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METHODS AND DEVICE FOR ESTIMATING AND 
CORRECTING CLIPPING IN A DISCRETE 
MULTI-TONE COMMUNICATIONS SYSTEM 

TECHNICAL FIELD 

[0001] The invention relates generally to digital informa 
tion transmission systems and speci?cally to techniques for 
controlling signal clipping over a discrete multi-tone chan 
nel such as an asymmetric digital subscriber line. 

BACKGROUND OF THE INVENTION 

[0002] The background is described in connection With an 
asymmetric digital subscriber line communications system, 
although the principles disclosed may be applied to other 
multi-tone or multi-carrier systems. 

[0003] Digital Subscriber Line (“DSL”) modems provide 
high-speed communication links over existing copper 
tWisted-pair Wiring connecting the telephone company cen 
tral of?ce to the residential customer. With one DSL modem 
in the CO and one in the home, a customer can connect to 
the backbone data netWork (eg the Internet) and achieve 
data throughput as high as 8 Mbits/second. Such a high data 
rate can facilitate neW Internet applications, entertainment, 
education, etc. 

[0004] Asymmetric Digital Subscriber Line (“ADSL”) 
signaling Was established as the ANSI T1.413 standard 
described in “T1.413-1995: Telecommunications—Asym 
metric Digital Subscriber Line (ADSL) metallic interface”, 
1995, incorporated herein by reference. Discrete Multi-Tone 
(“DMT”) modulation Was chosen as the transmission 
method for ADSL. DMT is often called the line code and is 
a multicarrier transmission method that partitions the avail 
able transmission bandWidth into many narroW bandWidth 
subchannels over Which parallel data streams are transmit 
ted. Because the different subchannels are affected differ 
ently by the transmission channel, the quality of the indi 
vidual subchannels can be estimated and the data density of 
each subchannel can be adjusted to achieve maximum 
throughput. 

[0005] Although the performance of a DMT system can be 
extraordinary, the complexity of the standard has precluded 
timely deployment of ADSL modems. As such, designs for 
simplifying modem implementation Within the constraints 
of the ADSL standard are of signi?cant merit. 

[0006] ADSL modems apply a large amount of digital and 
analog signal processing to achieve data throughput that can 
be very near the theoretical channel capacity. Because of the 
Gaussian nature of DMT signals, it is necessary to support 
very high peak-to-average ratio (“PAR”) values to prevent 
distortion and ensure high performance. HoWever, to reduce 
modem complexity and cost, DMT modems are often 
designed to support loWer PAR values. This savings in 
complexity often causes clipping of the DMT signal, Which 
can reduce performance. 

[0007] Clipping of the signal, or voltage Waveform, occurs 
When large amplitude values are reduced to some maximum 
value that is less than the original value. This might occur 
When the signal contains amplitude values that exceed the 
maximum value supported by a transmitter circuit or algo 
rithm, and hence are limited to the maximum alloWed value. 
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[0008] In ADSL modems, some of the degradation caused 
by clipping is mitigated by forWard error correction in the 
form of Reed-Solomon (“RS”) coding, or RS coding com 
bined With interleaving. RS coding combined With inter 
leaving provides the greatest protection against clipping but 
requires a large amount of memory and causes a long delay 
and high latency that is unacceptable for certain applica 
tions. RS coding Without interleaving removes latency prob 
lems but also provides less protection against clipping. It is 
desirable to altogether avoid implementation of RS decoding 
at the receiver for certain applications to reduce complexity 
and cost. 

[0009] The ADSL standard alloWs the RS encoding to be 
turned off by setting the number of added parity bytes to 
Zero. If another method of mitigating clipping effects is 
employed, the RS decoding operation can be eliminated 
Without sacri?cing performance. The elimination of the RS 
decoding operation alloWs implementation of the ADSL 
standard on a Wider variety of general purpose program 
mable platforms. 

[0010] Prior methods have been proposed for solving the 
DMT clipping problem. They typically involve application 
of complicated signal processing algorithms in the transmit 
ter. In general, a DMT transmitter might offset the impair 
ments generated in the Analog Front End (“AFE”) by 
applying techniques to prevent clips in the AFE. HoWever, 
most of these techniques require special coordination of 
actions by the receiver that does not ?t Within the con?nes 
of the ADSL standard. 

[0011] As such, a technique is needed that ?ts Within the 
ADSL standard and can be implemented at the receiver to 
alloW performance gains With any ADSL standard modem. 

SUMMARY OF THE INVENTION 

[0012] The present invention comprises a method and 
device for dealing With clipping problems Wherein the 
receiver compensates for standards compliant transmitted 
signals using a relatively loW-complexity Analog Front End 
(“AFE”). 
[0013] According to one embodiment, a clipping estima 
tion and correction method is disclosed that operates Within 
the constraints of the T1.413 ADSL standard and eliminates 
the dependence on Reed-Solomon decoding and interleav 
ing for adequate performance When the transmitter clips the 
transmitted signal. The method involves the steps of mea 
suring the signal to noise ratio (“SNR”) in all operating 
subchannels of the transmission channel; transmitting the 
SNR measurements for the operating subchannels to a 
transmitting device on the channel; communicating data 
over the operating subchannels using the SNR measure 
ments to affect the throughput of data transmitted over the 
channel; exploiting the loWered throughput of the transmit 
ted data to reliably compute an estimate of the clipping that 
occurred in the transmitter; applying the estimate of the clip 
to construct a compensation signal; and adding the compen 
sation signal at the receiver to correct the clip that occurred 
at the transmitter. 

