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1. Introduction

In the last two meetings documents [1] through [9] have been presented in the area of refining the equalizer definition for base station EVM. This document attempts to summarize the different proposals and to present a way forwards towards a decision.
2. Agilent proposals [1], [2], [3], [4]
[3] and [4] are proposals in this meeting from Agilent Technologies which are very similar to what was presented at meeting #43 in [1] and [2].

The essence of the proposal is to limit the desired equalizer performance by using a simple moving average across the channel with the possibility of altering the degrees of freedom by using different window lengths. As with the W-CDMA EVM definition no assumption is made about the order of parameter estimation and iteration is not ruled out. The proposal in [3] is based on a window size of 5 which gives approximately 10 degrees of freedom in a 5 MHz channel. Use of data symbols to improve the estimates is precluded although subsequent minimization of the EVM would not rule out iteration of the RS EQ values. The window size is reduced as necessary towards the channel edge with the outermost points not being averaged at all. Linear extrapolation is used where the RS is not at the channel edge and linear interpolation is used to determine the independent EQ values for all the subcarriers.
Advantages of the proposal are:

· The definition is computationally simple and the same method can be used for all channel bandwidths.
· The use of a moving average targets the edge of the channel where most of the phase and amplitude variation is expected to be. The centre of the channel receives less equalization and hence penalizes excessive amplitude or group delay distortions where the signal is expected to be flat.

Further refinement of the proposal could be:
· Use of averaging periods beyond one subframe to calculate the EQ values may have some benefit given that the working assumption is that the result will be calculated over 10 subframes.
· Removal of RS amplitude, phase and timing distortions common across the channel is possible within the subframe as per 802.16e.

3. Ericsson proposal [5]

[5] compares the performance of linear interpolation as per [2] vs. the current working assumption of 5th order polynomial in 36.804. The transmit filter is based on a real implementation aimed at meeting the FDD/TDD co-location requirements in the 2.6 GHz band. The signal has AWGN added (simulating clipping noise) and the EQ is calculated independently for each slot then the results averaged over 10ms.

Not surprisingly, the linear interpolation provides slightly better results, presumably mainly due to the higher degrees of freedom (10 = 300/6/5) compared to 5 for the polynomial approach. The difference in performance for this filter is significant, suggesting that equalizer performance is important to define.

	
	Moving average
10 degrees of freedom
	Chebychev 5th order polynomial
5 degrees of freedom

	EQ Averaging
	Average 5 MHz EVM
	Average Edge RB EVM
	Average 5 MHz EVM
	Average Edge RB EVM

	One slot (1 RS)
	7.7%
	10.2%
	9.3%
	13%

	1ms (2 RS)
	7.4%
	8.7%
	8.1%
	10.7%

	10ms (20 RS)
	
	7.1%
	
	


Table 1 EVM averaged over 10ms for 5 MHz channel, real filter and 7% AWGN

What this analysis shows is that for a 7% AWGN signal, averaging the EQ over 10ms approaches the real signal quality. Comparison of moving average with a window of 9 (giving 5.5 degrees of freedom = 300/6/9) would have been interesting. However, it is also pointed out that averaging RS over 10ms is impractical in a real system, but it would be useful in a test environment where the channel is flat and the only source of frequency domain noise is mainly due to clipping.
4. Qualcomm proposals [6], [7]

The first proposal [6] addresses the issue of specifying time dispersion in the signal in order to limit the loss of useful CP length. The mathematical description suggests a computationally intensive minimization process which searches for the EVM minimum around the CP length. This is accepted as not being ideal and the more straightforward approach of simply specifying that EVM requirements be met at either end of a window is quite practical. Figures are proposed for the different window sizes for the various channel bandwidths.

The second proposal [7] analyzes the degrees of freedom in the moving average proposal in [2]. An example artificial “bad” filter with 3.7dB ripple is used to compare results against the 5th order polynomial approach. The conclusion is that the moving average with window size 5 has too many degrees of freedom. The assumption that the staggered RS are collapsed in the frequency domain to create an effective 45 kHz spacing was not the intention in [2]. Therefore the conclusion that the moving average represents 20 degrees of freedom should in fact be 10. The point however is valid that the moving average of window size 5 has more degrees of freedom than the 5thorder polynomial.
This however does not imply that the moving average method is not valid. There are still two variables that can be addressed. First, the moving average method can have arbitrary degrees of freedom by changing the window length. E.g. length 7 = 7 degrees of freedom and length 9 = 5.5 degrees of freedom in 5 MHz. Secondly, the choice of 5 degrees of freedom is still FFS.

5. R&S proposal [8]

[8] proposes a stepwise process to first evaluate the time offset then the frequency and sample rate timing prior to estimating the equalization coefficients.
Linear interpolation (with appropriate time-frequency averaging) rather than polynomial curve fitting due to computational simplicity is proposed to derive the channel frequency response. The EVM is directly calculated after equalizing the received signal without further optimizing the equalizer coefficients by means of a minimization process.

As well as the textual description suitable perhaps for 36.804 a formal mathematical description using RAN WG1 terminology is also provided which could form the basis of an Annex to the Node B and UE test specifications in the same way as currently done for W-CDMA in 25.141 Annex E and 34.121 Annex B.

