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ABSTRACT

In this paper, we discuss the application of digitste conversion in high-speed echo-cancellatiomdems. The
requirement of rate conversion in echo-cancellatroadems is first described. We then introduce trecept of
digital rate conversion with a non-rational raticd consider two types of approximations for impletaton of
such a rate converter. Special considerations far application of rate conversion to echo-cancalatmodems
are discussed in detail. We discuss the designinements and optimization criterion of interpolatifilters for this
application. The special problem of sampling clgitter occurring in this application, its impact tonodem
performance and its compensation techniques acudged.
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INTRODUCTION

To achieve efficient bi-directional data transnmosisover a pair of wires, called full-duplex datansmission, it is
desirable to use the full available bandwidth fothbtransmitting and receiving at the same timés ell known
that this can be realized using echo-cancellagahnology developed during the past two decadeday,cecho-
cancellation is widely used in high-speed full-dapmodems.

Modern echo-cancellation modems almost exclusivedlg some form of Nyquist echo canceller [1] for aech
cancellation. In such an echo canceller, the reckanalog signal is usually first sampled at a higber than twice
the highest frequency of the received signal. Alsgsized echo is subtracted from the received kgamaples. The
echo-removed signal must then be re-sampled awaraie that is synchronous to the remote transnstgenbol
rate, required by the modem receiver. Classicalligh a rate conversion is performed by using analegns. If
analog-rate conversion is employed, two digitakt@log converters (DACs) and two analog-to-digitahverters
(ADCs) must be used in the echo-cancellation modaume. to the rapidly increased processing powerceamleased
cost of modern digital signal processors (DSPs} desirable to perform rate conversion in digitaim using the
available DSP. By employing digital rate conversitme hardware parts count is reduced to one ADE are
DAC. As a result, we reduce the cost of an echaeitation modem and improve its reliability. It shd be pointed
out that the rate conversion process can be comhbiith echo-cancellation or equalization [2] oribglemented
as a separate unit [3]. To achieve the best pespibiformance of the echo-canceller and equalizir preferable
to use a separate digital-rate converter, whiclsha describe and analyze in this paper.

Digital rate conversion techniques are well knownhe field of digital signal processing. While tharly literature
(e.g., [4,5]) had provided sound theoretical fouimtafor constructing such rate converters, theeenaany practical
aspects that need to be considered and analyze@nfilementation of such digital-rate converters &mho-
cancellation modems. One such implementation has lescribed in [3]. Due to its relatively simptarh, the
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digital rate converter described in [3] may onlyused for relatively low data bit rates. The perfance and design

of digital rate converters to be used in high-speetho-cancellation modems, represented by the CCLTT
recommendation V.32 bis and the proposed V. fasimenendation, must be carefully analyzed for otation of

its performance, stability and complexity. Thesepamant aspects of application of digital rate cmsion
techniques to echo-cancellation modems are thestsopf this paper. This paper is organized aeviai

In Section 2, we discuss why rate conversion isledeand how it is used in echo-cancellation modedtessical
analog implementations of rate conversion in eclcellation modems are described. The principldigifal rate
conversion is the topic of Section 3. The applaatand implementation considerations of digitaéipblation to
perform rate conversion with a non-rational ratio echo-cancellation modems are then described tail da
Section 4. In Section 5, we discuss compensatiosanfpling clock jitter. This is a special problegtorring in
such an application that affects the performanceé stability of echo-cancellation modems with dibitate
conversion. Section 6 concludes this paper.