[0014] The method can also include the steps of initialiZ 
ing the transmission subchannels by forcing feWer bits than 
they are capable of carrying and distinguishing DMT frames 
that have been clipped in the transmitter to make a threshold 
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comparison that determines When a clip has occurred. If a 
clip has occurred, correction is applied. Otherwise, the 
received data needs no correction and is passed on to the 
user Without modi?cation. 

[0015] Also disclosed is a method of compensating for 
clipping of signals transmitted over a digital subscriber line 
(“DSL”) system Wherein the signals are modulated using a 
multi-carrier transmission signaling technique over multiple 
subchannels of the DSL system and the signal to noise ratio 
(“SNR”) of the subchannels vary from high to loW. The 
method comprises the steps of transmitting a signal on the 
DSL system; analyZing the signal to determine if it has been 
clipped during transmission; and computing an error com 
pensation signal for the signal if it is determined it has been 
clipped during transmission. 

[0016] In another embodiment, a method of estimating the 
amplitude and location of a clip is disclosed. The method 
involves the steps of initialiZing the subchannels to create a 
compensation signal and adding the compensation signal in 
the receiver to enhance performance during decoding of the 
clipped frames. 

[0017] The clipping estimation and correction methods of 
the present invention alleviate the need to compensate for 
transmitter clipping effects using forWard error-correction 
coding. Thus, the methods of the present invention can be 
implemented on any modem platform, even one that does 
not support Reed-Solomon decoding. 

[0018] According to another embodiment, a general pur 
pose programmable modem that implements the T1413 
standard Without Reed-Solomon decoding capabilities is 
disclosed. The modem supports T1.413 standard transmis 
sion/reception functions over a discrete multi-tone commu 
nications system and can be linked to an independent 
processing system such as a desktop or notebook computer. 
The modem comprises an interface having an analog side 
and a digital side With the analog side coupled to the 
communications system. The modem contains a signal pro 
cessing device for transmitting and receiving signals to and 
from the communications system. The signal processing 
device has a system side and a user side With the system side 
coupled to the digital side of the interface. The interface is 
coupled to the user side of the signal processing device and 
forms a communications pathWay betWeen the independent 
processing system and the ADSL modem. 

[0019] The modem incorporates the clipping error estima 
tion and correction functions of the present invention. In 
particular, according to one embodiment, the ADSL modem 
contains stored program segments capable of causing the 
signal processing circuit to analyZe original signals received 
from the communications system to determine if they have 
been clipped during transmission; compute error compen 
sation signals for signals that are clipped during transmis 
sion; and add computed error compensation signal to the 
original signals received to obtain corrected analog signals. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0020] Other aspects of the invention including speci?c 
implementations are understood by reference to the folloW 
ing detailed description taken in conjunction With the 
appended draWings in Which: 

[0021] FIG. 1 is a diagram illustrating a communications 
system Wherein the invention can be practiced; 
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[0022] FIG. 2 shoWs the functions required for transmis 
sion of data from one ADSL modem to another; 

[0023] FIG. 3 is a block diagram for a receiver architec 
ture that implements the clipping estimation and correction 
methods according to one embodiment; 

[0024] FIG. 4 is a process How diagram illustrating a 
method for detecting the need for ?xing a clip and estimating 
the clipping signal according to one embodiment; 

[0025] FIG. 5 shoWs a frame of data generated by an 
ADSL DMT transmitter; 

[0026] FIG. 6 shoWs the frame of data of FIG. 4 after 
clipping; 
[0027] FIG. 7 shoWs the impulse response of the DSL 
channel used in an ADSL simulation; and 

[0028] FIG. 8 shoWs the subchannel SNR of a single 
received data frame for each of the 255 subchannels. 

[0029] References in the ?gures correspond to like numer 
als in the detailed description unless otherWise indicated. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 

[0030] FIG. 1 illustrates an eXample communications 
system 10 in Which the invention can be practiced according 
to one embodiment. The communications system 10 
includes a service provider 40 that is accessible by one or 
more subscribers 15. Generally, the subscriber 15 has the 
transmission/reception and data processing equipment 
enabling access to the service provider 40. 

[0031] As shoWn, a ?rst processing system 12 is operably 
coupled to a ?rst modem 16 via interface 14. The interface 
14 provides a communications pathWay for unmodulated 
data transfers betWeen the ?rst modem 16 and the ?rst 
processing system 12. Alternatively, the ?rst modem 16 
could be internally ?Xed inside the ?rst processing system 
12 and coupled through a standard interface of the ?rst 
processing system 12. EXample interface standards 
employed betWeen the modem 16 and the ?rst processing 
system 12 include EISA, PCMCIA, RS-232 and other 
industry accepted interface protocols. 

[0032] In operation the ?rst processing system 12 com 
municates digitally With the ?rst modem 16. Data from the 
?rst processing system 12 is transferred through the inter 
face 14 and maintained in a buffering mechanism such as an 
internal memory space (ROM or RAM) or other similar 
con?guration inside the ?rst modem 16. In many applica 
tions, a universal asynchronous receiver transmitter 
(“UART”) or other similar device is used to handle data How 
betWeen the ?rst processing system 12 and the modem 16. 

