
1 INTRODUCTION 

The ultrasound imaging is frequently employed in medical diagnosis due to its real-time pro-
cessing capability and less-detrimental effects to the human body in comparison with magnetic 
resonance imaging, computed tomography, and X-rays scanning. In the ultrasound phased array 
transducers, normally a beamforming (focusing) operation (Talman, 2003)-(Um, 2014) is per-
formed to enhance the signal to noise ratio (SNR) of the ultrasound image. With the advances 
in analog delay lines and analog processing elements (e.g. analog-to-digital converters (ADC)), 
digital processing and digital beamforming was pushed completely into the front-end of a 
transducers. However, in modern transducers, a large number (e.g., 9216 for a 72×128 array) 
(Um, 2014) of transducer elements for active signal processing needs to be integrated in the ul-
trasound probe handle. As a consequence, due to the large number of required ADCs, digital 
beamforming becomes impractical and analog beamforming is necessary, at least at the front 
stage of the transducer.  

The analog beamformer circuit consists of multiple, time-interleaved, analog sub-
beamformers for sequential beamforming of multiple focal points on a scan line. Although 
time-interleaved principle provides efficient way to increase the conversion rate of sub-
beamformers beyond the limit imposed by available technology on the maximum frequency of 
an overall beamformer, its implementation introduces several mismatch errors between inter-
leaved units (Jenq, 1988), limiting the overall system accuracy. Offset, time and gain mis-
matches have been analyzed comprehensively (Petraglia, 1991), and in certain cases calibra-
tion/correction techniques have been proposed (Zou, 2011). The frequency response mismatch 
can be avoided through the use of a full-speed front-end sampler (Hsu, 2007). In this case, 
however, the sampler must be followed by a fast-settling buffer to drive the stages. Similarly, 
by increasing the bandwidth of interleaved sub analog beamformers, the impact of the frequen-
cy response mismatch at the signal frequency becomes lower, although at the cost of a severely 
reduced SNR.  
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ABSTRACT: Time interleaving is one of the most efficient techniques employed in the design 
of high-speed analog beamformers in ultrasound phased array transducers. However, its imple-
mentation introduces several mismatch errors between interleaved subunits, limiting the accu-
racy of the overall system. In this paper, a method for estimation and correction of frequency 
response mismatch based on an adaptive equalization is reported. The adaptive algorithm re-
quires only that the input signal is band-limited to the Nyquist frequency for the complete sys-
tem. The proposed method greatly reduce the computational complexity requirement of sam-
pled signal reconstruction and offers simplified hardware implementation. 



Recently, iterative frequency response mismatch correction methods (Satarzadeh, 2009)-
(Johansson, 2008) have been proposed based on adaptive filters either on each stage or at the 
system output by employing an inverse Fourier transform (Satarzadeh, 2009) or polynomial 
time varying filter structures (Johansson, 2008). 

In this paper, we demonstrate digital frequency response mismatch correction in time-
interleaved analog beamformer as an adaptive equalization process. The estimation method re-
quires only that the input signal is band-limited to the Nyquist frequency for the complete sys-
tem. The equivalent signal estimation structure can avoid aliasing without over sampling the 
input signal or operating at full sampling rate. The sparse structure of interleaved signals in the 
continuous frequency domain is used to replace the continuous reconstruction with a single fi-
nite dimensional problem. The implemented method significantly reduce the computational 
complexity requirement of sampled signal reconstruction and offers effective hardware imple-
mentation. 

