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Abstract


When a data link is used to download a file or to browse over a number of web pages the perceived quality is determined by the session time. Measuring session times for different services is time consuming and quality measurements therefore mostly characterize the link in terms of bandwidth, loss, delay etc, from which one tries to derive session times. This contribution presents a method that characterizes a data link by a so called delay finger print from which the session times for different services can be predicted. The fingerprint is derived from a UDP stream of which the sending speed is increased continuously using a ”double” packet transfer, i.e. at an ever decreasing time interval packet pairs are sent over the data link. This “chirping approach” causes self induced congestion and allows fingerprinting with only minimal loading of the network under test. In a previous contribution a similar method was developed on the basis of network simulations, in this contribution real world data links are used (ADSL, UMTS). The fingerprint measurements allow predicting the service download/session times with a correlation of 0.9 or higher for all measurements that have been carried out. The method is proposed to ITU-T study group 12 for validation and standardization as a universal method for quantifying the quality of a data link. This document can serve as the basis for a draft recommendation.

1
Introduction

When a data link is used to download a file or to browse over a number of pages the perceived quality is determined by the session time, defined as the time difference between the start of a session and the point at which all the requested information is available to the user. Session time measurements thus provide the best quality indicators. However session time measurements are time consuming and quality measurements therefore mostly use other types of characterization like bandwidth estimation from which one can try to derive session times. Unfortunately a full characterization of the link requires many more system parameters besides bandwidth, like end-to-end delay, packet loss, buffer sizes, TCP/IP stack parameters, etc. And even a simple term like bandwidth is not precisely defined. Furthermore the impact of these parameters on the download/session times is depending on the size of the file due to the slow start mechanism used in TCP. For browse sessions the round trip time has a major impact on session times, especially if one is surfing along a large set of small pages. The situation becomes even more complex when bearer switching mechanisms are used as in the current UMTS standards.


A new approach towards measuring the data link quality is to send a UDP stream over the data link with ever increasing speed, causing self induced congestion in the link. The behavior of the link is then characterized by the delay behavior of the packets. One can e.g. derive the available bandwidth from the observed behavior of the packet delay [3]. If the chirp sends data over the line with a speed that exceeds the available bandwidth, the delay will show a sudden increase. In a previous contribution [4] this data chirp method was validated using a network simulator, in this contribution real world data links are used (ADSL, Cable, UMTS). 

In real world situations, where cross traffic may dominate the available bandwidth, it turned out to be beneficial to extent the data chirp with a so called packet pair measurement [5], [6]. Packets that are send over the data link in lumps may travel through the link much faster than one would expect on the basis of the available bandwidth. This ”fast lump effect” is especially important for predicting download times for small files as found in a browsing session. This bandwidth is coined with the term un-congested bandwidth (UB). In general when one is browsing over the Internet over a lot of small files the available bandwidth is not the dominating factor in the session time but the un-congested bandwidth in combination with the round trip time. Furthermore when bearer switching is used the un-congested bandwidth that is available depends on the file size, making the concept of a combined smearing/bending point approach even more powerful.

2
Packet pair data chirp description

In the data link measurement approach as proposed in this contribution a new chirping technique is used. It combines the idea of self induced congestion [3] with the packet smearing time measurement [4], [5]. The smearing time of a single packet is predominantly determined by the slowest physical link on the end-to-end path, although with bearer switching techniques, as used in UMTS, this smearing time is dependent on the “state” of the link. State machine characterization is extremely difficult and the packet pair chirping is a first attempt to deal with this problem. In practical measurements one puts (at least) two concatenated packets on the data link as fast as possible. By measuring the receive time stamps of both packets the smearing of a single packet can be estimated. Local buffering may cause anomalies in this measurement approach. In the combined chirp/smearing as proposed in this contribution the packet pairs are used to form a data chirp of ever increasing speed (see Figure 1).  The length of this series is dependent on the experimental context and an optimal choice is somewhere between 20 and 500, for links with a speed between 100 and 100,000 kbit/s. This un-congested bandwidth estimation (UB) is always higher than the available bandwidth (AB) which can be reduced by the cross traffic on the data link.