[0033] The ?rst processing system 12 can be a desktop or 
notebook computer, Workstation or other similar computing 
device. The ?rst modem 16 includes a signal processing 
device for converting digital data from the processing sys 
tem 12 to an equivalent modulated analog Waveform. The 
modem also includes an interface such as an analog front 
end (“AFE”) Which couples the analog signals carrying the 
data to the communications link 18 to the central office 24. 

[0034] Typically, the transmit and receive functions of the 
modem 16 are operated by the processing system 12. A 
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digital-to-analog/analog-to-digital conversion circuit or 
other similar signal processing device can be used to trans 
mit and receive analog signals via the communications link 
18. The communications link 18 can be analog tWisted pair 
(“ATP”) Wiring or other medium of the type often used in 
public sWitched telephone netWorks (“PSTN”). 

[0035] The digital data from the processing system 12 is 
converted to analog equivalent signals Which are transmitted 
on the ATP Wiring 18 using knoWn modulation methods. 
Examples of such modulation methods include Quadrature 
Amplitude Modulation (“QAM”), Trellis Code Encoding 
(“TCE”) and Frequency Shift Keying (“FSK”) among oth 
ers. Likewise, the service provider 40 receives the signals 
from the far end central office 28 the digital backbone 
connection 30. The data is passed to the second processing 
system 36 at the service provider location 40. The process 
ing system 36 is employed by the service provider 40 to gain 
access to the central of?ce 28 and to format, receive and 
transmit data to other entities such as subscriber 15. 

[0036] Both processing systems 12 and 36 contain the 
necessary processing and storage capabilities and run suit 
able application programs for such functions. 

[0037] As described herein, the invention has particular 
application in a DMT-compliant signaling system With a pair 
of ADSL modems communicating over a netWork 50. In one 
embodiment, an ADSL modem on the CPE unit 18 side 
communicates With another ADSL modem 22 maintained by 
the central of?ce 24. With such a con?guration, multiple 
transmission channels can be maintained: a high speed 
doWnstream channel, a medium speed dupleX channel, and 
a Plain Old Telephone Service (“POTS”) channel. The 
POTS channel can be split off from the ADSL modem by 
?lters, thus guaranteeing uninterrupted POTS, even if ADSL 
fails. The high speed channel ranges from 1.5 to 6.1 Mbps, 
While dupleX rates range from 16 to 640 kbps. Each channel 
can be submultipleXed to form multiple loWer rate channels. 
Still other data rates may be employed as may be standard 
iZed in the industry. 

[0038] DoWnstream data rates depend on a number of 
factors, including the length of the copper line, its Wire 
gauge, presence of bridged taps, and cross-coupled interfer 
ence. Line attenuation increases With line length and fre 
quency, and decreases as Wire diameter increases. 

[0039] Preferably, the communications system 10 sup 
ports both doWnstream and upstream communications. Typi 
cally, When a subscriber 15 Wishes to place a call, the 
modems 16 and 22 send probing tones via the analog line 18. 
The central of?ce 24 comprises the call sWitching and 
routing equipment necessary to complete a path betWeen the 
subscriber 15 and the service provider 40. 

[0040] The functionality of the subscriber 15 and the 
service provider 40 can be implemented using knoWn meth 
ods and devices. For eXample, the signaling protocols used 
by the various devices on the system 10 may include those 
supported by the International Standard OrganiZation 
(“ISO”), the International Telegraph and Telephone Consul 
tative Committee (“CCITT”) and the Electronics Industries 
Association (“EIA”) among other standards bodies. 

[0041] Once a call is established, data from the ?rst 
processing system 12 is passed to the ?rst modem 16, 
modi?ed appropriately With signal processing techniques to 
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prepare the data for robust transmission, and converted 
using a digital to analog convertor or other similar conver 
sion device. Next the modem 16 transmits the converted 
digital stream using a modulated analog signal carrier 20 
over analog tWisted pair 18 to the central of?ce 24. At the 
central of?ce, another DSL modem 22 decodes the data and 
ports it to the digital backbone netWork 26. The digital 
backbone netWork 26 connects the central offices 24 and 28. 
The central of?ce 28 receives the digital data from the 
backbone 26 and port it on the digital link 30 the service 
provider’s processing platform 36. 

[0042] As shoWn, the near end central of?ce 24 commu 
nicates With the far end central of?ce 28 via the digital 
backbone netWork 26 Which is often a high speed digital link 
providing a high data rate. The analog signals 18 are 
received by the second modem 22 and demodulated to 
obtain the original data sequence generated by the ?rst 
processing system 12. The second modem 22 passes the 
digital bit stream sequence to the digital backbone netWork 
26 and on the far end central of?ce 28. Thus, processing 
systems 12 and 36 communicate With each other through 
communications facilities comprised of communications 
mediums 16, 18, 22, 24, 26, 28, 30 and 32. The service 
provider 40 can be an Internet service provider or dedicated 
data service provider of the type available in industry. The 
modems 16 annd 22 comprise the data communication 
equipment (“DCE”) responsible for providing the required 
translation and interface betWeen the digital and analog 
signals carried on the system 10. 

[0043] Preferably, the modems 16 and 22 are designed to 
transmit and receive analog signals tuned to one or more 
analog carrier frequencies. The data from the processing 
systems 12 is superimposed upon one or more carrier 
frequencies and transmitted on the system 10. The data 
signals is often referred to as the base band signal. The 
carrier signal 18 is changed back to the digital signal at the 
receiving modem 22 through the process of demodulation. 
In essence the modems 16 and 22 provide the transmit and 
receive functions for the binary bits of digital data generated 
by the processing system 12 at the subscriber location 15. 

