analyze the quality of the estimation, we 
have examined the difference of the measured RTTThreshold 
and the estimated one. The estimation error was calculated as 
follows: 

 [%]= 100%Threshold Threshold

Threshold

mRTT eRTT
err

mRTT

−
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 DCCPs 

Variable mRTTThreshold stands for the measured RTT 
threshold and eRTTThreshold for the estimated threshold. 
According to (13) the err[%] function can be negative too. 

We have changed the congestion level in the network by 
increasing the number of WWW users, without changing 
other settings. 

 
Figure 5.  Estimation error in function of the number of WWW users. The 

offered traffic rate is 300kbps, theCBR/UDP background traffic is 100kbps. 

The best threshold estimation was measured when the 
background WWW traffic was minimal. Increasing the 
number of WWW users the estimation performance 

 
 a) 5 WWW users b) 10 WWW users c) 25 WWW users 

Figure 6.  Linear estimation and measured values of RTTThreshold. The number of WWW users is 5 , 10, 25 
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decreases, while without WWW users the estimation error is 
near zero. According to the Ns-2 simulations the congestion 
level plays an important role in the estimation effectiveness. 
When we increase the offered bitrate (CBR/DCCP) to 
500kbps, change the background CBR/UDP traffic and 
switch off the random WWW user traffic, the obtained 
results are similar. 

 
Figure 7.  Estimation error in case of different CBR/UDP traffic with 

500kbps CBR/DCCP setup 

Figure 7. shows, if only the 500kbps data stream is 
transmitted with the DCCP/TFRC protocol, the RTTThreshold 
estimation is sufficiently accurate. When we change the 
sending rate retransmission threshold (XThreshold), the 
estimation error of the delay-based threshold is less than 
±0.5%. As the results show our estimation model performs 
well when the network load is low. 

The other way of increasing the network load is to set the 
data stream (CBR/DCCP) bitrate higher. In next scenario we 
analyzed the different bitrate data streams delivery over 
DCCP/TFRC without any additional background traffic. The 
retransmission threshold (XThreshold) maximal value is the 
highest calculated TFRC sending rate during the simulation. 
This is the reason for having different maximal XThreshold 
values in the simulations. The obtained results are presented 
in the following figure. 

 
Figure 8.  Estimation error in case of different bitrate data streams delivery 

without background traffic 

Similarly to previous simulation results, the estimation 
effectiveness is also adequate when the network load is not 
too close to the network capacity. In the analyzed network 
with 1Mbps bottleneck link, the estimation error was below 
1% when the source bitrate was less or equal to 500kbps. 
However, in case of 700kbps offered bitrate, the estimation 
error is maximum 5% that is still acceptable. 

In order to examine the overall performance of the TFRC 
and RTT thresholds interdependence model we have 
calculated the average estimation errors corresponding to 
different sending rate thresholds. Using average values of the 
estimation error we can represent different sending rate 
thresholds (XThreshold) as one point in the graph. Using this 
method we analyzed the accuracy of the estimations by 
changing the offered bitrate and the number of WWW users 
simultaneously. The simulation measurements are presented 
in Figure 9. The evaluated results show that the number of 
WWW users may drastically decrease the estimation 
effectiveness, as well the source bitrate. The average 
estimation errors are close to zero when the background 
traffic is zero. By setting the offered bitrate of the data 
stream not higher than 500kbps, the estimation error can be 
retained below 30%. The estimation of the delay-based 
threshold from the sending rate threshold is inefficient when 
the network is overloaded. In case of 900kbps source rate 
and additional background rate, the estimation error can be 
even 50%. 

 
Figure 9.  Average estimation error 

In the last analyzed scenario the effect of packet losses 
was examined. The TFRC can not distinguish between 
wireless and congestion losses and it will decrease the 
sending rate in both cases, thus the expected behavior is 
similar to the overloaded network case. However, according 
to our measurements the effect of packet losses is not so 
significant than the background traffic increase. In the next 
figure different packet loss rates are analyzed. It depicts how 
effectively our estimation model can give a RTT threshold to 
a sending rate based retransmission threshold. 



ACKNOWLEDGMENT 

 

The presented work was made in the frame of Mobile 
Innovation Centre's integrated project Nr. 2.3, supported by 
the National Office for Research and Technology (Mobile 
01/2004 contract) 

REFERENCES 
 

[1] Kohler, Handley, Floyd,“Datagram Congestion Control Protocol”, 
Internet Engineering Task Force, RFC 4340, March 2006. 

[2] S. Floyd and E. Kohler, “Profile for DCCP Congestion Control ID 2: 
TCP-like Congestion Control”, draft-ietf-dccp-ccid2-10.txt, March 
2005. 

[3] S. Floyd, E. Kohler, and J. Padhye, “Profile for DCCP Congestion 
Control ID 3: TFRC Congestion Control”, draft-ietf-dccp-ccid3-11.txt, 
March 2005. 

Figure 10. Estimation accurancy in case of packet drops 

In this scenario a 500kbps bitrate data stream was used 
without background traffic, while the link capacity is 1Mbps. 
As previously presented the performance of the proposed 
method is high when the network load is low. Simple packet 
losses can also degrade effectiveness as Figure 10. show. Of 
course the best matching estimation was done without packet 
losses. 

