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1 Introduction

In order to accurately capture dual mobility in D2D propagation environment, it was pointed out previously [1] [2] during RAN1#73 that the classical Jakes Doppler spectrum is not sufficient and therefore a new Doppler spectrum design is needed.  A new Doppler spectrum for D2D channel was provided in [1] [5] as
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Equation 1                                                                               

where 
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 is the complete elliptic integral of the first kind; 
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are the maximum Doppler frequencies due to the motion of the transmitter and the receiver, respectively;  
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 is the ratio of the two maximum Doppler frequencies with 
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. The Doppler spectrum corresponding to Equation 1 is shown below. Note that the Doppler spectrum is symmetric about f=0.
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Figure 1 Doppler spectrum for mobile to mobile channel

In this contribution, we discuss and share efficient realization of such a Doppler spectrum for link level simulations considering the requirements derived based on the agreements in RAN1#73 [3] and RAN1#72b [4].
2 Discussion
When both the transmitter and receiver are in motion with no line-of-sight path between their antennas, the channel is said to be undergoing Rayleigh fading. In this case, the received signal assuming frequency flat fading is given by
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Equation 2                                                                               

where 
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is the multiplicative distortion introduce by the channel; 
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 is the transmitted signal; 
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is the AWGN. Note that it is assumed that the channel 
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 is modeled as a wide-sense
 stationary complex Gaussian process with zero mean. 

There have been two major approaches for generating the channel 
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for simulation purposes. One approach is to use a sum-of-sinusoids (SOS) based statistical or deterministic models such as those in [6] to generate 
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. This approach requires potentially large number of 
[image: image16.wmf]sin(.)

functions which are expensive to implement. In another approach, complex zero mean Gaussian variates are passed through a spectrum shaping filter which in general has a frequency mask equal to the square root of the Doppler spectrum in Equation 1. The filtering can be done in two ways. One way is to multiply the Gaussian samples by a frequency mask equal to the square root of the Doppler spectrum in Equation 1 and then take the IFFT to generate 
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[7]. In this case, all channel coefficients need to be generated and stored before the data is sent through the channel which amounts to potentially large memory requirement. Alternatively, one could filter complex Gaussian variates using a filter whose magnitude square response is equal to the Doppler spectrum in Equation 1. Fortunately, it is possible to design a reasonable order IIR filter with the magnitude response that closely resembles the square root of the Doppler spectrum in Equation 1. In this contribution, the design of such an IIR filter for D2D link level simulator is discussed.
Observation 1: It is possible to design a reasonable order IIR filter with the magnitude response that closely resembles the square root of the Doppler spectrum in Equation 1.

3 The requirements and Design
In this section we discuss the requirements and design guidelines of a Doppler filter for D2D link level simulator.
3.1 Requirements
3.1.1 Doppler filter shapes

According to [3] nominated UE mobility for evaluation shall be either 3km/h OR 60km/h. Therefore possible UE speed combinations are 

I. (3km/h, 3km/h)

II. (3km/h, 60km/h)

III. (60km/h, 60km/h)

IV. (60km/h, 3km/h)

· For the cases I) and III), a in Equation 1 shall be 1.
· For the cases II) and IV), a  in Equation 1 shall be 0.05.
Therefore, we need two Doppler filters: one, called Type 0, with the spectrum peaking at f=0 (i.e. for the case of a=1) and another, called Type 1, with the spectrum peaking near the band edge at f=(1+a)f1(i.e. for the case of a=0.05).
Observation 2: We need two Doppler filters: one with the spectrum peaking at f=0 and another with the spectrum peaking near the band edge at f=(1+a)f1.
3.1.2 Ratio between the Doppler filer cut-off frequency and sampling rate

Define the ratio between the Doppler filter cut-off frequency (
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Equation 3
This ratio is important as it determines the feasibility of practical digital filter realization. The objective of this section is to find out the nature of values of 
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based on the current agreements in [3] [4].

