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ABSTRACT 
 

In many test ranges, it is often required to acquire a number of telemetry streams and to process the 
data simultaneously.  Frequently, the streams have different delay characteristics, requiring temporal 
alignment before the processing step.  It is desired to have the capability to align these streams so 
that the events in each stream are coincident in time.  Terawave Communications has developed 
technology to perform temporal alignment for a number of streams automatically.  Additionally, the 
algorithm performs the delay compensation independent of the source data rate of each stream.  
Terawave will present the algorithm and share the results of their testing in a test installation. 
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INTRODUCTION 
 
The staff at Terawave has been developing algorithms for transmission of telemetry streams over 
packet-based networks for a number of years.  As part of their development efforts, Terawave has 
been developing algorithms that allow the user to easily configure the characteristics of a telemetry 
transport system.  One particular characteristic is the ability to configure the delay characteristics of 
a telemetry transport system.  In packet-based networks it is highly desirable to have the ability to 
mitigate the effects of differential delay in the transport of packets across the network.  One method 
of accomplishing this is to provide a receive packet buffer of sufficient depth that short term 
variations in the packet arrival time can be accommodated without loss of data or perturbations to 
the recovered telemetry source clock. 
 
Providing a deep receive packet buffer has the desired effect of providing the ability to 
accommodate large packet arrival variations, but it also has negative effects, not the least of which is 
the large amount of delay introduced by large buffers.  Another negative effect is that with a given 
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buffer level, the delay of the recovered telemetry stream varies with the source telemetry stream rate.  
This requires the user to reconfigure the delay settings for telemetry streams with different bit rates. 
 
Terawave has developed an algorithm that provides a constant delay for a recovered telemetry 
stream, independent of the source telemetry stream rate.  This algorithm has applications in 
providing temporal alignment of telemetry streams with different delay characteristics, allowing 
events to be aligned in time. 
 
In this paper, Terawave will describe the algorithm in the application of temporal alignment of 
telemetry streams.  The results from a proof of concept installation will be provided.  Finally, areas 
of further development will be identified and discussed. 
 
 

PACKET-BASED TELEMETRY TRANSPORT 
 
Packet-based transport of telemetry streams is characterized by the basic operations of conversion of 
the telemetry stream to packets at the network ingress, the transport of the packets through the 
network, and the regeneration of the telemetry stream from the received packets at the network 
egress.   
 
At the network egress packets are stored in a buffer.  The serial telemetry stream is then regenerated 
by removing the packets from the buffer, re-serializing the data, and clocking it to the output 
interface at the regenerated telemetry stream rate.  In this paper, the regeneration of the source 
telemetry rate is accomplished using adaptive clock recovery techniques. 
 
One of the effects of packet-based telemetry transport is the delay introduced by the packetizing 
process.  The delay is the amount of time required to assemble a packet and is dependent upon the 
bit rate of the telemetry stream. At the network ingress, this delay can be limited to the time required 
to assemble one packet, if the packet is transmitted immediately upon assembly. 
 
At the network egress, an additional amount of delay is added, due to the adaptive clock recovery 
process.  This is mainly due to the delay introduced by the buffering of receive packets at the 
network egress, and is dependent upon the nominal level of the receive buffer, and the source 
telemetry stream rate.  This delay can be varied by changing the nominal level of the receive buffer, 
and is the basis for the delay equalization algorithm described in this paper. 
 
However, the packetizing process also adds an uncertainty to the output delay in addition to the 
inherent delay introduced by the receive buffer.  This uncertainty is introduced because the adaptive 
clock algorithm functions by sampling the buffer level, and adjusting the regenerated telemetry 
stream clock accordingly.  The sampling of the buffer level is independent of the cell arrival time, so 
at any sample time, the buffer level will be at some nominal level plus or minus a fraction of a cell 
depending upon the cell arrival time.  This delay adds uncertainty to the delay equalization process, 
and is dependent on the source telemetry rate. 
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Figure 1 shows the delay uncertainty for packet assembly/disassembly for telemetry source rates 
from 1 to 15 Mb/s.  The values range from 376 µsec for a source rate of 1 Mbit/s to 37.6 µsec for a 
source telemetry rate of 10 Mbit/s. 
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Figure 1--Packet Delay Characteristics 

 
 
 
The effects of packetizing uncertainty will be evaluated as part of the study of the delay 
compensation method. 
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DELAY EQUALIZATION ALGORITHM 

 
The Delay Equalization Algorithm provides the user the ability to configure the delay contributed at 
the network egress point for a telemetry stream, and will maintain this delay independent of the 
source telemetry stream rate.   
 
A simple block diagram of the algorithm is shown in Figure 2.  The delay equalization function is 
implemented at the network egress point, and the inputs to the algorithm are the telemetry packets 
that are received from the network uplink, and the required nominal delay setting, δ0, which is a 
value programmed by the user.  The outputs from the algorithm are the regenerated serial telemetry 
stream with the bit rate of the source stream, and with the delay as set by  δ0. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
   
 
 

Figure 2--Delay Equalization Algorithm 
 
 
The Network Egress is the point at which the telemetry packets are removed from the network and 
fed to the Delay Equalization Algorithm.  Examples of the Network Egress are DS3 or OC3 uplinks 
if connected to a WAN, or an Ethernet interface in IP networks. 
 