2 CORRECTION ALGORITHM 

In the analog, time-interleaved beamformer, there are M identical sampling and sub-
beamformers operating in parallel. Each subsystem samples and digitizes the input signal every 
MT seconds; i.e., the digitizing rate of each subsystem is 1/MT samples/s. Although all subsys-
tems operate at the same clock frequency, the sampling clock of subsystem m+1 is T seconds 
behind that of the subsystem m for m =0,1,…,M-1. The timing alignment within the required 
accuracy is obtained by using a master clock to synchronize the different sampling instants. As 
illustrated in Figure 1, at the back end of these parallel sampling and sub-beamformers is a se-
quential M:1 multiplexer, which samples the outputs of beamformers stages at a rate of 1 sam-
ple/T s. The sub analog beamformer consists of a sample-and-hold circuit, which consists of 
sampling capacitors and switches and a clock controller. Time domain analog-beamformer out-
put is shown in Figure 2. For M time-interleaved sub-beamformers, each working uniformly 
with a period of Ts=MT and frequency response offset {hm fin/f1=miT}, the clock generator pro-
vides the required M sample clocks for each sub-beamformer stage according to the sampling 
pattern such that ti(n)=(nM+mi)=(n+mi/M)Ts for 1≤i≤M. Defining the i th sampling sequence for 
1≤i≤M as xmi[n]=x(t=nT=kMT+mT), the sequence of xmi[n] is obtained by up-sampling the out-
put of the i-the sub-beamformer with a factor of M and shifting in time with mi samples. The 
spectrum of the sampled time-domain signal is then represented as  
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where Ymi(e
j2πfT) is the discrete-time Fourier transform (DTFT) of xmi[n]  band-limited to F, hm 

for m=0,1,M-1 is frequency response mismatch encountered at the m-th unit, fin is input fre-
quency and f1 the unity-gain frequency.  

 

Analog Sub Beamformer - 1 

Analog Sub Beamformer - M 

Analog Sub Beamformer - 0 

M P K K 

∆t-K×2[0:K] ∆t-0[0:K] 

M 

M:1 mux 

∆t Counter Multiphase Clock 

Generator 

Buffer 

Out 

In 

K×P 

M P K K 

K×P 

K×P 

M P 

 
Figure 1: Analog beamformer architecture. 
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Figure 2: Time domain analog beamformer sample and hold output. For clarity M=3 is shown. 
 
The goal of our reconstruction scheme is to perfectly recover x(t) from the set of sequences of 
sampled signal xmi[n] ,1≤i≤M. We express (1) in a matrix form as 

0      ),()()( F∈∀= ffff sAy                         (2) 

where y(f) is a vector of length M whose i th element is Ymi(e
j2πfT),  
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A(f) is a the M×M discrete-time Fourier transform matrix containing Ak(f) terms, and the vector 
s(f) contains M unknowns as (Mishali, 2009)  
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A straightforward approach to recover x(t) is to find the sparsest vector s(f) over a dense grid of 
F0 and then approximate the solution over the entire continuous interval F0. However, this dis-
cretization strategy cannot guarantee perfect reconstruction. If we only need to reconstruct the 
distortion amplitudes at the nominal sampling instances t=(kM+m)Ts, m=0,…,M-1; k=0…,-
1,0,1,… the reconstruction can be simplified. The spectrum given by (2) has M pairs of line 
spectra, each pairs centered at the fractional of the sampling frequency, such as fS/M,…,(M-1) 
fS/M. Fundamental corresponds to k=0 while k=1,…,N-1 corresponds to the distortion. The sig-
nal amplitude is determined by A(0) while the distortion amplitudes are determined by A(n), 
n=1,…,M-1. The spectral index set of the signal is than defined as the set k=[k1, k2, …, kq] and 
the reduced signal vector as (Bresler, 2008)  

T
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that contains only the q sampling instances indexed by the set k. The reduced measurement ma-
trix Ak(f) is derived by choosing the columns of Ak(f) that are indexed by the spectral index k. 
Assuming hmfin/f1«1 and using the first order Taylor expansion, the magnitude of the sidebands 
components (as illustrated in Figure 3 and Figure 4 (Zjajo, 2010)) can be expressed as  
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As a consequence, (2) reduces to 

0      ),()()( F∈∀= ffff zAy                          (7) 
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Figure 3: Simulated frequency response mismatch at hm=0.3% and hm =3% for fin=41 MHz, fs=100 MS/s 
and f1=350 MHz. 
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Figure 4: SFDR versus different frequency response ranging from hm=0.3% to 3% for fs=100 MS/s. 
 

