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(57) ABSTRACT 

Digital ?ltering and sample rate conversion blocks are 
combined in order to reduce hardware and/ or computational 
complexity. A novel ?lter design is used to perform sample 
rate conversion. The ?lter may be combined With another 
digital ?lter. TWo embodiments may be used to achieve this 
function. In a ?rst embodiment, the ?lter may be clocked at 
a ?rst (i.e., input) data rate (i.e., before rate conversion). In 
a second embodiment, the ?lter may be clocked at the 
second (i.e., output) data rate (i.e., after rate conversion). In 
both cases, the ?lter’s basic structure remains essentially the 
same, but some extra terms are added to handle the rate 
conversion. The present application is directed toWard a 

(51) Int. Cl. sample-rate conversion ?lter using the output data rate clock 
H03M 7/00 (2006.01) as the ?lter clock. 
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SAMPLE RATE CONVERSION COMBINED WITH 
FILTER 

FIELD OF THE INVENTION 

[0001] The present invention relates to a method and 
apparatus for performing sample rate conversion. In particu 
lar, the present invention is directed toWard a technique and 
apparatus for combining digital sample rate conversion With 
digital ?ltering. 

BACKGROUND OF THE INVENTION 

[0002] Sample-rate conversion (SRC) refers to the process 
of translating a sequence of discrete data samples With a 
certain sampling rate into another sequence With a different 
sampling rate, While preserving the information contained in 
the original sequence. Sample rate conversion can be a 
relatively simple technique Where the tWo sample rates are 
related by a fairly small integer ratio. For example, if the 
ratio of sample rates is 4:5, the input signal only needs to be 
upsampled by a factor of four and then, after appropriate 
?ltering, doWn-sampled by a factor of ?ve. 

[0003] FIG. 1 illustrates an example of such a Prior Art 
sample rate conversion technique. In this Prior Art embodi 
ment, input data may be upsampled by a factor of M in 
upsampler 110, to produce an upsampled data stream. 
Upsampling may comprise the process of creating neW 
intermediate samples by inserting samples of value Zero as 
intermediate values. Upsampled data may be ?ltered in loW 
pass ?lter 120, Which may comprise a digital ?lter. The 
resultant data may be doWnsampled by a factor of N in 
doWnsampler 130 Which may decimate unWanted data 
samples. DoWnsampling may comprise decimating (elimi 
nating) intermediate sample values to create a neW sample 
set at the desired output sample rate. 

[0004] LoW pass ?lter 120 may be used to eliminate 
spectral “images” produced When upsampling. Such images 
are illustrated in FIG. 2. Referring to FIG. 2, the sample data 
at rate fs is illustrated, along With image data produced 
during upsampling at sample rates 2 fs and 3 fs. FIG. 3 
illustrates hoW ?ltering may be used to eliminate undesirable 
images While preserving desirable data, as illustrated in FIG. 
4 to produce sample rate converted data as illustrated in FIG. 
5. 

[0005] In the example given above for a ratio of sample 
rates of 4:5, M Would equal 4 and N Would equal 5. Such a 
Prior Art sample rate conversion technique may be suitable 
for relatively simple rate conversions. HoWever, not all 
scenarios Where sample rate conversion is desired have such 
simple sample rate ratios. For example, When converting by 
more drastic ratios (e.g., 124:359) the amount of processing 
required to upsample and then doWnsample may be prohibi 
tive. 

[0006] As compared to the simpler scenario Where the 
sampling rates are related by a relatively simple ratio, the 
term “asynchronous sample-rate conversion” is often used to 
signify situations Where the ratios are rather ill-de?ned 
numbers such that their least common multiple is a very 
large number. Asynchronous sample rate conversion is par 
ticularly applicable in cases Where data is at the “same” 
sampling rate, but created With a different clock crystal, and 
thus at a slightly different sampling frequency. Thus, one set 

Jun. 28, 2007 

of data might have a sample rate of a “fast” 48 KHZ and 
another might have a sample rate of a “sloW” 48 KHZ. Such 
ratios like this that are close to 1:1, but not exact, fall into 
the category of “asynchronous sample-rate conversion.” 
Asynchronous sample-rate converters are commonly used 
When bridging tWo systems that are on different sampling 
rates and/or master operating clocks. 

[0007] Additionally, in the ?eld of audio, there are various 
standards that utiliZe different sampling rates such as 32 
KHZ, 44.1 KHZ, 48 KHZ, and so on, and sample rate 
converters are commonly used to interconnect different 
systems With the different standards. 

