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ABSTRACT 

This paper studies the application and design of variable digital 
filters (VDF) to realize the sample rate converter (SRC) in a new 
architecture of software radio receivers. The VDF-based SRC 
provides variable fractional delay in the passband and additional 
attenuation in the stopband. The design of the VDF using 
weighted least squares (WLS) and semidefinite programming 
(SDP) approaches are described and compared. Design results 
show that both approaches give similar performances but the 
computational time is significantly lower for the WLS approach. 
In addition, the digital all-pass filters are proposed to realize the 
multistage decimators and half-band filter so that the system delay 
of the digital IF is reduced. Design results show that the 
complexity of the digital IF using digital all-pass filters is much 
lower than that using low-delay FIR filters with the same design 
specifications. 

1. INTRODUCTION 
Software radio is a general hardwareisohare platform for 

supporting inter-communication between different wireless 
communication systems [I]. Fig. I shows a commonly used digital 
IF for software radio receiver. The analog IF signal is digitized at a 
bandwidth of 20 to 40 MHz. A programmable digital decimator 
and a sample rate converter (SRC) are employed to isolate the 
desired user's channel fmm the signal spectrum and convert it to an 
appropriate sampling rate for further processing. A conventional 
receiver normally consists of multiple stages of decimators, a 
programmable FIR filter (PFIR) and a SRC. The PFIR is used to 
remove the residual interference from adjacent channels. It is 
because the sampling rate is usually not an integer multiples of the 
charnel spacing. Hence, the multistage decimators, which 
implement an integer decimation factor, are unable to remove this 
residual interference. Together with the SRC, which provides the 
necessary arbitrary rate-change factor, it is now possible to 
accommodate signals with a wide variety of bandwidths, required 
by different communication standards. One drawback of this 
conventional structure is that the output of the multistage 
decimators, which is obtained by downsampling the high-rate IF 
signal from the ADC, has to be upsampled again (say by an L-band 
interpolated filter) in order to carry out the arbitrary sample rate 
wnversion. Another important problem is that the complexity of 
the PFIR is usually very high. A considerably number of high- 
speed general-purpose multipliers is usually required for its 
implementation especially for wideband signals. Recently, we 
have proposed a new digital IF architecture shown in Fig. 2 [7,10]. 
The SRC. which is realized using a Farrow-based variable digital 
filter (VDF) [4,12], is performed immediately after the multistage 
decimators. This allows us to replace the PFIR by a half-band 
filter, if the arbitrary downsampling ratio is properly chosen. This 
new architecture eliminates the need for the PFIR, which is usually 
a bottleneck of software radio application for wideband signals. 
The implementation complexity is then significantly reduced 
because the coefficients of the multistage decimators, the subfilters 
in the Farmw structure, and the half-band filter are fixed. 
Therefore, they can be efficiently implemented without 
multiplications using sum-of-power-of-two (SOPOT) wefficients 
or Canonical Signed Digit (CSD) (7,101. As a result, apart from 

the limited number of multipliers required in the Farrow structure, 
the entire digital IF can be implemented without any 
multiplications. 

In this paper, the principle and design of the VDF-based SRC 
are further studied. This SRC is also suitable for the software radio 
transmitters and base stations [5], as they also require arbitrary 
sampling rate conversion. The basic idea of a VDF-based SRC is 
to provide variable fractional delay in the passband and additional 
attenuation in the stopband. In addition, the design of the VDF 
using weighted least squares (WLS) (4,121 and semidefinite 
programming (SDP) approaches are compared. Design results 
show that both approaches give similar performances but the 
computational time of the WLS approach is significantly lower. 
To reduce the system delay of the digital IF, the digital all-pass 
filters are proposed to realize the multistage decimators and half- 
band filter in the proposed digital IF architecture. Design results 
show that the complexity of the digital IF using the all-pass filters 
is much lower than that using the low-delay FIR filters with the 
same design specifications. In [7,10], the @et stopband 
attenuation of the digital IF is 80 dB. In this work, a tighter 
attenuation specification of 100 dB is targeted in order to improve 
the performance of the digital IF. 

The rest of this paper is organized as follows: Section II 
reviews the new digital IF architecture proposed in [7,10]. Section 
Ill is devoted to the principle and design of the SRC. In particular, 
the design of the VDF-based SRC using the WLS and SDP 
approaches are compared. Section IV pre~en!s the realization of 
the multistage decimators and half-band filter using the digital all- 
pass filters. Finally, conclusions are drawn in Section V. 