As can be observed from Figure 1, Doppler filter cut-off frequency is given by 
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. The maximum Doppler filter cut-off frequency is 
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Equation 4
· Based on  section 3.1.2  →  
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· Based on [3] maximum mobile speed →  
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· Based on [4], minimum wavelength(
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) corresponding to maximum carrier frequency → 
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Therefore,
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According to [4], there are two nominated systems bandwidths for evaluation, namely 10MHz and 20MHz, with   sampling rates of 15.36MHz and 30.72MHz, respectively.
Considering the maximum Doppler cut-off frequency of 222.22Hz and minimum required sampling rate of 15.36MHz, the maximum value of
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  is 0.00001447.  This means that the filter used for spectral shaping is extremely narrowband even for the best case of
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. 
Observation 3: The filter used for spectral shaping is extremely narrowband even for the best case of 
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.
3.2 Design
For efficient implementation (i.e. relatively low order) of IIR filter, 
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needs to be around 0.2 [8]. Therefore we propose to first design a normalized filter where 
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is 0.2 and then use an interpolation filter to realize any value of  
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 depending on the actual sampling rates and Doppler cut-off frequencies.  Specifically, generation of discrete Rayleigh fading process can be outlined as below
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Figure 2: General structure of Rayleigh fading generator

where

· 
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 is complex AWGN samples

· Digital Filter F with frequency response designed to closely match the power spectrum density of the Reference desired Doppler spectrum with a reference 
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 and a reference sampling frequency 
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· Amplifier A is used to ensure that average power of output 
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 is properly normalized to have average power output same as average power output of the AWGN generator. 

· Interpolator interpolates to get output 
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 that correspond to different 
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 (i.e. actual cut-off frequency of the Doppler filter) and sampling rate 
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 has much higher sampling rate than 
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Observation 4: In order to avoid extremely narrowband filter design, it is possible to first design a normalized filter where 
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is 0.2 and then use an interpolation filter to realize any value of  
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 depending on the actual sampling rates and Doppler cut-off frequencies.

3.2.1 Design Steps of Fixed Doppler filter F
 This section provides the design steps for normalized Doppler filter with frequency response designed to closely match the power spectrum density of desired Doppler spectrum with a normalized cut-off frequency of 
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 and a reference sampling frequency
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.  For the sake of filter design, assume all the frequencies have been normalized with respect to the digital filter’s sampling frequency
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Consider the Doppler PSD for the D2D channel given by
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Equation 5
where 
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 denotes the real part of x. Note that we assume Doppler PSD is symmetric about 
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and the digital filter we are designing has real valued coefficients. 

Step1: Generate the normalized Doppler spectrum by setting 
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Equation 6
Step2: Sample 
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to get the frequency response points 
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 needed for the digital filter design. 

Divide the Nyquist interval [0, 1] into M frequency bins. Then the frequency response points 
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 are given by the following equation
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Equation 7
where

· 
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Equation 7 can be simplified as
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Equation 8
Step3: Limit the maximum value of 
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Equation 9
Then clip 
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 according to the following pseudo code

FOR 
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    END

END

Note that in general 
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 could be selected such that it limits 
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Step4 : Generate the amplitude response of the filter as 
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Equation 10
where, 
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  is a scaling factor to normalizes the filter gain.

Step5: Design an IIR filter to match the amplitude response of the filter given by Equation 10.

Doppler spectrum is characterized by 

· sharp peaks at 
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 and
· infinite attenuation at the stopband 
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Impractically long filter lengths would be required if an FIR filter is used to meet the above requirements. Therefore IIR filter is the most appropriate choice. 

Step5a: Apply optimized IIR filter design method

The desired Doppler filter frequency response is not one of the standard lowpass, bandpass or highpass filter responses. Therefore it is difficult to write a close-form expression for the filter’s z-transform. Hence we design the IIR filter using an optimisation technique such as least-Pth norm optimal filter design method [9]. For example, MATLAB iirlpnormc routine allows calculation of IIR filter coefficients given the following inputs:

· Order of the numerator of the IIR filter

· Order of denominator of the IIR filter

· Frequency points 
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 in the Nyquist interval [0,1]  

· Band edges 
[image: image82.wmf]{

}

]

[

],

1

[

],

[

],

0

[

M

f

L

f

L

f

f

f

norm

norm

edges

+

=


· Desired filter amplitude response 
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Note that for the sake of efficient filter design, the numerator and denominator filter order of the designed filter should be 2K where K is a positive integer greater than zero (see below for details).