[0008] There are times When a digital data stream needs to 
be converted to a different sampling frequency and in 
addition, be ?ltered in some Way. One Way to accomplish 
this task Would be to have a sample rate conversion block 
folloWed by (or preceded by) a ?lter block. Such a setup 
Would look like one of the block diagrams illustrated in FIG. 
10. In the tWo Prior Art embodiments of FIG. 10, an input 
signal u(k) 1710 may be fed to a sample rate converter 1720 
and a digital ?lter 1730, in either order depending upon 
Which side of the SRC the ?ltering is performed. Sample rate 
converter 1720, as discussed previously herein, alters the 
sample rate of the digital input data u(k) to a different 
sampling rate than the input signal, and may be either 
synchronous or asynchronous. Digital ?lter 1730 may per 
form a number of digital ?ltering operations as desired by a 
user to alter the input signal. Output signal y(k) is thus 
suitably ?ltered and converted for a desired end use. 

[0009] Applications for such sample rate conversion and 
digital ?ltering are relatively common, particularly in the 
digital audio arts. The PriorArt solutions of FIG. 10, While 
intuitive, require separate components and/or softWare for 
the digital ?ltering and sample rate conversion steps. Given 
that both functions may be required in a number of appli 
cations, it Would be advantageous to combine both functions 
into one system, to reduce the complexity of hardWare 
and/or softWare. 

SUMMARY OF THE INVENTION 

[0010] In the present invention, the digital ?ltering and 
sample rate conversion blocks are combined in order to 
reduce hardWare and/or computational complexity. The 
present invention accomplishes both tasks using a novel 
?lter design to perform sample rate conversion. The ?lter 
may also be used to perform other digital ?ltering functions, 
thus providing a single hardWare/softWare technique to 
perform both functions. 

[0011] In the present invention, the process of sample rate 
conversion may be combined With another digital ?lter. TWo 
embodiments may be used to achieve this function. In a ?rst 
embodiment, the ?lter may be clocked at the output data rate 
(i.e., the data rate after rate conversion). In a second embodi 
ment, the ?lter may be clocked at the input data rate (i.e., the 
data rate before rate conversion). In both cases, the ?lter’s 
structure is modi?ed in a novel Way to handle the rate 
conversion. The present application is directed toWard a 
sample-rate conversion ?lter using the output data rate clock 
as the ?lter clock. 

[0012] The technique of the present invention may be used 
to modify any loW pass In?nite Impulse Response (IIR) ?lter 
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With SRC modi?cation terms to remove spectral images that 
are associated With sample rate conversioniWithout 
increasing the number of states in the original ?lter. Thus, an 
IIR ?lter used for other ?ltering purposes (e.g., audio 
processing or the like) can double as a sample rate converter, 
based on this invention. 

[0013] The present invention includes a method of con 
verting input data samples provided at a ?rst sample rate to 
output data samples at a second sample rate unequal to the 
?rst sample rate. An IIR ?lter, Whose internal states are 
updated at the second sample rate, ?lters the input data 
samples to produce output data samples at the second 
sample rate. If a neW input sample arrives at a time differing 
from the update of the IIR ?lter’ s internal states, then at least 
one internal state of the In?nite Impulse Response ?lter may 
be modi?ed to account for the time difference. 

[0014] In some implementations, at least one internal state 
of the HR ?lter is modi?ed only When the input value 
changes When the input arrives at a time different from the 
update of the HR ?lter’s internal states. In other implemen 
tations, at least one internal state of the HR ?lter is alWays 
modi?ed When the input arrives at a time different from the 
update of the HR ?lter’s internal states, regardless of 
Whether the input changes value at that time. 

[0015] In a preferred embodiment, the input changes value 
no more than once betWeen updates of the IIR ?lter’s 
internal states. 

[0016] The IIR ?lter’s internal states may comprise a 
vector X representing current states, vector X‘ representing 
What those states Will be at the next point in time, vector U 
representing an input to the ?lter, and vector Y representing 
output of the ?lter, and matrices A, B', C, and D determine 
hoW the internal states are updated and hoW outputs are 
made from the internal states, Wherein state variable descrip 
tions are represented as 

Wherein the B' matrix may comprise a column matrix Whose 
elements are polynomials in 2'1. Furthermore, the polyno 
mials in the B' matrix may be of increasing degree With 
respect to the coef?cients of 2'1. 

