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ABSTRACT 

 

This paper describes the architecture, design flow and veri-

fication process for the FPGA implementation of timing 

recovery circuits for QAM waveforms. We achieve sample 

timing alignment by phase selection of a polyphase 

matched filter. The challenge in realizing these circuits in 

hardware is not in the construction of the multirate filter 

architecture, but rather the complex control circuitry that 

marshals data from the receiver front-end processor (e.g. 

digital down-converter) into the timing recovery compute 

engine. This engine must select the correct filter path to 

align the output sample position with the maximum eye-

opening in the face of sample clock phase and frequency 

offsets and drift. The design and FPGA implementation of 

this control plane, filter architecture, timing error detector 

and memory management sub-system is described, along 

with implementation considerations for Xilinx Virtex-4 

FPGAs. A model-based FPGA design flow called System 

Generator, based on the Mathworks Simulink visual pro-

gramming environment, was used for our implementation. 

The use of this tool chain for hardware verification is dis-

cussed. The FPGA resource utilization and performance is 

also reported.  

 

1. INTRODUCTION 

 

For a number of practical reasons, a digital QAM receiver 

often operates at 2-to-4 samples per input symbol. It does 

this, first to satisfy the Nyquist sampling criterion on behalf 

of a following fractionally spaced equalizer, and second to 

enable the carrier recovery loop to recognize and digitally 

correct residual frequency offsets in the down converted 

and I-Q sampled input signal. The over sampling of the 

input time series also enables easy to design and implement 

interpolating filters that support the timing recovery pro-

cess in the receiver. In this process, the receiver must align 

output samples from its matched filters with the peak of the 

equivalent correlation function formed by the matched fil-

ter. This peak location corresponds to the maximum open-

ing of the eye opening formed from the over sampled 

matched filter output.  

        There are two standard DSP approaches to obtain tim-

ing recovery in QAM receivers. The first approach uses a 

polyphase interpolator to calculate the samples at the de-

sired locations from the offset samples obtained from the 

free running ADC. These position corrected samples are 

processed in the receiver matched filter whose output, 

through a detector, forms a timing error signal to guide the 

interpolating filter re-sampling process. The second ap-

proach folds the interpolation process into a polyphase 

matched filter. The separate paths of this polyphase filter 

represent a collection of filters matched to different time 

offsets between input sample positions and the output sam-

ple peak correlation value position. The timing recovery 

process simply has to determine which filter matches the 

unknown time offset between input and output samples. 

Either process uses a phase locked loop (PLL) to form the 

pointer to the appropriate phase leg of the polyphase filter.  

These options are shown in figure 1.  
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Figure 1. DSP Based Timing Recovery Options:  

(Upper) Polyphase Interpolator with Matched Filter  

Or (Lower) Polyphase Matched Filter 

 

The two most common timing error detection schemes are 

based on the maximum likelihood (ML) estimator and the 

Gardner estimator. In the ML estimator, the PLL seeks the 

peak of the correlation function. It accomplishes this by 

forming an estimate of the derivative at the test point. Early 

legacy systems used the early and late gates to form the 

derivative estimates while modern receivers use a deriva-

tive matched filter which is in fact, exactly that, a filter 

formed as the time aligned derivative of the matched filter. 

Such a filter forms the derivative of the matched filter out-

mailto:Chris.dick@xilinx.com
mailto:benjamin.egg@gmail.com
mailto:fred.harris@sdsu.edu


put at its output. The timing error sample fed to the PLL is 

the product y(n)*ydot(n), the output of the two matched 

filters at the sample time location being tested. By way of 

comparison, in the Gardner estimator the PLL seeks the 

zero crossings of the eye-diagram, obtained at 2-

samples/symbol, from the product shown in (1). This prod-

uct is seen to be an approximation to ydot(n) * y(n). 

 

     
Gardner

dot

e (n) {det[y(n-1)]-det[y(n+1)]} y(n)

(n) y(n)y

 

 
    (1) 

 

For completeness, we observe that the ML estimator re-

quires two filters to process the input samples while the 

Gardner estimator forms both y and ydot from successive 

samples of a single matched filter to form its error term. 

The ML estimator has a higher SNR than does the Gardner 

estimator and will achieve a specified timing variance with 

a shorter averaging time. In the rest of this paper we will 

restrict our discussion to the ML implementation of the 

timing recovery loop. 

        Figure 2 presents the structure of the two timing re-

covery schemes based on the ML error term formed from 

two matched filters. Here the left side loop is seen to con-

trol the polyphase interpolator while the right side loop is 

seen to control the matched filters. The first loop exhibits a 

larger transport delay through the cascade of two filters 

than does the second loop through the delay of a single 

filter. Due to the additional delay, the polyphase interpolat-

ing filter must have a slower (or lower bandwidth) loop 

filter than does the polyphase matched filter. The perfor-

mance comparisons presented in the last two paragraphs is 

the reason we exam the ML polyphase matched filter tim-

ing recovery system: namely faster and lower variance loop 

response. 
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Figure 2. ML Control of Polyphase Interpolating Filter  

and of Polyphase Matched Filter 

 

We note that the time error detector operates at symbol rate 

while the filters processing input samples operate at 2 (or 

4) samples per symbol. Thus, as shown in figure 2, there is 

a 2-to-1 down sampler between the matched filter output 

and the input to the loop filter which, now that we think 

about it, operates at symbol rate. The problem we must 

now address is how do we decide which matched filter 

output sample is to be delivered to the loop filter? 

 

2. TIMING RECOVERY SAMPLE SELECTION 

 

We have two samples of the modulated signal per symbol 

interval. The question to be resolved is “in which interval 

does the peak reside, first or second”. At the start of the 

process we don’t know the answer to this question so we 

hypothesize it is in the first interval and test the hypothesis. 