[0044] FIG. 2 is a process How diagram 50 illustrating the 
functions required for transmission of data from one Dis 
crete Multi-Tone (“DMT”) modem to another. Preferably, 
the functions are implemented on a pair of T1.413 compliant 
Asymmetric Digital Subscriber Loop (“ADSL”) modems. 
Typically, each modem implements both transmit 52 and 
receive 100 functions. Thus, the methods of the present 
invention can be implemented on any modem platform, even 
one that does not support Reed-Solomon decoding. 

[0045] For eXample, according to another embodiment, a 
general purpose programmable modem that implements the 
T1.413 standard is disclosed. The modem supports T1.413 
standard transmission/reception functions over a discrete 
multi-tone communications system and can be linked to an 
independent processing system 12 such as a desktop or 
notebook computer. Preferably, the modem comprises an 
interface having an analog side and a digital side With the 
analog side coupled to the communications system 10. A 
signal processing device for transmitting and receiving 
signals to and from the communications system 10 Where 
the signal processing device is coupled to the digital side of 
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the interface. The user interface formings a communications 
pathWay betWeen the independent processing system 12 and 
the ADSL modem. 

[0046] The modem incorporates the clipping error estima 
tion and correction functions of the present invention. In 
particular, according to one embodiment, the ADSL modem 
contains stored program segments capable of causing the 
signal processing circuit to analyZe original signals received 
from the communications system to determine if they have 
been clipped during transmission and compute error com 
pensation signals for signals that are clipped during trans 
mission. The modem can then add the computed error 
compensation signal to the original signals received to 
obtain corrected analog signals. 

[0047] With reference to FIG. 2, the transmit path 54 
shoWn is in one direction although an actual bidirectional 
ADSL communications link betWeen modems extends in 
both directions . Reed-Solomon (“RS”) forWard error-cor 
rection encoding 56 can be applied to both fast bits 54 and 
sloW bits 55 in the transmitter. Preferably, the RS-encoded 
sloW bits 57 are interleaved 60 to provide extra resistance to 
clipping and channel error. Thus, performance is improved 
at the expense of additional encoding delay. 

[0048] Next, the RS-encoded fast bits 59 are combined 
With the RS-encoded and interleaved sloW bits 61 in a frame 
of bits that is converted into a frame of tWo-dimensional 
transmission symbols 62. Preferably, the transmission sig 
nals represent information in a form that is conducive to 
robust transmission over an ADSL communications link. 
Next, the Inverse Discrete Fourier Transform (“IDFT”) 64 is 
applied to the frame of transmission symbols 63 after 
appropriate conjugate mirroring of the frame according to 
the T1.413 standard. 

[0049] The conjugate symmetry enforced on the IDFT 
input 63 causes the output 65 to be completely real. As 
shoWn, the REAL{} operator 66 indicates that the imaginary 
component of the IDFT output 65 is not used. Next a cyclic 
pre?x is created from the last samples of the frame of real 
data and concatenated 68 to the beginning of the frame. 
Thus, the resulting frame of data is passed through a 
Digital-to-Analog Converter (“DAC”) 70 and a transmit 
?lter 72 that provides the loW-pass and high-pass ?ltering 
functions. The ?ltering functions are required to ensure the 
transmitted signal does not exceed the T1.413 poWer spec 
tral density mass. 

[0050] A line driver circuit 74 can be used to provide the 
current and/or voltage gain required to place the ?ltered 
signal onto the tWisted pair telephone line With an ADSL 
format With the appropriate poWer level. After transmission 
through the channel 76, the signal passes through receive 
buffers and ?lters 78 and into the Analog-to-Digital Con 
verter (“ADC”) 80. The effective analog channel 82 seen by 
the transmission system is formed by the analog portion of 
the DAC 70, the transmit ?lters 72, the line driver 74, the 
actual DSL channel 76, the receive buffers and ?lters 78, and 
the analog portion of the ADC 80. 

[0051] In one embodiment, a Time-domain Equalizer 
(“TEQ”) is applied 84 to the signal to shorten the time 
domain impulse response of the entire analog channel. The 
combined analog channel 82 and TEQ 84 form an effective 
“shortened” channel Whose impulse response has energy 
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concentrated in a small number of samples. Preferably, 
signi?cant energy is concentrated in the same number of 
samples as are present in the cyclic pre?x 68. 

[0052] A frame of data is formed and the cyclic pre?x is 
removed 86. The Discrete Fourier Transform (“DFT”) 88 
can then be applied to the signal. As shoWn the transformed 
signal is processed With a Frequency-domain Equalization 
(“FEQ”) function 90 Which compensates for channel distor 
tion. Next, the frame of FEQ output symbols is decoded into 
bits 92. The sloW bits are passed through a de-interleaver 94 
Which spreads out transmission errors over many frames. 
Both fast and sloW bits are passed through RS decoders 96, 
98 to correct transmission errors and/or errors caused by 
clipping in the transmitter. 

[0053] FIG. 2 shoWs the possible locations Where clipping 
can occur in the transmitter (indicated by the “*”). The 
location * at Which a clip occurs typically depends on the 
design of the transmitter. Preferably, the method of estimat 
ing the clipping distortion and applying clipping compen 
sation of the present invention Works Within the constraints 
of the T1.413 standard thus guaranteeing compatibility 
betWeen a loW-complexity modem implemented Without RS 
decoding capabilities and the large possible range of T1.413 
compliant modems that may be employed. 

