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A PTT wishes to extend their Ethernet Services with greater capacity and reachability to 
their corporate customer base. Currently, the service is carried over a packet network but 
the intention is to extend and develop carrier-grade Ethernet services over SDH for 
increased scalability, reachability and security. To this end, a number of networks and 
technologies are under evaluation. 
 
This document highlights the need to test network performance with real world traffic to 
measure the typical consumer's Quality-of-Experience with such Ethernet services. The 
network test labs performed a set of performance tests for existing Ethernet over SDH 
services using a number of network topologies. Unlike traditional Layer 2 packet blasting, 
the Ethernet Service tests emulated real world traffic and measured application response 
times. In all tests cases, the tested were designed to measure 
 

·  Application goodput vs. network throughput 
·  Application response times (QoE per emulated client) 
·  TCP Performance 
·  Overall Service Performance 
·  L2 Packet and bit rates 

 
 
Two networks (Networks Under Tests - NUT) were tested. 
 
The first consisted of two point-to-point Ethernet over SDH circuits, connected together 
over an SDH ring with a simple cross-over cable. The capacity of both circuits was 
100Mbps. GFP framing technology was employed to encapsulate Ethernet frames over 
SDH. 
 
The second NUT also comprised of two CPE devices. 
 
Note: The results indicated here are not conclusive or indicative for these type of network 
and are merely a snapshot of network performance as the network circuits and services 
were not necessarily configured for optimal performance. 
 
All tests were performed by Shenick's diversifEye by emulating real TCP and UDP 
applications and measuring the application, service and network performance.
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Both network ports were connected to two 10/100/1000 Copper test ports. One hundred 
HTTP clients communicated with a diversifEye Web Server, over the test network. The 
behaviour of each client was to download one of several Web pages, whose size ranged 
between 1000 bytes and 3000 bytes and then wait for 10ms. This sequence was repeated 
by each client for the duration of the test. 
 
The initial results showed an average application throughput at just over 4Mbps. 
 
 

 
 

Figure 1: TCP Throughput for a 100MBps circuit with GFP. 
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1. A Delay Sensitive test type (typically used for real-time applications such as VoIP was 
enabled to measure network delay and jitter. Tests were run over both UDP and TCP. In 
both cases, the results showed a 1ms network delay, which indicated that excessive 
network delay was unlikely to cause TCP retransmissions. TCP retransmissions can close 
a TCP stack's sliding window, which effectively reduces TCP throughput and application 
goodput, the volume of application data received. 
 
2. Both HTTP and VoIP test types were disabled. A streaming client and server were 
emulated such that the server streamed 1400 byte UDP packets, from server to client, at a 
rate of 50 Mbps. The results indicated that no packets were dropped and the client 
received 50Mbps of UDP streaming server data. 
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UDP throughput was observed at 100% at 50Mbps. Application throughput was only 
observed at 4 Mbps. While network delay was consistently measured at 1ms, latency was 
not root cause of the seemingly poor performance of TCP applications. Therefore, more 
tests were required to investigate the throughput of user applications. 
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TCP applications are regarded as greedy with an elastic behavior that consumes as much 
bandwidth as is available. A new set of tests were devised to understand the optimal 
behavior of the HTTP Server such that it could be compared with actual behaviour 
observed across the NUT. This was achieved by running emulated HTTP clients across 
the NUT, observing the results and replacing the NUT with a loop back cross-over 
Ethernet cable. The final step removes impedance induced by the NUT and show the 
optimal sustained bit rate of the TCP clients and servers. 
 
The test was carried out in three stages. The first stage employed clients reading large 
web pages across the NUT from 12:09 to 12:13, the second stage used clients reading 
small web pages across the NUT from 12:18 to 12:19 and finally from 12:19 onwards the 
clients remained unchanged but the NUT was replaced with a cross-over Ethernet cable.  
 
Figure 2 below shows three views, starting top left and moving clockwise, HTTP Client 
and Server throughput, Number of Server Retransmitted packets and client packets 
received out-of-sequence and a graph totaling the number of packets a) sent by the server,  
b) Number of duplication Acknowledgements sent by the client and c) the Number of 
Duplicate Data Segments sent by the server. The fourth window is ignored.  
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Figure 2: Various HTTP Performance metrics with the NUT 
 
The throughput window verifies the previous results with an average application 
throughput of over 3 Mbps (between 12:09 and 12:17). At 12:18 client behavior was 
modified to download smaller web pages, which resulted in a slightly increased 
throughput. These results were unexpected, as generally larger web pages result in higher 
bit rates, as more large packets (1500 bytes) are transmitted. 
 