11. REVIEW OFTHE DIGITAL I F  ARCHITECTURE 
As mentioned earlier, Fig. 2 shows the new digital IF 

architecture for software radio receivers proposed in [7,10]. From 
Figure 2(a), the digitized IF-signal fiom the high-speed ADC is 
first passed through the compensated cascaded integrator-comb 
(CIC) kilter and is decimated by a factor of MCE . Its output is 
then fed to the multistage decimators, which are realized using 
general low-pass anti-aliasing filters denoted by LPFs: LPF#1, 
LPF#2, and LPF#3 in Figure 2(b). The output of the multistage 
decimators is fed to the SRC, which is realized using a Farrow- 
based VDF. Finally, the output of the SRC is fed to a half-band 
filter (HBF) to reduce the residual interference. This eliminates the 
need for a PFIR in the conventional receiver. The overall 
downsampling ratio M' of the digital IF is given by 

M'=M,.M,m,-2*, (1) 

where M, , which is a positive power-of-two integer, is the 
downsampling ratio of the compensated CIC filter; M, is the 
arbitrary downsampling ratio of the SRC; and k is the number of 
the remaining 2-to-I decimators to be selected. In general, the 
SRC is more wmplicated to design and realize than the other 
digital filters in the digital IF architecture Therefore, it is 
preferable to perform the arbitrary sample rate conversion by the 
SRC after the compensated CIC filter and multistage decimators so 
that the sampling rate and hence the power consumption can be 
lowered. The design and implementation of the compensated CIC 
filter is not considered in this work. Interest readers are refemd to 
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[ I O ]  for more details. The principle and design of the SRC and the 
all-pass based LPFs and HBF will be described in the following 
sections. 

111. PRINCIPLE AND DESIGN OF THE SRC 
In this section, the principle and design of the SRC is 

described. Both the WLS [4,12] and SDP design approaches will 
be studied and compared. First of all, the design of programmable 
SRCs with arbitrary conversion factors was studied in detail by 
Ramstad [6]. In general, there are two approaches to implement a 
SRC with different tradeoff between the sampling rate and the 
hardware complexity. One is to employ the structure in Fig. 3(c) 
where the input signal is first up-sampled by a factor of L by 
insetting L - 1 zeros between successive time samples. This creates 
L - I  images in the frequency domain, which are then removed by 
an L-band interpolated filter with spectral supporl from --n i L  to 
n i ~  , If L is sufficiently large, further interpolation with an 
irrational downsampling ratio can be achieved simply by a low- 
order interpolator, which is controlled by a parameter ; and is 
able to provide rather accurate fractional delays up to a certain 
kquency, say 0.1 n . Afler which, both the amplitude and phase 
responses deviate considerably from an ideal fractional-delay 
digital filter (FDDF) [2,3]. Therefore, the L-band filter should be 
used to upsample the input signal so that it can be fitted into the 
operating range of the low-order interpolator. One drawback of 
employing this s!Ncture in the digital IF is that the output of h e  
multistage decimators, which is obtained by downsampling the 
high-rate IF signal, hss to be upsampled again by the L-band filter. 
To overcome this problem, it is better to reduce the decimation 
factors in the multistage decimators so that its output can be fed 
directly to lhe low-order interpolator, eliminating the need for 
another L-band filter. Although the L-band filter can be embedded 
into the multistage decimators, its operating rate will be increased, 
which may increase the overall power consumption even though 
the hardware complexity is decreased. Alternatively, the functions 
ofthe L-band filter and the interpalator can be implemented using a 
VDF [4,12] with a control parameter 4 shown in Fig. 3(d). The 
VDF-based SRC has the following ideal frequency response 

where ~ ( 4 )  = f l+4  , o, and o. are the group delay, passband and 
stopband edges of the VDF, respectively. In the passband of the 
VDF, it behaves like a FDDF to provide the required variable 
fractional delays. In the stopband, it helps to attenuate the 
undesirable frequency components. For modest downsampling 
ratios, the VDF-based SRC is more efficient than the structure in 
Fig. 3(c) because its coefficients can be jointly optimized to fulfill 
the given spectral and fractional-delay specifications. In the digital 
IF, is chosen to lie between 1 and 2. This leads to a better 
performance without having to increase the sampling rate as in the 
L-band filter approach. As a result, the operating rate of the 
multistage decimators can be significantly lower to reduce the 
power consumption. 