[0054] In operation, during initialiZation and training, the 
Signal-to-Noise (“SNR”) is measured in all the operating 
subchannels of the receiver. The SNR values are then 
communicated back to the transmitter so that the transmitter 
can properly allocate bits to each subchannel to maximiZe 
the transmission throughput. 

[0055] In one embodiment, a small subset of the operating 
subchannels are forced to carry feWer bits than they are 
capable of supporting. This provides the receiver With the 
ability to estimate the position and amplitude of clipping 
errors. For example, during initialiZation the receiver can 
inform the transmitter that subchannels 33, 34, 35, and 36 
have a loW SNR and should only carry tWo bits each. This 
results in a symbol constellation composed of four points 
(“4-QAM”) being used for subchannels 33, 34, 35 and 36. 
The 4-QAM result applies to the case of T1.413 transmis 
sion Where the Trellis encoding is not employed. Similar 
constraints hold true When Trellis encoding is applied, ie 
two bits per subchannel Will still result in a loW-density 
constellation. 

[0056] In addition, due to loW data density, it is highly 
likely that the received symbol Will be nearest in Euclidean 
distance to the transmitted symbol at the receiver. Prefer 
ably, the receiver can reliably estimate that the transmitted 
symbol Was the constellation point nearest the received 
symbol. A reliable estimate of the transmission error can 
then be computed as the difference betWeen the received 
signal and the closest constellation point. 

[0057] The use of a reliable estimate of the transmission 
error in a given frame is provided Within the T1.413 stan 
dard. The reliable estimate facilitates the methods for com 
puting a clipping compensation signal at the receiver as 
described herein. 

[0058] Turning to FIG. 3, a block diagram of a receiver 
according to one embodiment is shoWn and denoted gener 
ally as 110. In general, the receiver is con?gured to perform 
the clipping estimation and correction functions. 
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[0059] The received signal 112 from the channel is passed 
through the TEQ 84. Next, the cyclic pre?x is removed 86 
prior to the DFT function 88 being applied. The FEQ 90 
corrects channel distortion as in a normal DMT receiver With 
a portion of the frame output from the FEQ being analyZed. 
The tones Which Were made to carry feWer bits are made 
available to the receiver for computing an error correction 
signal If analysis of the incoming signal 112 indicates 
a need for clipping correction, then the correction signal 

is computed 114 and added 116 to the FEQ output 
112. 

[0060] The analysis of the incoming signal 112 can be 
accomplished in a variety of Ways. For example, in one 
embodiment a buffer 120 is used to indicate that the cor 
rection signal E[k] is added 116 back to the frame from 
Which the clipping parameters Were estimated. The clipping 
corrected frame of symbols are then passed through the 
symbol decoder 92 to produce the transmitted bits. 

[0061] FIG. 4 shoWs a preferred embodiment of the 
method 150 used for detecting the need for ?xing a clip and 
then estimating the clipping signal. The clipping signal 
alloWs the receiver to construct a correction signal E[k] if 
needed. First, the FEQ output 112 is analyZed, and the SNR 
is computed at step 156 for the tones Which Were forced to 
carry less bits than they are capable of carrying. At this 
point, the SNR is compared to a stored threshold, step 158. 
If the SNR is above the threshold, then no signi?cant 
clipping occurred. Also, no clipping compensation should be 
applied and process How is directed to step 160. In one 
embodiment, the compensation signal is set to Zero 
for all values (k) as shoWn in step 160. This results in no 
clipping compensation being applied. Alternatively, the step 
of adding the compensation signal can be avoided and there 
is no need to add Zeros. 

[0062] If the SNR is beloW the threshold, then a signi?cant 
clip has occurred and process How is directed to either step 
162 or step 164. The clipping error e[n] can be de?ned as the 
difference betWeen the unclipped signal and the clipped 
signal in the transmitter. As such, the frequency-domain 
error signal at the receiver can be used to compute the 
amplitude, step 164, and phase, step 162, of the time-domain 
clipping error. In one embodiment, an estimate is made 
based on the premise that at least one clip occurred in the 
transmitter. Thus, a model for the clipping error e[n] can be 
devised as an impulse of amplitude (0t) and delay (d) as 
shoWn beloW in Equation 1: 

e[n]=oto(n—d) 
[0063] The DFT of the clipping error is therefore com 
puted as shoWn beloW in Equation 2: 

Equation 1 

E[k]=0l exp (—j2IIkd)/N 

[0064] In equation 2, k is the sample index of the time 
domain DMT signal and N is the number of DFT points. 
According to one embodiment of the ADSL standard, 
N=512, k ranges from 0 to 255, and d can assume any value 
from 0 to 511. 

Equation 2 

[0065] The absolute value of the frequency-domain error 
signal is equal to the amplitude of the clipping error alpha 
(0t). The phase of the frequency-domain error signal can be 
used to compute the delay (d) as shoWn in step 164. The 
estimated values of the delay (d) and alpha (0t) specify the 
location and value of the time-domain clipping error As 
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shoWn in step 166, to enhance the quality of the clipping 
compensation signal, additional operations can be applied to 
verify and possibly correct the position estimated delay 

[0066] If channel distortion has been properly compen 
sated by the receiver, then an estimate of the clipped DMT 
signal at the transmitter can be reconstructed by applying an 
IDFT operation, step 168, to the FEQ output 112. At this 
point, the most probable position of the clipping error can be 
analyZed to see if the time-domain sample is near the 
amplitude rails. The amplitude rails comprise the positive 
and negative signal limits of the system 10 as shoWn in 
FIGS. 5 and 6. 