[4] Jim Martin , Arne Nilsson , Injong Rhee, “The incremental 
deployability of RTT-based congestion avoidance for high speed TCP 
Internet connections”, ACM SIGMETRICS Performance Evaluation 
Review, v.28 n.1, p.134-144, June 2000 

[5] Jim Martin , Arne Nilsson , Injong Rhee, “Delay-based congestion 
avoidance for TCP”, IEEE/ACM Transactions on Networking (TON), 
v.11 n.3, p.356-369, June 2003 

[6] Li Yan, Bin Qiu, Lichang Che, “A Delay-Based End-to-End 
Congestion Avoidance Scheme for Multimedia Networks”, Advances 
in Multimedia Information Processing - PCM 2004, LNCS 3332, pp. 
389–396, 2004. 

V. CONCLUSION [7] Raj Jain, “A delay-based approach for congestion avoidance in 
interconnected heterogeneous computer networks”, ACM Computer 
Communication Review, 19(5):56{71, Oct. 1989. Retransmission-based error recovery for real-time 

multimedia applications is applicable only if efficient 
support is available to avoid waste retransmissions. 
Congestion-based (congestion avoidance) and delay-based 
(late retransmission avoidance) retransmission decisions are 
good solutions to provide selective error recovery. In both 
cases the decisions are made using sending rate- and RTT 
thresholds.  

In this paper we analyzed the relation of the two 
retransmission decision methods and introduced an 
estimation model to find the matching RTT threshold to the 
sending rate threshold. The obtained results show that the 
model can be really effective when the network load is low 
and in average the estimation error is 20-30%, however the 
network load significantly affects the performance of the 
proposed method. When the network load is below the 
congestion load, the estimation error is only 1-2%. 

[8] C. Jin, D. X. Wei, S. H. Low, “The case for delay-based congestion 
control”,  in Proceedings of IEEE Computer Communication 
Workshop (CCW), pp. 99-104. Laguna Beach, CA, Oct 2003. 

[9] Árpád Huszák, Sándor Imre: ”TFRC-Based Selective Retransmission 
for Multimedia Applications”, 5th @WAS International Conference 
on Advances in Mobile Computing and Multimedia, MoMM2007, 
ISBN 978-3-85403-230-4, pp. 53-63., Jakarta, Indonesia, 3-5 
December 2007 

[10] Árpád Huszák, Sándor Imre: ”Source Controlled Semi-reliable 
Multimedia Streaming Using Selective Retransmission in DCCP/IP 
Networks”, Elsevier – Computer Communications, The International 
Journal for the Computer and Telecommunications Industry, Volume 
31., Issue 11., pp. 2676–2684, ISSN 0140-3664, 15 July 2008 

[11] S. Floyd, M. Handley, J. Padhye, J. Widmer, “TCP friendly rate 
control (TFRC): protocol specification”, RFC 3448, January 2003.  

[12] Árpád Huszák, Sándor Imre: ”Source Controlled and Delay Sensitive 
Selective Retransmission Scheme for Multimedia Streaming”, IEEE 
Symposium on Computers and Communications, ISCC 2007, ISBN 1-
4244-1521-7, pp. 191-196., Aveiro, Portugal, 1-4 July, 2007 

[13] Ns-2 – Network Simulator, http:///www.isi.edu/nsnam/ns/index.html 
 



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /CMYK
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments true
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<

    /BGR <>
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e9ad88d2891cf76845370524d53705237300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc9ad854c18cea76845370524d5370523786557406300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /CZE <>
    /DAN <>
    /DEU <>
    /ESP <>
    /ETI <>
    /FRA <>
    /GRE <>

    /HRV (Za stvaranje Adobe PDF dokumenata najpogodnijih za visokokvalitetni ispis prije tiskanja koristite ove postavke.  Stvoreni PDF dokumenti mogu se otvoriti Acrobat i Adobe Reader 5.0 i kasnijim verzijama.)
    /HUN <>
    /ITA <>
    /JPN <FEFF9ad854c18cea306a30d730ea30d730ec30b951fa529b7528002000410064006f0062006500200050004400460020658766f8306e4f5c6210306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103055308c305f0020005000440046002030d530a130a430eb306f3001004100630072006f0062006100740020304a30883073002000410064006f00620065002000520065006100640065007200200035002e003000204ee5964d3067958b304f30533068304c3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020ace0d488c9c80020c2dcd5d80020c778c1c4c5d00020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /LTH <>
    /LVI <>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken die zijn geoptimaliseerd voor prepress-afdrukken van hoge kwaliteit. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /POL <>
    /PTB <>
    /RUM <>
    /RUS <>
    /SKY <>
    /SLV <>
    /SUO <>
    /SVE <>
    /TUR <>
    /UKR <>
    /ENU (Use these settings to create Adobe PDF documents best suited for high-quality prepress printing.  Created PDF documents can be opened with Acrobat and Adobe Reader 5.0 and later.)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /ConvertToCMYK
      /DestinationProfileName ()
      /DestinationProfileSelector /DocumentCMYK
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure false
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles false
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /DocumentCMYK
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /UseDocumentProfile
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