The WLS approach that we employed is the method proposed 
in [4]. Interested readers are referred to it for more details. We 
now consider the SDP design approach. First of all, the impulse 
response of the VDF. h(n,4)  , is assumed to be a continuous 
function with a control parameter 4 .  To avoid the implementation 
of a large number of fillers with different characteristics, we follow 
Farrow's approach in [2] to approximate each impulse response 
with an LCh order polynomial in variable + as follows 

L ~ I  

M%4) = 2.s.A' . (3) 
I_" 

The z-transform of(3) is then given by 

where C,(z) = ~ ~ ~ : ~ , , ~ r - "  are called the subfilten. ( 4 4  suggests a 

very useful structure far implementing FDDF and VDF called the 
Fmow's structure, Fig. 4. It consists of a set of subfilters C,iz) 

followed by the multiplications with the appropriate powers of the 
parameter 4 =[-o.s,0.5] to compute the required samples at 
fmctional sampling intervals. To simplify notation, letting 
m = n + N/  and z = e'. in (4a), one gets 

LV-I 

H(e'",h)= Ca.+'e-p" =ar f l (o ,O) ,  (4b) 

where a=[a.  ,..., au,.,lr ; P(o,4)=IPo(o,4) ..... 13,A,-,(o,$)lT I 

r?",=c,,,; P.,(o,+)=+'e--; n = m o d ( m , N ) ;  I = ( m - n ) / N  
The approximation error is then given by 

E(o,4)=IH(eJ" ,+I -  H d i P  A i .  ( 5 )  

To minimize the maximum ripple of the approximation error in (5) 
is equivalent to the following 

min -"'a'" max w'(o,m)(~(.~.,m)-~,(e",4~, (6) 
To solve (6) using SDP, we densely discretire the frequency 
variable o and the control parameter @ over the spaces n,, and 

0,. into a set of points ob, , k ,  = 1 ,..., K ,  and $,, , k, = 1 ,..., K, . 
The optimization problem (6) is then approximated as: 

min 6 subject to 

6 -[a:(o,.$,~)+a:(o,,.(,,)I~o, (7a) 

where a.(o,O)=W(o,O)lRe{~(e'Y,O))-Re{H,(e",~)l, and 

a,(w,O)=W(o,O)llm{H(e'",O)}-Im{H,,(e'",O)l 
Using Schur complement [SI, it can be shown that (7a) is 
equivalent to 

min 6 subject to 
F , , , ,2 (a)>0 . fork ,=1  ,..., K, and k , = I  ,..., K ,  (76) 

6 a,(%.+.2) a,(0,,.4i2) 
where F h , k , i 4 =  a , (o , ,A2)  I 0 ] . Since 

FL3,,>(a) is affine in a , it is equivalent to a set of linear matrix 
inequalities (LMI) 191. Define the augmented variable 
X' = [S a']  . The optimization problem in (7b) can be cast into 
the following standard SDP problem 

[ a, (o,, A, I 0 l 

min crx subject to F(x)  Z 0 ,  (7C) 

where ci=[l O [ , , l r ;  F(n)=diag{g(F;,(n) ...., FX,<,(n)}; 0 ,  is a 

N x l  zero vector. Theoretically, it is possible to determine 
whether a fessible solution exists for the SDP problem such as 
(7c), and if so, it is possible to determine the global optimal 
solution, since the problem is convex. 
Design Example 1 

We now present a design example using the WLS and SDP 
approaches. The specifications, performances and complexities of 
the illustrated VDF are shown in the fiflh column of Table I .  The 
corresponding frequency responses and group delays with 
+={-O.S,~.4,-0.3,~.2,-0.I,0} are shown in Fig. 5 .  It can be seen 
that both approaches give similar performances. However, the 
computational time using the WLS approach with a personal 
computer of PIII-866 MHz is only 14 seconds. On the other hand, 
4759 seconds are required in the SDP approach. Therefore, the 
WLS approach is adopted in the rest of paper. Due to page 



limitation, the coeficients of the VDF using both approaches so 
obtained are omitted. It was found that the impulse responses of 
the subfilters are either symmetric or anti-symmetric. This will 
significantly decrease the hardware complexity. Furthermore, the 
Farrow-based VDF can be efficiently implemented using the 
method in [3]. Next, we shall consider the realization of the LPFs 
and HBF using digital all-pass filters. 