The second result window shows the number of packets retransmitted and received out of 
sequence from server and client respectively. The results are updated each second with 
new observations and hence the window shows results for about 16 seconds. As is clearly 
visible, the table indicates the server is retransmitting a large number of packets.  
 
This reduces application goodput as a percentage of packets are duplicates and typical 
TCP behavior of retransmissions is to 'back-off' and reduce the rate of transmitted packets. 
TCP retransmissions are generally bad for subscriber Quality of Experience as the web 
pages are slow to download. 
 
Finally, the third window shows that out of 30,000 packets transmitted by the server, 
almost 5,000 of these were duplicates, over a 60 second period (12:17:50 to 12:18:50) 
and that the clients re-issued over 6,000 unnecessary acknowledgements. 
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Next, at 12:19 the NUT was replaced by the a cross-over cable. The increased throughput 
was immediately observe red. Figure 3 below indicates the HTTP server was capable of 
processing over 350 Mbps of traffic, where no Server packets were retransmitted and all 
packets arrived at the client in sequence. Note, that the total packets generated shot up to 
750,000, even thought the results are displayed only 20 seconds after the test ran. 
 
 
 

 
 
 
 
 

Figure 3: Various HTTP Performance metrics without the NUT 
 
 

����	
����
�	
 
Once again, TCP throughput remained low. The application server was forced to 
retransmit several datagrams. Again, this is typically due to packet loss or high network 
latency. However, VoIP packets measured network latency at under 1ms  and there were 
no indications of excessive packet loss. 
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Next a video streaming client/server pair was added to the test group. The existing 
application clients remained unchanged, with the exception that the web clients were 
inactive for the first 120 seconds of the test. Hence, the performance of the streaming 
server was observed before and after the TCP traffic was transmitted across the NUT. 
 
The streaming client requested ~3,200 packets per second from the server for a 60 second 
period, stopped transmitting for 1 second and then repeated the sequence. The test was 
initiated just before 12:24.  
 
Figure 4 below shows that the UDP throughput for the Streaming server was 100% (~25 
Mbps). The client, viewing this video clip, did not experience any delays, flickers or 
screen freezes that typically occurs when the playout (jitter) buffer is empty and the 
application pauses while the network refills the buffer. 
 
 

 
 

Figure 4: UDP Performance Metrics 
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120 seconds into the test, the TCP clients were activated. Figure 5 below shows that Web 
application throughput is affected by unnecessary retransmissions. In addition, the UDP 
throughput is also affected, where some packets are dropped and more arrived out of 
sequence. 
 
 

 
 

Figure 5: Selected TCP and UDP Performance Metrics 
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1. A variation of this test was run where a streaming server generated a large variation of 
packet sizes (e.g. 10% 100 byte packets, 20% between 500 and 1000 bytes and the 
remainder 1000-1400 bytes) . All UDP only tests indicated good network performance 
for UDP applications such as VoIP, IP TV and video streaming. 
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With UDP only clients, the throughput was measured at 100%. With TCP applications 
participating in the test, both TCP and UDP packets arrive out of sequence. This has two 
major affects:  
 

1. A percentage of UDP packets also arrive Out of Sequence. 
2. The TCP ack’ing algorithm is impacted to the point that the goodput for TCP 

applications is severely affected. 
 
 
It is possible that poor TCP throughput is due to incoming Out of Sequence packets. A 
TCP packet that arrives out of sequence may not be acknowledged and therefore the 
server must retransmit unacknowledged packets. This observation is backed up by the 
fact that: 
 

1. Network Latency was measured at 1ms for the duration of the tests 
2. Sever retransmissions was observed 
3. The server recorded several duplicate datagrams 
4. Several TCP Acknowledgement algorithms were employed but did not improve 

performance. 
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The above tests were repeated with a second NUT for Ethernet Private Line services. 
This network comprised of two CPE devices, interconnected by 5xVC12 circuits to an 
SDH ports, connected by VC4 circuits across an SDH ring. As before, the test consisted 
of UDP video streaming and VoIP clients, in addition to a TCP web server and web 
browsing clients. Given the NUT pre-configured a 10 Mbps circuit with Random Early 
Discard (RED) and Pause packet based congestion avoidance schemes, the applications 
were configured with different behavior.  
 