Figure 3 presents both of these conditions: on the left side 

the peak is in the first half interval and on the right side the 

peak is in the second half interval.  

        As a specific example, suppose we have a matched 

filter and derivative filter with 32 sets of path weights (0 

through 31) which allow us to partition the T/2 clock inter-

val into 32 sub increments. Assume the left segment of 

figure 3 is valid and we start with the hypothesis that the 

peak resides in the first half interval. We set an interval flag 

to “0” as a reminder and preset the phase accumulator to 

the center of this half interval by loading it with the index 

“16”. The loop then increments the filter pointer to higher 

indices, towards the right, in response to the y(n)*ydot(n) 

product increasing the content of the PLL phase accumula-

tor. We eventually reach the position for which the 

y(n)*ydot(n) product becomes zero and the phase accumula-

tor settles to nominal its steady state value.  

        Continuing with our specific example, we now assume 

the right segment of figure 3 is valid but start with the hy-

pothesis that the peak resides in the first half interval. With 

the interval flag set to “0” and with the phase accumulator 

set to the center of the first half interval by index “16”, the 

loop starts to increment the filter pointer to higher indices, 

towards the right, in response to the y(n)*ydot(n) product 

increasing the content of the PLL phase accumulator. In 

this scenario, the index pointer eventually reaches filter 

“31” and the loop filter tries to shift to the next index, in-

dex “32”. While there is no index “32”, there is a next in-

dex! Index “32” is actually index “0” in the next interval. 

When the phase accumulator overflows in response to a 

loop filter increment we respond by toggling the interval 

flag and start computing outputs after the n+1 sample in-

stead of after the originally hypothesized n sample.   
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Figure 3. Two Conditions:  

Left Side, Correlation Peak in First Half Interval and  

Right Side, Correlation Peak in Second Half Interval 

 



Our first response to accumulator overflow is the flag tog-

gle to remind us that the peak resides in the next half inter-

val. The next half interval starts with the next input sample, 

sample (n+1). Thus on overflow, we must present the next 

input sample to the filter register. Thus an overflow may 

require two input samples prior to computing one output 

sample. Similarly, an underflow may require two computed 

outputs in response to one input sample. The overflow (or 

underflow) may occur periodically as the index pointer 

slides forward or backwards on the number line to alight a 

frequency offset between sample clock and underlying 

modulation clock. The phase accumulator and the poly-

phase pointer profiles are shown in figure 4 for a timing 

acquisition of phase offset only, subplot (2,1,2), and of 

sampling frequency offset, subplot (2,1,2), of one part per 

thousand relative to symbol clock. Here we clearly see the 

accumulator overflow and the even-odd index flag toggling 

at the overflow. 

 

 
Figure 4. Phase Accumulator and Polyphase Pointer for 

Phase Offset and for Frequency Offset Acquisition 

 

3. POLYPHASE MATCHED AND 

DERIVATIVE MATCHED FILTERS 

 

The design of the polyphase matched filter and derivative 

matched filters are simple once the process is carefully 

explained. The prototype matched filter for the example 

cited in this paper up-samples by a factor of 32 from input 

data originally over-sampled 2-to-1. Thus the prototype 

filter design requires a 64-samples per symbol square-root 

Nyquist filter, which when down-sampled 32-to-1 presents 

a set of time offset polyphase arms each operating at 2-

samples per symbol. It is common to select a filter length 

that is an integer multiple of 32, the number of paths in the 

polyphase partition.  

        Now address some practical details. Some filter design 

packages only offer filters with an odd number of weights 

of the form 2M+1, where M is the number of symbols de-

lays to the filter center tap. If we desire a filter with an even 

number of weights we have two choices. The first is that 

we accept the offered weights and discard the last sample, 

or second, we design a filter for twice the number of stages 

and discard the even indexed samples.  

        The sqrt Nyquist filter weights “hh” presented by the 

design routines are normally scaled for unity energy, that 

is, hh*hh’ = 1. We have to change this scaling to obtain 

unity gain when the receiver polyphase segments process 

the scaled shaping filter weights of the modulator weights 

“gg” designed for 2-samples per symbol and scaled for 

unity amplitude, that is gg = gg/max(gg). The scale factor 

required for the down-sampled receiver filter sets the inner 

product of one path with the scaled modulator filter to uni-

ty. The processing steps required to scale the receiver filter 

are shown in (2). Also shown are the steps required to form 

the derivative matched filter from the matched filter. These 

steps entail extending “hh” with a repeat sample on each 

end to suppress the edge discontinuity when differentiated 

and a convolution with a simple derivative filter [1 0 -1] to 

form the “dy” along with a division by 2/64 to form the 

“dx” of the derivative. The final step is the pruning of the 

extended end points required to make the filters equal 

length and align their centers. Figure 5 shows the impulse 

response and the frequency responses of the matched and 

the derivative matched prototype filters formed by the 

MATLAB instructions shown in (2). 

 

    

Modulator Shaping Filter:      gg rcosine(1,2,'sqrt',0.5,6);

Scaled and Pruned Filter:       gg gg(1:24)/max(gg);

Polyphase Matched Filter:     hh rcosine(1,64,'sqrt',0.5,6);

Scale Factor:               







           aa hh(1:32:768)*gg';

Scale Matched Filter:             hh hh/aa;

Polyphase Partition:             hh2 reshape(hh(1:768),32,24);

Derivative Matched Filter:  dhh conv([hh(1) hh hh(768)],[1 0 -1]







 *64/2);

Prune End Points:                dhh dhh(3:770);

Polyphase Partition:           dhh2 reshape(dhh,32,24)





(2) 

  

 

 
Figure 5. Prototype Matched and Derivative Matched 

Filter Impulse and Frequency Responses 
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