[0017] In one embodiment, the sample rate conversion 
technique of the present invention may be combined With 
integer interpolation or decimation stages in order to achieve 
further sample rate conversion. This embodiment may be 
useful to guarantee that the input changes value no more 
than once betWeen updates of the IIR ?lter’s internal states. 
It may also be useful since creating a higher sampling rate 
into the IIR ?lter generally reduces the complexity or 
accuracy required of the SRC modi?cation term(s). 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0018] FIG. 1 is a block diagram illustrating hoW tradi 
tional sample rate conversion is performed. 

[0019] FIG. 2 is a spectrum diagram illustrating the result 
ing data and artifacts produced after upsampling the input 
digital signal. 
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[0020] FIG. 3 is a spectrum diagram illustrating the result 
ing data and artifacts produced after upsampling the input 
digital signal, highlighting the desired data portion of 
upsampled digital signal. 
[0021] FIG. 4 is a spectrum diagram illustrating the result 
ing data after artifacts have been ?ltered out With a loW pass 
?lter. 

[0022] FIG. 5 is a spectrum diagram illustrating the result 
ing data after sample rate conversion. 

[0023] FIG. 6 is a diagram illustrating input and output 
sequences for a 5:4 sample rate conversion. 

[0024] FIG. 7 is a block diagram of a 5th order In?nite 
Impulse Response (HR) digital ?lter. 

[0025] FIG. 8 is a block diagram of a modi?ed version of 
the digital ?lter of FIG. 7 forming a sample rate converter 
With an IIR ?lter clocked at the output data rate, illustrating 
a ?rst method With dedicated calculations of the modi?ca 
tion functions based on the fractional time. 

[0026] FIG. 9 is a block diagram of a modi?ed version of 
the digital ?lter of FIG. 7 forming a sample rate converter 
With an IIR ?lter clocked at the output data rate, illustrating 
a second method With table lookup of the modi?cation 
functions based on the fractional time. 

[0027] FIG. 10 is a Prior Art block diagram illustrating 
hoW sample rate conversion and digital ?ltering Were per 
formed as separate steps in the Prior Art. 

[0028] FIG. 11 is a block diagram of a processor for 
converting a PCM audio stream from a 48 KHZ sample rate 
to a 6.144 MHZ (“high rate”) stream. 

[0029] FIG. 12 is a plot from 0 to fS of the original 
frequency response for the example of FIG. 6. 

[0030] FIG. 13 is a plot from 0 to fS of the frequency 
response, as upsampled by 4, for the of FIG. 6. 

[0031] FIG. 14 is a frequency response diagram for H0. 

[0032] FIG. 15 is a frequency response diagram for H1. 

[0033] FIG. 16 is a frequency response diagram for H2. 

[0034] FIG. 17 is a frequency response diagram for H3. 

[0035] FIG. 18 is a frequency response diagram for H4. 

[0036] FIG. 19 is a plot of the product of transfer functions 
HOPO. 
[0037] FIG. 20 is a plot of the product of transfer functions 
HlPl. 
[0038] FIG. 21 is a plot of the product of transfer functions 
H2P2. 
[0039] FIG. 22 is a plot of the product of transfer functions 
H3P3. 
[0040] FIG. 23 is a plot of the product of transfer functions 
H4P4. 
[0041] FIG. 24 is the sum of the above transfer functions 
of FIGS. 19-23. 

[0042] FIG. 25 illustrates the overall transfer function in 
FIG. 24 With the polynomial modi?er of highest degree 
removed. 
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[0043] FIG. 26 illustrates the overall transfer function in 
FIG. 24 With the tWo highest degree polynomial modi?ers 
removed. 

[0044] FIG. 27 illustrates the overall transfer function in 
FIG. 24 With the three highest degree polynomial modi?ers 
removed. 

[0045] FIG. 28 illustrates overall transfer functions 
obtained With the feedback terms removed from A When 
calculating B', With three neW Zeros. 

[0046] FIG. 29 illustrates the transfer function of FIG. 28 
after Zooming in around the center notch. 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0047] FIG. 7 is a block diagram of a 5th order In?nite 
Impulse Response (IIR) digital ?lter. IIR ?lters are one of 
tWo primary types of digital ?lters used in Digital Signal 
Processing (DSP) applications (the other type being Finite 
Impulse Response or FIR). The impulse response is “in? 
nite” because there is feedback in the ?lter. If an impulse (a 
single “1” sample folloWed by many “0” samples) is input 
into the ?lter, an in?nite number of non-Zero values Will 
come out (theoretically). 