If A(f) has full column rank, the unique solution can be obtained using a left inverse, e.g. the 
pseudo-inverse of A(f) denoted by A† 

0
†       ),()()( F∈∀= ffff yAz                         (8) 

A time domain solution for the recovery of x(t) than involves filtering of the sequences xi[n], 
i=1,…M to generate xhi[n]. The interpolation filter h[n] with cut off frequency at fc=fmax/M fil-
ters the sequence xi[n] that is upsampled with M according to kMT+mT, i.e. xhi[n]=h[n]* xi[n]. 
To recover the desired continuous-time signal x(t) with a standard D/A converter, the recon-
struction is than obtained with 
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which is the Nyquist-rate sampled version of the desired continuous-time signal x(t). Addition-
ally, advantage of using (9) is that all filters have the same low pass response, offering efficient 
implementation. An estimation error can be than easily found by several methods from estima-
tion theory (e.g. Gauss-Newton, Levenberg-Marquardt, or gradient search method) by compar-
ing the estimated output x(n) to a desired response.  

3 EXPERIMENTAL RESULTS 

The test results are shown in Figures 5-7 and Table I, where spurious-free dynamic range 
(SFDR) is employed as a performance matrix. The proposed approach achieves required recon-
struction accuracy in less than one thousand samples for gradient search method (Figure 5). 

-140  

Mag [dB] 

hm=3% 

hm=0.3% 

Frequency [Hz] 

40M 30M 20M 10M 50M 

20 

0 

-20 

-40 

-60 

-80 

-100 

-120 

0.0 

SFDR [dB] 

hm=[0.3%, …, 3%] 

fin/f

  

0.1 0.5m 0.01 

120 

110 

100 

90 

80 

70 

60 



TABLE I.  EXAMPLE OF THE CALCULATED AND ESTIMATED SFDR VALUES 

fin [MHz] 43 57 71 

∆f1 [MHz] 1 5 10 1 5 10 1 5 10 

hm [%] 0.29 1.42 2.86 0.29 1.42 2.86 0.29 1.42 2.86 

Theor. [dB] 78.6 64.7 58.6 76.2 62.3 56.2 74.5 60.4 54.3 

Est. [dB] 78.8 64.9 58.9 76.3 62.4 56.4 74.6 60.5 54.4 

 
The iterative correction structure responses almost instantaneously with an improving estimate 
of mismatch parameters as n increases. To decrease the convergence time, initially a single set 
of coefficients is utilized and adapted after every decision, as in the conventional method, and 
then after initial convergence, the coefficients are further adapted separately. Validations have 
been performed for the entire analog beamformer usable signal bandwidth and most probable 
limitation mechanisms. Four examples are shown in Table I, where theoretical and estimated 
values are compared for 11, 43, 57 and 71 MHz input frequencies with unity gain frequency f1 
set at 350 MHz and deviations ∆f1 in the range of 1-10 MHz.  
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Figure 5: Mean-square error for one thousand samples. 
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Figure 6: Spectrum of the time-interleaved beamformer at 160 MS/s. 
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Figure 7: Measurement result of the time-interleaved beamformer at 160 MS/s. 
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The spectrum of the time-interleaved beamformer sampled at 160 MS/s is illustrated in Fig-
ure 6. The spurious harmonics at fs/N±fin due to the frequency response mismatch are held to 72 
dB below the fundamental signal. The SNR, SFDR and total harmonic distortion (THD) as a 
function of input frequency at a sample rate of 160 MS/s are shown in Figure 7. The uncalibrat-
ed beamformer SFDR is held below 56 dB, an average loss of 23 dB in comparison with cali-
brated beamformer. The calibration algorithm (0.5k gates) consumes 6 mW of power. All re-
sults are obtained with a 1.2 V supply at room temperature.  

4 CONCLUSIONS 

Combining time-interleaved analog beamformer with efficient, moderate speed converter result 
in a high speed ultrasound phased array transducer with low power consumption. Although par-
allelism of time-interleaved systems enables high-speed operation, mismatch between inter-
leaved units, cause distortion in the processed signal. In this paper, effect of frequency response 
mismatch is investigated, and estimation method based on an adaptive equalization presented. 
Obtained results suggest that the proposed method accurately estimate (within 0.5%) and cor-
rect mismatch errors greatly enhancing analog beamformer performance (up to 23 dB).  
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