[0067] If the time-domain sample is Within the amplitude 
rail of she system, then the current position estimate is 
probably correct. If not, then it is highly likely that one of the 
surrounding samples is near the amplitude rails and there 
fore the most likely position of the clipping error is at one 
of the surrounding samples. An ad-hoc technique may be 
applied to improve performance of the location estimation 
function as is knoWn by those of ordinary skill. 

[0068] In one embodiment, step 168 involves a small 
search of the samples on either side of the most probable clip 
location. If the sample values are found in the search that are 
closer to the rail value than the sample at the estimated 
clipping location, the estimate of the clipping location is 
changed to the location of the point nearest the rails. 

[0069] Preferably, only a feW points on either side of the 
estimated clipping location in the search are considered. 
This limits the need for computing a full IDFT at step 168. 
A feW points of the IDFT can be computed to obtain the 
required information, eg the IDFT at the estimated clipping 
location and tWo points on either side of that can be 
computed for a total of ?ve IDFT points. 

[0070] Based on the best estimate of alpha (0t) and (d), the 
clipping compensation signal E[k] can be computed at step 
170. While E[k] can be generated as a time-domain signal, 
some advantages are provided by directly computing the 
frequency-domain compensation signal. Thus, the compen 
sation signal E[k] can be directly added to the FEQ output 
112 and further decoding operations can then be applied. 
This approach is preferred in some applications since it 
results in loW complexity of the receiver. 

[0071] In other embodiments, it could prove advantageous 
to generate the compensation signal E[k] in the time domain 
and add it to the time domain signal before performing 
another DFT operation. 

[0072] The clipping estimation and correction method 150 
can be veri?ed in the context of an ADSL transmission 
system operating over a standard 24 AWG tWisted pair to 
verify operation and performance. FIG. 5 shoWs a frame of 
data 200 generated by an ADSL DMT transmitter. The 
dashed lines 202, 204 represent the maximum amplitude 
levels supported in the transmitter. Also shoWn is a sample 
point 206 that exceeds the maximum alloWable signal level 
levels for the system 10. 

[0073] FIG. 6 shoWs the same frame of data 200 after 
clipping Wherein the neW largest value 208 ?tting Within the 
rails. The signal 200 has been clipped 208 to an amplitude 
value that is contained Within the limited values supported 
by the ADSL modem. As explained above, the most prob 



US 2001/0001007 A1 

able location Where the signal Was clipped are in the IDFT 
operation 64, the DAC 70, the transmit ?lter 72 and the line 
driver 74. 

[0074] FIG. 7 shoWs the response curve 210 of the DSL 
channel used in the simulation. Note that the impulse 
response 212 of the ADSL channel overlaps With the voice 
band Which extends from 20 HZ to 3.4 KHZ. 

[0075] FIG. 8 shoWs the subchannel SNR of a single 
received data frame for each of the 255 subchannels. The 
original SNR 220 is shoWn by the dashed line. The enhanced 
signal 222 is shoWn by the solid line. Because of the 
signi?cant clip at the transmitter, the subchannel SNR is 
limited to about 36 dB. The SNR after enhancement of 
signal 222 results from application of the clipping estimation 
and correction method 150 according to the present inven 
tion. As before, overlap of the response signal from the 
ADSL channel is shoWn overlapping the voice band. 

[0076] As shoWn, the SNR at the receiver after enhance 
ment With the clipping estimation and correction method 
222 has been increased dramatically. In the high-frequency 
regions Where the channel noise is greater than the clipping 
noise, the original and enhanced SNR are roughly equiva 
lent. In general, When large clips occur at the transmitter, a 
more dramatic improvement is observed because the origi 
nal system SNR is very loW. 

[0077] Preferably, the optimal threshold to use in the 
algorithm is determined by the quality of the transmission 
channel Which, in turn, is determined by line length and 
interference characteristics. Typically, the error signal can be 
estimated more accurately When the tones are analyZed to 
estimate the clip parameters having high SNR. In one 
embodiment, the optimal threshold can be computed based 
on performance parameters required for a speci?c applica 
tion and a particular modem. 

[0078] In general, a heuristic approach for selecting the 
delay (d) and alpha (0t) based on observations of the 
transmission channel are highly effective for determining a 
near-optimal threshold setting. When the error magnitude 
computed at the receiver is small, the phase computation is 
dif?cult and the position estimate of the clip Will be inac 
curate. HoWever, if the error magnitude is large, accurate 
phase computation is reliable, and hence clip position esti 
mation is reliable. Thus, large clips Which Would cause the 
most harm are easiest to correct, While small clips that Would 
do the least damage are more dif?cult to correct. 

[0079] According to one embodiment, a correction 
method is used Wherein a threshold is set so that the 
algorithm is not applied if the clip is judged to be small 
enough that the algorithm Would not perform Well. 