Step5b: Partition the higher order IIR filter designed in the Step5a into a cascade of second order filters.

A higher order IIR filter can be subdivided into multiple second-order IIR filters. The benefits of such partitioning include [10]:

· Require fewer multiplications for a given frequency response

· Less sensitive to quantisation and round off errors of filter coefficients

Given the transfer function of the higher order IIR filter designed in the Step5a as 
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Equation 11
[image: image86.emf]Z

-1

Z

-1

+

+

+

+

+

+

-

-

a1

a2 b2

b1

b0

NEXT 

STAGE

H

1

(z)

PREVIOUS 

STAGE


Figure 3 Second-order IIR filter

Observation 5: For efficient implementation and to guard against quantisation and round off errors, the Doppler filter can be realised as a cascade of second-order-section IIR filters.
3.2.2 Specific implementation of the fixed Doppler filter F
This section provides a specific example of IIR filter coefficients generated by following the steps outlined in previous section.

3.2.2.1 IIR filter Type 0
Implementation parameters
· 
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· 
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· Numerator order 2K where K=6 (i.e. 6 second-order-sections)

· Denominator order 2K where K=7 (i.e. 7 second-order-sections)

Results

Table 1 provides the second-order-section equivalent of the cascaded IIR filters that can be used to realize a normalized Type 0 Doppler filter.

Table 1 Second-order-section (SOS) equivalent of H (Note1)
[image: image90.emf]Section b0 b1 b2 a1 a2

H1(z) 1.000000000000000-0.6108736002604500.999999800000010-1.9592881132778500.959704397115802

H2(z) 1.000000000000000-0.5943104489489340.999999800000010-1.2310368856247800.378863711169235

H3(z) 1.000000000000000-0.5031245773842240.999999800000010-1.0731356780796200.558437537384129

H4(z) 1.000000000000000 1.9999950470776300.999999800000010-0.7758093554948750.764768236469536

H5(z) 1.000000000000000 1.9999950470776300.999999800000010-0.6485711368662630.926489057867860

H6(z) 1.000000000000000-1.9537285469187000.954268324632732-0.6214381992809110.984122306271311

H7(z) 1.000000000000000 0.0000000000000000.000000000000000-0.6167313061587500.997552758340420


Note1: Filter gain that should be used to multiply b0, b1, b2 of only the first section is 0.007361924901313.
Filter analysis and observations
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(a)Over the complete Nyquist interval
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(b) Close up in the range f=[0,fnorm]

Figure 4 Amplitude response of the designed Doppler filter, H, compared to the desired amplitude response, A.
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Figure 5 Error between the desired (A) and designed (H) in dB over the Nyquist interval
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Figure 6 pole (‘x’) and zero (‘o’) plot for the designed filter H
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Figure 7 impulse response of for the designed IIR filter H

· Based on Figure 4 and Figure 5:

· There is a close match between the designed (H) and desired (A) amplitude responses

· Maximum error between the desired(A) and designed(H) amplitude responses in the pass-band is less than ±0.25dB(maximum error at band edges)

· Stop-band attenuation is more than 30dB

· Based on Figure 6 and Figure 7:

· All poles of the designed filter H are inside the unit circle. Hence the filter is expected to be stable.

· The filter impulse response is approaching zero as t increases: Hence the filter is stable.