The packets received from the Network Egress are stored in the Packet Buffer.  The Packet Buffer 
provides temporary storage for the telemetry packet prior to the serialization process.  Additionally, 
the Packet Buffer is used by the TM Clock Regeneration functional block in the adaptive clock 
recovery process. 
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The Rate Calculation block provides an estimate of the telemetry stream rate to the TM Clock 
Regeneration block.  The telemetry stream rate can be estimated from the incoming packet rate.  The 
packet rate is integrated to remove short-term variations due to delay variations in the transmit time 
of the individual telemetry packets. 
 
The TM Clock Regeneration uses the estimated telemetry stream rate from the Rate Calculation 
functional block, coupled with the nominal stream delay, δ0, to regenerate the source telemetry 
clock.  The source telemetry clock is regenerated using adaptive clock recovery techniques.  The 
adaptive clock recovery algorithm uses the fact that the source telemetry stream rate can be deduced 
from the rate of packets received at the Network Egress.  As packets are received, they are placed 
into the Packet Buffer at the Input Clock rate, which is equivalent to the packet rate.  The packets are 
removed from the Packet buffer at the Output Clock rate, which is controlled by the TM Clock 
Regeneration block.  By controlling the Output Clock rate such that a constant Packet Buffer level is 
maintained, the Input Clock and Output Clock rates will be equal, and the Output Clock rate will 
match the source telemetry clock. 
 
In typical adaptive clock recovery implementations, the nominal level of the Packet Buffer is 
normally set to a static value.  This level translates into a constant delay introduced by the adaptive 
clock regeneration algorithm, and is a function of the buffer level and the source telemetry stream 
rate.  The Delay Equalization algorithm manipulates the nominal level of the Packet Buffer to 
provide a variable amount of delay, which is automatically adjusted as the source telemetry stream 
rate changes. 
 
Using the nominal delay, δ0, and the estimated telemetry stream rate, the TM Clock Regeneration 
block calculates the required nominal Packet Buffer level to achieve the delay requirements for the 
recovered telemetry stream.  The adaptive clock algorithm described above is then used to 
regenerate the source telemetry clock, using the calculated value for the nominal Packet Buffer level. 
 
A number of design considerations were addressed in the implementation of the algorithm. 
 
Rate Estimation—The Delay Equalization Algorithm needs an indication of the rate of the source 
telemetry stream in order to adjust the delay at the network egress point.  The algorithm must be able 
to distinguish between short-term variations in the packet rate causes by network transmission 
delays, and actual changes in the packet rate.  The Rate Estimation function used in this algorithm 
implements a filter to reject short-term variations in the packet rate. 
 
Nominal Buffer Calculation—It is most important in this case to quickly and accurately determine 
when a rate change has occurred, and to reconfigure the nominal level of the Packet Buffer.  The 
Delay Equalization Algorithm implements an adaptive mechanism that optimizes the switchover 
time to a new buffer value, while maintaining resistance to short term packet rate changes. 
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RESULTS 
 
To test the algorithm, a network was assembled with three telemetry sources of different source rates 
connected to a WAN interface at the network ingress.  The sources were generated using standard 
BERT test equipment.  As the telemetry streams were regenerated at the network egress, the delay 
was measured using a software monitoring application.  A delay setting of 50 milliseconds was 
configured as the nominal delay for each stream.  The source telemetry streams had rates of 10 Mb/s, 
5 Mb/s and 1 Mb/s.  The delay data was then captured for each stream to measure the adaptation 
time, and the delay uncertainty.  The results are shown in Figure 3 (10 Mb/s), Figure 4 (5 Mb/s), and 
Figure 5 (1 Mb/s). 
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Figure 3--Delay characteristics for 10 Mbit TM stream 
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Figure 4--Delay characteristics for 5 Mbit TM stream 
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Delay, 1 Mb/s TM Stream
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Figure 5--Delay characteristics for 1Mb/s TM stream 

 
 
As can be seen from the figures, the Delay Equalization Algorithm was able to maintain the delay of 
the regenerated streams to 50 milliseconds within an error band of + 100 µseconds.  The short-term 
uncertainty in the delay is attributed to the packetization uncertainty described earlier. 
 
From this data it can be concluded that the basic Delay Equalization Algorithm has the ability to 
maintain a constant delay for a number of telemetry streams with different source rates.   
 
 

CONCLUSION 
 
The Delay Equalization algorithm described in this document was developed to provide a means to 
configure the delay characteristics of a number of telemetry streams such that streams with different 
network transmission delays can be temporally aligned.  A basic algorithm was described to perform 
automatic delay compensation, and was verified in a test environment.  A number of additional 
developments can be pursued to add additional features to the Delay Compensation algorithm. 
 
The Delay Compensation algorithm described in this paper can be used to compensate for delays 
observable to the algorithm.  The user is required to have knowledge of the delay characteristics of 
the transport network and to configure the delay characteristics for each source telemetry stream.  In 
some cases the delay characteristics are not known, or are dynamic in nature.  One method to 
support “end-to-end” delay compensation is to time stamp each packet at the network ingress, and 
have all time stamps synchronized to a common clock, such as a GPS clock.  At the network egress 
point, the timestamps for each stream are examined to determine the worst-case differential delay 
between the telemetry stream with the lowest delay, and the telemetry stream with the greatest delay.  
The Delay Compensation algorithm can then be applied to provide the required temporal alignment 
of the streams. 
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It is believed that the Delay Compensation algorithm as described in this paper can be used in its 
current form, and in the future as the basis of further development to alleviate the effects of  
telemetry stream delay inequalities in the test range. 
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