IV. THE MULTISTAGE DECIMATORS AND HBF 
In 17,101, the LPFs and HBF are realized using digital linear- 

phase FIR filters. Their coefficients are obtained using the Parks- 
McClellan algorithm. In this work, we propose to realize the LPFs 
and HBF using digital all-pass filters in order to reduce the system 
delay of the digital IF. To design these filters, let's first consider 
the digital allpass filters with the following transfer function 

A,,l(z)=z-"' .GA8(z-')/GA,(z), a,, = I  , (8) 

where M is the filter order ; G,,(z)= x14:,..z-" , and a. 's are real- 

valued filter coefficients. Substituting z = e" into (8). one gets 

(9) A,,,(e'")=e-L'" . p i a )  

can be seen that the all-pass filter has a unit magnitude response 
and its phase response is govemed by its filter coefficients. 
Therefore, it can be used to approximate a certain desired phase 
response e,(o). Here, we employ it to realize the LPFs and HBF 
with the following transfer function 

H ( i ) =  [z~'''-'~ + ,4,,(2)]/2 , 

e,(o)= 

(10) 
The desired phase response ofthe all-pass filter is  then given by 

-@-IN, O < ~ l < O ,  
-(M-l*-n. o , . b I < x '  (11) 1 

where op and o, are the passband and stopband edges of the all- 
pass filter. The SDP approach [ I l l  is employed to find the filter 
coefficients. This approach is able to design causal-stable digital 
all-pass filters with a prescribed pole radius constraint and 
minimax design criterion. The frequency specification is first 
formulated as a set of matrix inequalities, which is a bilinear 
function of the filter coefficients and the ripple to be minimized. 
The pole radius constraint and hence the stability of the filters is 
then formulated as a set of LMl using the Rouche's theorem. The 
overall design problem turns out to be a quasi-convex constrained 
optimization problem and it can be solved through a series of 
convex optimization sub-problems and the bisection search 
algorithm. For comparison purpose, the LPFs and HBF using the 
low-delay FIR filters are designed. The SDP appmarh proposed in 
[I41 is employed. 
Design Example 2 

The specifications, performances and complexities of the LPFs 
and HBF using digital all-pass and low-delay FIR filters so 
obtained are summarized in Table 1. Due to page limitation, the 
coefficients of these filters are omitted. The frequency responses 
and the corresponding group delays ofthe LPFs and HBF using the 
all-pass filters are s h o w  in Fig. 6. Fig. 7 shows the pole-zero 
plots of the LPF#3 and HBF. It can be seen that all pales of these 
filters are inside the unit circle, thanks to the novel application of 
the Rouche's theorem. It should be noted that the structure of the 
all-pass filters is implemented using the cascaded first- (second-) 
order sections [SI. The total number of multipliers required in the 
all-pass based LPFs and HBF is 47 and the total number of adders 
required is 94. For the lowdelay FIR filters, they are 108 and 104, 
respectively. It can be seen that the allpass-based digital IF require 
61 less multipliers and 10 less adders than that using the low-delay 

FIR filters. The frequency responses of the digital IF with 
2 s  M' 5 4  , i.e. cascading the HBF and the VDF with 
M, E (1.2) , and 16 < M' S 32, i.e. cascading the LPFs, HBF and 
the VDF with M, E (I,2), using the all-pass filters are shown in 
Fig. 8. The overall performances of the digital IF using both 
realizations are shown in Table 2. It can be seen that the 
performances of  the digital IF using the all-pass filters is slightly 
better while requiring less hardware complexity. Finally, it should 
be noted that the digital all-pass filters can be efficiently 
implemented without multiplications using the method in [13]. 
This is achieved by representing all the constant filter coefficients 
as SOPOT coefficients, which can be implemented as limited 
number of shifts and additions. 

v. CONCLUSION 

The application of the VDF to realize a SRC for soflware radio 
receivers is presented. The VDF-based SRC is very efficient 
because it can provide variablc fractional delay in the passband and 
additional attenuation in the stopband. The design of the VDF 
using WLS and SDP approaches were also compared. Both 
approaches gave similar results but the design time of the WLS 
approach is much shorter. In addition, it was found that digital all- 
pass filters can be employed to realize the multistage decimators 
and half-band filter so that the system delay of the digital IF is 
reduced. 
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delay FIR filers for diffcrmt ovnall downrampiing ratio M' . (paraband deviation. 
stopband ancnuation) 

Figure 1. Digiti IF for sothvarr radio receiver. 
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Figurs 6. (a) Frequency respon~co. and (b) the corresponding group delays of thc LPFr 
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Figure 7. Pole-zero plots o f &  digital all-pass filters (a) LPFUI, (b) IlBF. 

S I 4  8(b) 
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