Observation 6: Filter coefficients provided in Table 1 can be used to realize normalized Type 0 Doppler filter using cascaded second order IIR filters.
3.2.2.2 IIR filter Type 1 

Implementation parameters

· 
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· Numerator order 2K where K=7 (i.e. 7 second-order-sections)

· Denominator order 2K where K=7 (i.e. 7 second-order-sections)

Results
Table 2 provides the second-order-section equivalent of the cascaded IIR filters that can be used to realize a normalized Type 1 Doppler filter.
Table 2 Second-order-section (SOS) equivalent of H (Note2)
[image: image99.emf]Section b0 b1 b2 a1 a2

H1(z) 1.000000000000000-0.8361324110448100.991432318853040-1.2105666083646900.442842897248056

H2(z) 1.000000000000000-0.6109162498827480.999999784386496-0.9219075906612990.668194301943123

H3(z) 1.000000000000000-0.5871541052230840.999999799907478-0.6454121981338830.956619303055597

H4(z) 1.000000000000000-0.5565877406892050.999999791933689-0.7527913196956980.886517068901039

H5(z) 1.000000000000000-0.2448979733397900.999999791828669-0.8371635342915040.993350062749703

H6(z) 1.000000000000000 1.3128161584654600.999999791709870-0.6219366536569030.988063033369093

H7(z) 1.000000000000000 1.9999995917072600.999999791707251-0.6169331385526560.997819116158371


Note2:  Filter gain that should be used to multiply b0, b1, b2 of only the first section is 0.010019843823202.
Filter analysis and observations
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(b) Close up in the range f=[0,fnorm]

Figure 8 Amplitude response of the designed Doppler filter, H, compared to the desired amplitude response, A.
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Figure 9 Error between the desired (A) and designed(H) in dB over the Nyquist interval
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Figure 10 pole (‘x’) and zero(‘o’) plot for the designed filter H
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Figure 11 impulse response of for the designed IIR filter H

· Based on Figure 8 and Figure 9:

· There is a close match between the designed (H) and desired (A) amplitude responses

· Maximum error between the desired (A) and designed (H) amplitude responses in the pass-band is less than ±0.6dB which occurs at the singularity at 
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· Stop-band attenuation is more than 30dB

· Based on Figure 10 and Figure 11:

· All poles of the designed filter H are inside the unit circle. Hence the filter is expected to be stable.

· The filter impulse response is approaching zero as t increases: Hence the filter is stable.

 Observation 7: Filter coefficients provided in Table 2 can be used to realize normalized Type 1 Doppler filter using cascaded second order IIR filters.
3.2.3 Verification of Rayleigh Fading Generator

In this section we verify the performance of the Rayleigh fading generator, shown in Figure 2, by comparing the simulated level crossing rates (LCR) against the theoretical values given by [11] 
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Equation 12
where 
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is the channel amplitude level and 
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is the root mean square value of the channel amplitude.
Simulation parameters:

· a=1

· 
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Figure 12 Normalized LCR
There is reasonable match between the theoretical and the simulated LCR results

 Observation 8: The setup shown in Figure 2 can be used to simulate fast fading process for a D2D link level simulator.
4 Conclusion

In this contribution, we discussed efficient realization Doppler filters for link level simulations considering the requirements derived based on the agreements in RAN1#73 [3] and RAN1#72b [4].

Accordingly, following observations were made.

Observation 1: It is possible to design a reasonable order IIR filter with the magnitude response that closely resembles the square root of the Doppler spectrum in Equation 1.

Observation 2: We need two Doppler filters: one with the spectrum peaking at f=0 and another with the spectrum peaking near the band edge at f=(1+a)f1.
Observation 3: The filter used for spectral shaping is extremely narrowband even for the best case of  
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.
Observation 4: In order to avoid extremely narrowband filter design, it is possible to first design a normalized filter where 
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is 0.2 and then use an interpolation filter to realize any value of  
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 depending on the actual sampling rates and Doppler cut-off frequencies.
Observation 5: For efficient implementation and to guard against quantisation and round off errors, the Doppler filter is realised as a cascade of second-order-section IIR filters.
Observation 6:  Table 1 can be used to realize normalized Type 0 Doppler filter using cascaded second order IIR filters.
Observation 7: Table 2 can be used to realize normalized Type 1 Doppler filter using cascaded second order IIR filters.
Observation 8: The setup shown in Figure 2 can be used to simulate fast fading process for a D2D link level simulator.
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� only 1st and 2nd moments do not vary with respect to time


� Maximum error occurs at the singularity at � EMBED Equation.3  ��� 
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