The stepwise approach is intended to rule out any assumption that forces joint parameter estimation.
Open issues in [8] include:

· Possibility to further optimize by removing common pilot phase error
· Details of how to average the equalizer over the time/frequency grid to obtain the required degrees of freedom

· Details of how to equalize at the channel edges

6. NSN proposal [9]

Document [9] provides further details for the application of the current working assumption in 36.804 regarding 5th order polynomial for the 5 MHz bandwidth. The possibility of using information form data symbols to further optimize the equalizer performance 
In the interests of concluding the definition and avoiding defining an entire UE channel estimator several areas are left open to the test equipment implementation including:

· Details of how to minimize the equalizer polynomial expansion coefficients 
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· How to handle extension of time averaging to combat noise

7. Equalizer options
The most significant open item is the choice of equalization method. The two proposals being studied are the current working assumption of polynomial curve fitting or the moving average method – both of which are intended to limit the performance of the equalizer.

There is however a third option based on what has been developed for 802.16-2004. This specification calls for EVM requirements with and without equalization. 

Table 172—EVM values vs. modulation scheme

	Modulation


	Tx

implementation

margin


	Rx-AWGN C/N

(dB)

BER = 10E-6

4 MAC-PDUs
	Peak-to average
	EVM (%)

Without

equalization


	EVM (%)

With

equalization



	4-QAM + RS
	0.5 dB
	10
	0 dB
	12
	10

	16-QAM + RS
	1.0 dB
	17
	2.55 dB
	6
	3

	64-QAM + RS
	1.5 dB
	23
	3.68 dB
	N/A
	1.5


Details of the equalizer are not specified, the intent being best possible performance, however, the signal quality is further constrained by the specification of flatness:
Table 263—OFDM Spectral flatness
	Spectral lines

	Spectral flatness

	Spectral lines from –50 to –1 and +1 to +50
	± 2 dB from the measured energy averaged

over all 200 active tones

	Spectral lines from –100 to –50 and

+50 to +100
	+2/– 4d B from the measured energy averaged

over all 200 active tones


In addition there is a requirement on subcarrier to subcarrier flatness of 0.1 dB (excluding boosting etc.)

This approach to specifying TX signal quality is much more transparent in that the equalizer is not restricted but the signal flatness is constrained. It is interesting to note that there are no requirements on phase flatness (group delay). 

In choosing the way forwards for the equalizer the first step is to decide between a constrained equalizer or the 802.16-2004 approach of unconstrained equalizer coupled to a flatness (and phase) requirement. The 802.16-2004 approach has merit and is worthy of further study. It is completely transparent and avoids the possibility of difficult signals being masked by particular equalization methods that may not be fully specified.
Leaving the 802.16-2004 approach aside we have left two alternatives which will now be contrasted.

The current working assumption of polynomial curve fitting is relatively straightforward to describe in its current from although the exact method is not specified which will lead to some, as yet undefined, difference in performance between test equipment implementations. For the 5 MHz bandwidth 5th order is assumed, but for the wider bandwidths, [7] proposes extending this to 24th order for the highest system bandwidth of 20 MHz. The computational complexity of such curve fitting is significant. Also, without further constraint on the definition, a 24th order equation would probably mask some potentially very strange signals which for example could exhibit high levels of group delay. If this approach is to be pursued then further study in this area should be conducted.
The alternative proposal for a limited equalizer definition is given in [4]. This method is computationally simple and can be used without change for all system bandwidths. It by nature targets the edge of the signal and due to the moving average, the equalizer coefficients are spaced in frequency thus preventing undesirable signals from being corrected mid band.
8. Other open issues

· Possible removal of common pilot error (phase, amplitude, timing)

· Averaging period for EQ generation

Regarding the second point, Agilent has performed measurements on a signal with added AWGN to simulate clipping noise. It was shown that averaging the RS over 11 slots provided a result of 6.75% and reducing the averaging length to 2 slots resulted in an increase but only to 7%. As such, This result shows a less dramatic sensitivity than shown in [5] but this may be due to the Agilent signal having a less problematic TX filter (19 tap RRC) and EQ based on window size of 1. Given the closeness of the signal used in [5] to real life it is suggested further work is done in this area to define an appropriate averaging period. In any case, all practical measurements will have to capture at least 5 subframes in order to decode the P-SCH and it could be this would make a good compromise to use 5 subframes for EQ generation.
9. Proposed way forwards

1. Decide on 802.16-2004 method vs. constrained equalizer
2. If answer to #1 is a constrained equalizer then choose between polynomial vs. linear interpolation. Preference from Agilent Technologies and Rohde & Schwarz is for linear interpolation due to its computational simplicity and bounded performance in the frequency domain. Agilent further proposes moving average, R&S leaves this detail FFS.

3. Agree on EQ time averaging. Working proposal is to leave this at one sub-frame and average EVM results across 10 subframes. Alternatively use a higher value e.g. the P-SCH period of 5 subframes as an upper bound.
4. Investigate whether it is useful to allow the EVM minimization process to iterate the applied equalizer coefficients or whether a single pass approach to generating the equalization coefficients is sufficient.
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