SAMPLING RATE CONVERSION IN ECHO-CANCELLATION MODEM S

In an echo-cancellation modem employing a real istecho canceller, the received signal, calledsRial in the
sequel, from the receiving port of its hybrid capls sampled at a rate that is higher than twiee Highest
frequency component in the signal, i.e., its Nytjude. The RX signal samples contain both theaifom the
remote modem and the echo of the local transmdiigrebl. To perform effective echo cancellationsitlesirable to
let the sampling rate be equal to an integer maltgf the modem's transmitting symbol rate, cattesl local TX
symbol rate, denoted as 3T We express the sampling rate by myTwhere m is an integer. Synthesized echo
samples, usually also at m4T are constructed from the TX digital symbols anBitsacted from the RX signal
samples. The echo subtraction can be implementieéerén analog form or digitally, and the signatta subtractor
output would be almost echo-free. The echo-remdXdignal is sent to the equalizer of the modemetmver the
remotely transmitted data. To effectively perforqualization, it is desirable that the RX sampleseieed by the
equalizer is at a rate that is an integer multgfléhe remote transmitter symbol rate denoted agyl4t is usually
convenient to let the RX sampling rate equal ga/TNominally, Trx and Tz are equal to each other in almost all
echo-cancellation modems. However, they are prbtioever exactly the same. Thus, it is necesgacpnvert the
rate of the RX samples from mf to m/Tzx after echo-cancellation. A block diagram of ancechncellation
modem is depicted in Figure 1. Further detailshef principle and operation of echo-cancellation ems can be
found in [7] and [8].
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Rate conversion can be realized by using eithelogner digital means. Classically, analog rate esters are
commonly used. Two arrangements of echo subtraetidnanalog rate conversion techniques are deddoislew.
Figure 2 shows the block diagram for performinglegaubtraction and analog rate conversion. Thehegized
echo samples at frequency myTis converted to analog form by using a DAC andlimy that value for one sample
time interval. The received signal is also samplethe same rate and the analog samples alsodretthé sample
interval. These sampled/held analog values areieabpb an analog subtractor, which is usually eliusing a
conventional operational amplifier. After the inpatiues are stabilized, the difference (error) aigt the subtractor
output is then converted to digital values usingaanlog-to-digital converter (ADC). The digital @rrsignals are
used by the echo canceller for updating its coieffis. At the same time, the subtractor output pisses through a
low-pass analog filter to remove its high frequemomponents. The filtered analog signal is thenpdad by
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another ADC, which is controlled by a timing recoveircuit that recovers the remote clock, at & stnchronous
to the remote transmitter clock, i.e., mgT
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Fig.3: An Echo-Cancellation Modem with
Analog-Subtraction/Analog-Rate-Conversion

Figure 3 shows an arrangement using digital echuraction. The received signal is first converteddigital
samples by a first ADC at frequency T The digital synthesized echo, which is also afwp/is subtracted from
the digital received signal samples. The differefereor) digital samples are directly used to updatho canceller
coefficients. The digital error signal is also sémta DAC to be converted to analog form. The comekanalog
error signal, which is in a staircase form, paseesugh an analog low-pass filter. The filteredlagasignal is then
converted to digital form to be used by the receagedescribed above.

Comparing the above two schemes, we note that amaosith either implementation needs two ADCs and tw
DACs (including the one in the transmitter). Thdfatence is that the ADC's of the first scheme hexjless
precision.

It can be seen from the above description thatjtirer of analog rate conversion schemes, a padD@/DAC are
needed for converting a digital signal from one i@t another. It is well known that the digital gdes of an analog
signal contain all the original information of thaealog signal as long as the sampling rate is ati@/&lyquist rate
of the analog signal. Thus, it is possible to cohaedigital sample sequence at a first samplitg t@a new digital
sample sequence at another rate using only digitaial processing techniques. Such digital rateverion
technigues have been discussed in the literatleas® refer to [4], [5] and [6] for better undenstimg of digital
rate conversion. Below we summarize the basic jplies useful for the application in echo-cancetlatmodems.

DIGITAL RATE CONVERSION

In principle, a digital rate converter can be inmpémnted using a 1:N digital interpolator that cotssaf a bank of N
finite impulse response (FIR) subfilters. Eachtaf subfilters has the same ideal low-pass magnresf®nse but a
different group delay, which differs by a fixed dhamount from one to another within its passbhabdy.selecting
the proper subfilter for generating each outputmamwe can generate an output sample sequenchkabihe same
frequency spectrum as the input sequence but iplednat different and arbitrary sampling time imstas, also
called timing phases. As a result, we can realire conversion at an arbitrary rational ratio, pied the number N
of the subfilters is large enough. However, incimaghe number of subfilters means increasing #wmuired
memory storage. Moreover, as can be seen from ifmsbion given in Section 2, for rate conversiorecho-
cancellation modems, the conversion ratio may herarational number, which is not exactly known andkely
to change with time. Thus, exact rate conversiareither practical nor possible.