Chirp packets are sent in pairs over the line with a continuously decreasing sending time quantified by a factor Tγm   (γ <1.0) for the mth packet. The combination of T and chirp size N (m=1,…N) determines the lower and upper bound of the bit rate of the UDP stream. It is clear that at the start of the chirp packets should be send over the link with large enough time intervals in order to be able to characterize low bandwidth systems. The inter sending time should decrease to a value so low that the required bandwidth is higher than the maximum expected available bandwidth. Finally a small γ allows for a fast characterization of the link while a γ near 1.0 allows more accurate, but more time consuming, bandwidth estimations. After some initial experiments the values of the chirp were set to P=1500 byte, T=500 ms, γ=0.97 and N=151 (total of 302 packets), resulting in a lower and upper input into the system of 48 kbit/s and 474  Mbit/s respectively. This chirp provides a well balanced compromise between measurement speed, accuracy and wide-range applicability. Figure 1 provides an overview of the packet pair chirp approach. The available bandwidth is estimated from the relative delays which are obtained by using the delay difference of the first packet as a reference and measure all subsequent delays relative to this delay. The point where the relative delay starts to increase significantly, the bending point (see Figure 2) is then used to estimate the available bandwidth (AB) using the algorithm as provided in [3]. From packets that arrive before the bending point the random packets loss of the data link can be estimated. 
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Figure 1. Data chirp lay out using the idea of measuring the smearing times of concatenated packets as well as the available bandwidth. By measuring receive time stamps the smearing of a single packet can be measured. This smearing is closely related to the un-congested bandwidth. The data chirp causes self induced congestion and at the point where the sending rate exceeds the available bandwidth the relative delay of each packet pair starts to increase.
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Figure 2. Data chirp example. The relative delay in this example starts to increase at packet number 35. The available bandwidth is estimated from the bending point. Random packet loss is estimated from packets that are lost before the bending point.

3
Key performance indicators 


The current chirp definition allows for a large number of key performance indicators. Currently we propose to use the following set:


1. An ICMP echo request (ping) round trip time measurement (PT).

2. The estimated un-congested bandwidth calculated from the average smearing time as an average over all packet pairs for which both packets are correctly received (UB).

3. The estimated available bandwidth calculated from the bending point of the relative delays of the packets pairs (AB) using the “bending point” algorithm as given in [3] but applied to the packet pair chirp.

4. The relative delay of each packet that is received (DK).

5. The random packet loss (not caused by congestion) of the data link estimated from all packets that arrive before the bending point.


6. The estimated relative delay of the last packet of the chirp. In situations where packets are lost a graph is constructed by shifting each measured relative delay to the left on all places where the packet is lost. The relative delay of the last packet is estimated from a linair extrapolation over the last 25 packets that are received.

3
Measurement set up


The measurement set up used real world data links of commercially available ADSL, Cable and UMTS network providers. From the large set of possible services a subset of four conditions were chosen, two for web browsing and two for downloading. In each condition four service measurements were carried out:


· A HTTP browsing session time measurement using three files in the following time line: empty cache, start browse, 1kByte download, wait 0.5 s, 1 kByte download, wait 0.5s, 10 kByte download, end browse (browse small)

· A HTTP browsing session time measurement using three files in the following time line: empty cache, start browse, 2kByte download, wait 0.5 s, 10 kByte download, wait 0.5s, 70 kByte download, end browse (browse large)

· A HTTP download of a 128kByte file (download small)

· A HTTP download of a 4000kByte file (download large)

In addition the link was characterized by sending the chirp as defined in section 2 over the link and by a standard ICMP echo ping time measurement.

4
Results


As the final goal in this contribution is to estimate the session times from the short duration data chirp and ping time we will calculate correlations between predictors derived from the chirp/ping measurement and the measured session times over the steady state link. Note that the chirp characterization only takes 16 seconds while the large file download over a slow link can take more then 10 minutes. This fast characterization allows finding small time scale deviations of the quality. 


The main indicators that have a significant contribution to the correlation between the chirp/ping measurement and the measured browse session times are the ping time (PT) and the un-congested bandwidth (UB) (see Table 1). The main indicators that have a significant contribution to the correlation between the chirp/ping measurement and the measured download times are the ping time (PT) and the relative delay of packet K (DK). For small files the best correlation is achieved with a low DK, for large files the best DK is large. In our measurement context the small download (128kByte) gave best correlation results for DK=69 and for large download  the best correlation was reached with DK=127. The available bandwidth estimations derived from the bending point showed slightly lower correlations. Figure 3 gives a modeling scatter plot example, with regression, for the large download measurements.

		

		Correlation

		key performance indicators



		Browse Small

		0,90

		PT, UB



		Browse Large

		0,93

		PT, UB



		Download Small

		0,91

		PT, relative delay packet 69



		Download Large

		0,93

		PT, relative delay packet 127





Tabel 1. Results of the data link characterization as obtained from the packet pair chirp. 
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Figure 3. Example of the results using the large download session. The best 2-dimensional predictor is a weighted linear regression over ping time and D127. The exact weighting of the KPI’s and the mapping towards session time will be provided during the upcoming standardization process. 

5
Conclusions


A new data chirp concept is given that uses the idea of packet pair smearing in combination with the idea of self induced congestion by sending pairs of data packets with ever increasing speed over a data link.


The most important conclusion is that the proposed new data chirp provides a fingerprint of the data link under test from which the file download and browse session times can be predicted when combined with an independently measured ping time. 


The method needs validation in order to be able to come to an ITU-T standard for assessing the quality of data links from the perspective of the perceived quality. This document can serve as the basis for a draft recommendation.
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