 
Five test stages were identified with a different mixture of clients. 
 

1. 10 Mbps streaming UDP with 1400 byte packets (with no TCP clients) 
2. 10 Mbps streaming UDP with 100 byte packets (with no TCP clients) 
3. 10 Mbps streaming UDP with 100 byte packets with TCP clients activated 
4. 8 Mbps streaming UDP with 1000 byte packets with TCP clients 
5. 8 Mbps streaming UDP with 1000 byte packets without TCP clients 

 
 
The results of the first three stages were viewed in real-time over a ten minute period, 
from 12:46 to 12:56. The bottom right-hand window view of figure 6 below shows the 
UDP throughput for stages 1-3.  
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Figure 6: UDP Performance Metrics 
 
From 12:46 to 12:47, 97% of the server traffic is received by the client. This indicates 
high levels of throughput for UDP data with large packet sizes.  
 
Then, between 12:48 and 12:49 the packet size is decreased to 100 bytes and the 
throughput falls to 60%.  
 
At 12:50, the TCP traffic is invoked and UDP throughput falls to 50%. During this period, 
the number of UDP Out of Sequence packets increases from zero to over 2000 packets 
out of sequence per second. This was observed from results in the top-left hand table in 
Figure 6. 
 
The next stage of the test reduced the offered UDP load to 8 Mbps without TCP traffic. 
Results from 12:56 and 12:58 show 75% throughput with 100 byte packets and 100% 
throughput with 1000 byte packets (at 12:58 onwards). The interesting fact is during this 
final test, no TCP traffic was present and no out-of-sequence packets are viewed. (Top-
left had window of Figure 7 below) 
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Figure 7: Selected TCP and UDP Performance Metrics 
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UDP throughput degraded as the packet size decreased from 1000 bytes to 100 bytes. 
Also, the inclusion of TCP traffic reduced the performance of UDP traffic and introduced 
errors in packet sequencing. This behavior is consistent with the previous tests, even 
thought different network elements were used. 
 
Also, The UDP clients stream for 60 seconds and then pause transmission for 10 seconds 
and repeat the process. During these inactive periods (At 12:50, 12:51, and 12:52) the 
TCP clients achieve throughput of 6 Mbps, 5 Mbps and 4 Mbps respectively. These 
results led to the final test, documented below. 
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The purpose of this test is to compare HTTP throughput across the NUT with the 
maximum possible throughput, if the traffic was not constrained by bandwidth limitations. 
This was achieved by running a mixture to HTTP and messaging clients across the NUT 
and after a period of time, in back to back mode. 
 
Figure 8 below shows the offered load by the server with HTTP across the 10Mbps 
circuit. The average client bit rate received is under 5 Mbps while the Server is 
constrained, by TCP dynamics, to 6 Mbps. 
 
 

 
 
 

Figure 8: HTTP Throughput across the NUT 
 
 
At 13:09 the NUT ports were disconnected from the tester and a cross-over cable inserted 
into the test ports. The load offered by the servers rose dramatically to 425 Mbps. 
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Figure 9: HTTP Throughput without NUT 
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The 10 Mbps circuit impeded TCP application performance to 5 Mbps application 
goodput. The same set of clients and servers, as emulated by the tester, are capable of 
processing 425 Mbps. 
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Carrier Class Ethernet VPN services promise a secure, scalable and robust alternative to 
MPLS based VPN offerings that reuse existing network transmission deployments. These 
services are targeted at enterprise customers who rely on good application performance to 
run their businesses. 
 
The NUTs were tested with traditional L2 packet blasting and results indicated solid 
network designs. However, the performance of applications that are  common place in 
corporates was less than desirable. In summary, its throughput was very poor. This fact 
was surprising which indicates the best was to measure subscriber experience for a 
particular service is to test the network and service with real subscriber traffic.
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