Practically, a small error always exists in thev@msion process due to the imperfection of therjprtiation filter.
Furthermore, a small error will not impair the modperformance as long as it is far below the ntasel allowed
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by the receiver. Thus, to generate a certain owgantple, we can use the subfilter that has they dédesest to the
desired delay of the sample. For example, N maygHmsen in the range between 16 and 1024. To rettece
number of subfilters, while improving the accuraafyrate conversion, we can interpolate the outmitswo
adjacent subfilters to obtain one output sampleh ahat the desired delay is between the delayhedet two
interpolation filter output samples. The desiretpatican be computed using linear interpolatiothef samples. It
can be shown that by using linear interpolatiottjilg N be a small number suffices for rate conioersn echo-
cancellation modems. The cost paid is that we dotid required computation because two interpaiatiiber
output samples need to be computed to generateuipat sample. How much error introduced by therjmlation
process that can be tolerated depends on the ydartiapplication. For high-speed echo-cancellatimmdems, a
signal-to-noise ratio (SNR) of 30 to 40 dB is getigr required by the receiver. The error introdudsd the
interpolation filter should be far below the reqarSNR.

A detailed analysis on the relationship between ii@an squared error due to the approximation intadlig
interpolation and the number of coefficients caridaend in [6]. Below, we only state the conclusions
It can be shown that without linear interpolatitde normalized mean squared error (MSEpfounded by

Pe < aﬁz
12N
where w;, is the normalized highest received signal freque(in radians/second) and N is the number of

interpolation filters. On the other hand, when éinanterpolation is used, we have
4

a,
S—
Pe 8ON*

As is shown in [6], ifw, = 0.8t, and the requiredep< -50 dB, we require N = 230 and N = 15, for digitate
conversion without and with linear interpolatioespectively. It is obvious from this example thdtew the SNR

requirement is high, using linear interpolation cgmeatly reduce the required number of interpofatfdter
coefficients.

ECHO-CANCELLATION MODEMSWITH DIGITAL RATE CONVERSION

Figure 4 shows a block diagram of an echo-cand@iiamodem using digital-echo-subtraction/digitaiera
conversion. The echo subtraction operation is #maesas the digital-subtraction/analog-rate-congarsnethod
described above. After the digital error samples generated, they are fed to a digital rate coavetéscribed
above. The digital rate converter is controlledallyming recovery circuit, which consists of a timgierror detector
and a digital phase-locked loop (DPLL). The pritespof the timing-error detector and the DPLL arellw
documented in the literature such as [7]. The tj¥eémror detector detects sample-timing phase dretween the
digital rate converter output samples and the remansmitter clock whose information is embeddedhe

received signal samples. The output of the DPLLrasgnts the timing-phase difference between thetemX

clock and the digital rate converter output samiflthe output sampling frequency is lower than itifgut sampling
frequency, the offset gradually increases. Itsrédssampling time is moving towards the samplinggtiof the next
input sample. Once the sampling time of the inpt autput samples become the same again, the bfsemes
zero again. The sampling time offset is realizedusing different subfilters, linear interpolatiomdaproperly

shifting the samples in the delay line of the iptdation filter.

It can be seen that the phase detector, the DPULtlza rate converter form a negative feedback l@dfer the
start-up period, the timing phase-error detectapwiushould become zero on average. As a reswt,ottiput
samples of the digital rate converter are synchusno the remote TX clock and are used by the exprafor
recovering the remotely transmitted data. In mastes, the local and the remote TX symbol ratesanginally
equal to each other. Thus, the conversion ratdearhosen to be close to one. In such a casejtémpaolation filter
is totally controlled by the DPLL. For asymmetniarismitting and receiving rates, we need to adsleal foffset to
the DPLL output each time when an output sampiererated.