[0080] The probability of having tWo or more independent 
clips in a transmitted frame is extremely small. HoWever, the 
probability is non-Zero and hence should be given some 
consideration. According to one embodiment, the clipping 
estimation and correction method 150 is applied to correct 
multiple clips With a slight modi?cation. For example, to 
correct tWo clips, the model of the clip at the transmitter is 
changed to: 

e[n]oto[n—d1]+[5o[n—d2] 
[0081] Equation 3 alloWs a correction signal to be com 
puted for tWo clips of different amplitudes and delays. The 

Equation 3 
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analysis of clipping error may be performed more carefully 
to properly estimate the parameters of the equation. Typi 
cally, more tones are required for adequate estimation of the 
parameters. At the minimum, tWo tones are used in the 
estimation procedure to determine the four parameters. 

[0082] Preferably, the transmitter clipping occurs at the 
IDFT operation 64, the DAC 70, or the early stages of the 
transmit ?lter 72 since a clip that occurs at the line driver 74 
is more dif?cult to correct since it is a nonlinear response 
that occurs betWeen components of the overall analog chan 
nel 82. A modem can be designed accordingly to guarantee 
the location of the clipping using knoWn designs. 

[0083] In one embodiment, the clip signal is modi?ed to 
represent the analog channel With tWo components. The ?rst 
component is the, part of the channel before the clip. The 
second component is the part of the channel after the clip. 
Using the modi?ed clip signal, a clip that occurs at the line 
driver 74 can be represented as a delayed and shifted 
impulse subtracted from the signal after the ?rst portion of 
the channel. 

[0084] According to one embodiment, the ?rst portion of 
the analog channel 82 is constructed at the receiver. Next, 
the FEQ 90 reverses the effect of Which includes the ?rst 
portion. Here, the FEQ 90 output frame is multiplied by the 
frequency response of the ?rst portion of the analog channel. 
At this point, the analysis and clipping compensation signal 
is computed as before. 

[0085] It is noted that the resulting compensation signal 
E[l<] can be multiplied by the inverse of the frequency 
response of the ?rst portion of the analog channel 82 before 
being added to the FEQ output 112. Essentially, this esti 
mates the delayed and scaled impulse that occurs in the line 
driver 74 and computes a compensation signal E[k] that 
appears as though the clip has traveled through only the 
second half of the transmission channel 82 as opposed to the 
entire transmission channel 82. 

[0086] While the invention has been described in conjunc 
tion With preferred embodiments, it should be understood 
that modi?cations Will become apparent to those of ordinary 
skill in the art and that such modi?cations are intended to be 
included Within the scope of the invention and the folloWing 
claims. 

What is claimed is: 
1. A method of communicating data over a Discrete 

Multi-Tone (“DMT”) communications system comprising 
the steps of: 

measuring the signal to noise ratio (“SNR”) in all oper 
ating subchannels of the system; 

transmitting SNR measurements for the operating sub 
channels to a transmitting device on said system; and 

transmitting data over each of the operating subchannels 
using the SNR measurements to affect the throughput 
of data transmitted on the system. 

2. The method according to claim I further comprising the 
steps of: 

measuring the thoughput of transmitted data over the 
operating subchannels; 

using throughput measurements to compute an estimate of 
clipping that occurred in the transmitter; 
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applying the estimate of clipping to construct a compen 
sation signal; and 

adding the compensation signal at the receiver to correct 
for clipping that occurred at the transmitter. 

3. The method according to claim 1 Wherein the step of 
transmitting data over each of said operating subchannels is 
performed by adjusting the amount of data transmitted over 
individual operating subchannels to get a better estimate of 
the clipping parameters. 

4. The method according to claim 1 Wherein the step of 
transmitting data over each of said operating subchannels is 
performed by transmitting more data in subchannels With a 
high SNR. 

5. The method according to claim 1 further comprising the 
step of designating operating subchannels With a loW SNR. 

6. The method according to claim 5 further comprising the 
step of using said operating subchannels With a loW SNR to 
compute an error signal representative of the amount of 
distortion likely to occur in each of said operating subchan 
nels. 

7. The method according to claim 5 further comprising the 
step of limiting the amount of data transmitted over said 
operating subchannels With a loW SNR to tWo bits each. 

8. The method according to claim 1 further comprising the 
step of designating operating subchannels With a high SNR. 

9. The method according to claim I further comprising the 
step of estimating the amount of transmission error that is 
likely to occur in each of said operating subchannels. 

10. The method according to claim 1 further comprising 
the step of constructing an error compensation signal to 
compensate for transmission errors that are likely to occur in 
each of said operating subchannels. 

11. The method according to claim 1 Wherein the step of 
communicating data over each of said operating subchannels 
comprises the further steps of: 

separating said data into a plurality of transmission bits; 
and 

adjusting the allocation of said plurality of transmission 
bits over said operating subchannels so that more 
transmission bits are transmitted in subchannels having 
a high SNR. 

12. A method of compensating for clipping of signals 
transmitted over a digital subscriber line (“DSL”) system, 
the signals modulated using a multi-carrier transmission 
signaling technique over multiple subchannels of the DSL 
system, the signal to noise ratio (“SNR”) of said multiple 
subchannels varying from high to loW, the method compris 
ing the steps of: 

transmitting a signal on the DSL system; 

analyZing the signal to determine if it has been clipped 
during transmission; and 

computing an error compensation signal for the signal if 
it is determined it has been clipped during transmission. 

13. The method according to claim 12 Wherein the step of 
transmitting a signal over the DSL system comprises the 
steps of: 

separating the signal into a plurality of signal compo 
nents; and 
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modulating each of the plurality of components over the 
multiple subchannels so that speci?c subchannels With 
loW SNR values carry less signal components. 