It should be noted that, since the rate convegealways followed by an equalizer, the criteriondekigning the
optimal interpolation filter is different from th&dr conventional digital rate converters. Convendilly, we would
like to design an interpolation filter which apphmately has an overall ideal lowpass frequencyasse, i.e., it is
close to a constant over the passband. For ouicafiph, it is more important that the subfilteess/a the magnitude
responses as similar to each other as possiblemBlgaitude is not necessary to be a constant witt@rpassband
as long as the equalizer can compensate the owaslonse including the TX filter, the channel, ahé
interpolation filter. The delay responses of theftters should still differ by a constant of 1/NTover the entire
passband from each other.
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Fig. 4: An Echo-Cancellation M odem with Digital-Subtraction/Digital-Rate-Conversion

In Figure 4, we have also shown a jitter compensgatircuit which is necessary to ensure the properation and
the stability of the modem, as discussed below.

COMPENSATION OF JITTER IN SAMPLING CLOCK

Since the digital rate conversion uses the inpt daquence as a reference, it is only accurate whe input
samples are generated by a stable clock. For ctiomahdigital rate conversion, it is usually triat the sampling
clock is indeed a stable clock, such as one gestbitat a crystal oscillator. However, in the applma considered
here, the ADC that generates input sample is geeehy the local TX clock. This clock may be jittemnen the
modem is in external timing mode loop-back timingda for synchronous data transmission. When thatinp
sampling clock is not stable, jitter of the inpatmpling clock will cause jitter at the output sae®plSuch jitter
degrades the performance of the modem and maycatese instability of modem operation in the loopktiming
mode. To improve modem performance and stabil&zeperation, such jitter must be compensated.

To compensate the sampling clock jitter, we neethéasure the magnitude of the jitter. The resulhés used to
compensate for the jitter in the rate converter.

It has been shown in practice that the compensaticimnique greatly reduces the jitter in the samgkmt to the
equalizer and improves the modem performance iereat timing mode and loop-back timing mode. lbaslves
the potential stability problem in loop-back timingpde. However, it should be pointed out that thmpensation
will never be perfect and there may exist a snedldual timing error, which will eventually accuratd to affect
normal modem operation. This timing error may dsocaused by numerical inaccuracy in computatioih@frate
conversion. Some safeguard measures must be @lgravent long-term drifting for ensuring normalkeogtion of
the echo-cancellation modem.

Furthermore, we would like to point out that thelgems dealt with in this section are importantmhafor high-
speed echo-cancellation modems operated in synohsomode. If we are interested in a relatively kpeed
asynchronous modem, e.g., a 9600 bps V.32 moderasymchronous mode, these problems may become
insignificant or can be solved using other simphethods.

3348
Pelagia Research Library



O. E. Ehinlafaet al Adv. Appl. Sci. Res., 2012, 3(5):3344-3349

CONCLUSION

In this paper, we discussed the application oftdigate conversion in echo-cancellation modems fauthe nature
of the application, the conversion ratio is notradgetermined or fixed rational number. Thus, weoithiced the
concept of digital rate conversion with a non-rasibratio and considered the approximate implentiemis of such
a rate converter. Two types of approximations: gisinarge number of filter banks and using lineeripolation in
conjunction with a much smaller set if interpolatiiter bank were considered. It is shown thagéininterpolation
may become necessary if high signal-to-noise rigticequired by the receiver for V.32 bis and V.tfasho-
cancellation modems.

While the concept of digital rate conversion is kelown in the field of multirate digital signal geessing, special
considerations must be taken into account for [ggli@ations to echo-cancellation modems. In thipgua we

discussed the design requirements and optimizatiterion of interpolation filters for this applittan. The special
problem of sampling clock jitter occurring fromdhapplication and its compensation were also désmlis

Digital rate conversion has been successfully irgleted in high-speed echo-cancellation modemstatrdtes up
to 28.8 kbps. Due to the increasingly widespregtliegitions of high-speed digital signal processorsre and more
signal processing tasks previously realized usirajag components are now being implemented usigitatisignal

processing techniques. We expect that digital cateversion will find more and more usage in vari@SP

applications.
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