14. The method according to claim 12 Wherein the step of 
analyZing the transmitted signal to determine if it has been 
clipped comprises the steps of: 

analyZing the output from the speci?c channels desig 
nated to carry feWer bits than they are capable of 
carrying; and 

computing an error signal based on the amount of signal 
distortion occurring over said speci?c channels. 

15. The method according to claim 13 Wherein the spe 
ci?c subchannels used to compute the error signal are 
assigned 4-QAM data. 

16. The method according to claim 12 further comprising 
the step of adding the error compensation signal to all 
signals arriving at a receiver on said DSL system. 

17. The method according to claim 12 Wherein the step of 
computing an error compensation signal is performed by 
estimating the amount of clipping that may have occurred at 
a transmitter on the DSL system. 

18. The method according to claim 12 Wherein the step of 
computing an error compensation signal is performed by 
computing the amplitude and phase of the clip impulse for 
signals clipped during transmission. 

19. The method according to claim 12 Wherein the step of 
computing an error compensation signal is performed by 
computing the amplitude and phase of clips occurring in a 
single frame of data. 

20. The method according to claim 12 Wherein the step of 
computing an error compensation signal is performed by 
assuming that at least one clipping error e[n] occurred in a 
transmitter of the DSL system. 

21. The method according to claim 20 Wherein said 
clipping error e[n] is modeled as an impulse of amplitude 
(0t) and delay (d) governed by the relationship e[n]=oto 
(n-d). 

22. The method according to claim 21 Wherein the step of 
analyZing the signal to determine if it has been clipped 
during transmission is performed by the further steps of: 

forming an initial estimate of the position of any possible 
clipping impulses Within a frame of data; 

is sampling signal values Within the frame on either side 
of the initial estimate; and 

determining if the sampled signal values are closer to the 
rails of the DSL system than the estimate. 

23. The method according to claim 22 Wherein the initial 
estimate of the position of the clip Within the frame of data 
is changed to a sample location Where the sampled signal 
value is closer to the rail than the initial estimate. 

24. The method according to claim 22 Wherein only a feW 
points on either side of the initial estimate are considered. 

25. A device for communicating information over a dis 
crete multi-tone communications system comprising: 

an analog front end coupling said device to said commu 
nications system; 

a signal processing circuit driving said analog front end; 
and 

an interface capable of transmitting digital data from an 
independent processing system to the signal processing 
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circuit, the signal processing circuit con?gured to con 
vert the digital data to analog signal Waveforms and 
transmit the Waveforms over the communications sys 
tem via the analog front end. 

26. The device according to claim 25 further including a 
storage device containing a plurality of program instructions 
that control the functionality of said signal processing cir 
cuit, said storage device operably linked to said independent 
processing system. 

27. The device according to claim 25 Wherein said pro 
gram instructions form routines that cause the signal pro 
cessing circuit to perform the folloWing functions: 

transmit signals over the communications system; 

receive signals transmitted over the communications sys 
tem; 

analyZe received signals to determine if they have been 
clipped during transmission; and 

compute error compensation signals for signals that are 
clipped during transmission. 

28. The device according to claim 27 further including a 
microprocessor coupled to said signal processing circuit, the 
microprocessor con?gured to read said program instructions 
and cause said signal processing device to perform said 
functions. 

29. The device according to claim 25 Wherein said signal 
processing circuit contains a digital-to-analog conversion 
circuit for converting digital signals to modulated analog 
equivalents suitable for transmission on said communica 
tions system. 

30. The device according to claim 29 Wherein said modu 
lated analog equivalents are T1.413 compliant signals. 

31. An asymmetric digital subscriber line (“ADSL”) 
modem supporting T1.413 standard transmission/reception 
functions over a discrete multi-tone communications sys 
tem, the ADSL modem communicable linked to an inde 
pendent processing system and comprising: 

an interface having an analog side and a digital side, the 
analog side coupled to the communications system; 
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a signal processing device for transmitting and receiving 
signals to and from the communications system, the 
signal processing device having a system side and a 
user side, the system side coupled to the digital side of 
the interface; and 

a user interface coupled to the user side of the signal 
processing device and forming a communications path 
Way betWeen the independent processing system and 
the ADSL modem. 

32. The ADSL modem according to claim 31 Wherein said 
signal processing device contains a conversion circuit for 
converting betWeen T1.413 compliant digital and analog 
signals. 

33. The ADSL modem according to claim 31 further 
comprising a plurality of stored program segments operably 
coupled to said signal processing circuit for controlling the 
functions thereof. 

34. The ADSL modem according to claim 33 Wherein said 
stored program segments are capable of causing said signal 
processing circuit to measure the signal to noise ratio of 
transmitted signals over said communications signal. 

35. The ADSL modem according to claim 33 Wherein said 
stored program segments are capable of causing said signal 
processing circuit to perform the folloWing functions: 

analyZe original signals received from the communica 
tions system to determine if they have been clipped 
during transmission; 

compute error compensation signals for original signals 
that are clipped during transmission; and 

add computed error compensation signal to the original 
signals received to obtain corrected analog signals. 

36. The ADSL modem according to claim 35 Wherein said 
stored program segments are further capable of causing said 
signal processing circuit to convert analog signals to their 
digital data equivalent, said analog signal comprising both 
original analog signals and corrected analog signals. 