[0048] Basic information on the design and operation of 
IIR ?lters can be found, for example, in “DESIGN OF IIR 
FILTERS” (Samir V. Ginde & Joseph A. N. Noronha), 
Virginia Polytechnic and State University, (WWW.ee.vt.edu/ 
~jnoronha/dsp_proj2_report.pdf), incorporated herein by 
reference. Further basic information on IIR ?lters can also 
be found at “In?nite Impulse Response” (http://en.Wikipe 
dia.org/Wiki/In?nite_impulse_response) from Wikipedia, 
the free encyclopedia, also incorporated herein by reference. 

[0049] Referring to FIG. 7, each of blocks 720, 730, 740, 
750, and 760 (xO-x4) represents a unit memory delay (e.g., 
?ip-?op). Blocks 710, 712, 722, 732, 742, and 752 (cl-c5) 
represent ?lter coe?icients. Elements 715, 725, 735, 745, 
and 755 are adders, Which add the feedback signals to the 
internal states, as modi?ed by the corresponding ?lter coef 
?cients. The output of each state is also fed back to the adder, 
and this “integrator topology” is common in audio applica 
tions because it has good numerical behavior With ?xed 
point arithmetic. Input signal u(k) 705 is input to one end of 
the ?lter and then is clocked through the ?ip-?ops 720, 730, 
740, 750, and 760, modi?ed by the ?lter elements at each 
stage. The output signal y(k) represents the output of the 
?lter. 

[0050] In the diagram of FIG. 7, u(k) represents the 
incoming data, y(k) the outgoing data, and x0, x1, x2, x3, and 
x4 are internal states (they are unit delays Z_l) so in terms of 
state variable decsription, the ?lter can be represented as 
folloWs: 

X=z’lX’ 

[0051] State variable descriptions of ?lters (also knoWn as 
“intemal descriptors”) keep track of all past history via 
states. The vector X represents the current states. The vector 
X‘ represents What those states Will be at the next point in 
time. The vector U represents the input to the ?lter, While the 
vector Y represents the output of the ?lter. Matrices A, B, C, 
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and D determine hoW the states are updated, and hoW the 
outputs are made from the internal states. 

[0052] From the IIR ?lter in FIG. 7, the explicit matrices 
are: 

1000-01 

1100-02 

A—OllO—c3 
0011 —04 

00011-05 

C1 

0 

8-0 

0 

0 

=[00001] 

D=[0] 

X0 

X1 

X-x2 

[0053] and U and Y are both l><l matrices containing the 
kth input and output. 

[0054] This general ?lter structure can be used in a variety 
of Ways, but in one embodiment of the present invention, the 
?lter may be a delta-sigma modulator, Where the input u(k) 
may be considered a “high-rate” PCM digital audio stream, 
and the output y(k) feeds a DAC With a loW number of input 
bits. As used in the present application, the term “high-rate” 
may mean that the PCM audio might originally be sampled 
at 48 KHZ, but for the purposes of illustration may be 
processed to convert it to a 6.144 MHZ (“high -rate”) stream. 
FIG. 11 is a block diagram of a processor for converting a 
PCM audio stream from a 48 KHZ sample rate to a 6.144 
MHZ (“high rate”) stream. 

[0055] Referring to FIG. 11, 16-bit PCM audio input at 48 
KHZ sample rate 2210 is fed to up sampler 2220 Which 
upsamples the signal by a factor of four to a 192 KHZ sample 
rate. LoW pass ?lter 2230 removes any artifacts from the 
upsampling process, and the signal is further upsampled in 
up-sampler 2240 by a factor of 2 to produce an upsampled 
signal at a sample rate of 384 KHZ. The resultant signal is 
then linearly interpolated in interpolator 2250. The system 
may be further upsampled in sample and hold unit 2260 by 
a factor of 16 to produce an output signal u(k) at the desired 
sample rate of 6.144 MHZ. The rate conversion illustrated in 
FIG. 11 involves only integer multiples, and is straightfor 
Ward to implement. The actual method of creating the 
high-rate stream from the loW-rate stream is immaterial; it 
simply illustrates this invention in the context of an audio 
system, as We Will noW demonstrate. 

[0056] For example, ?lter 1730 in FIG. 10 is an IIR ?lter 
Whose inputs are the u(k) outputs of the ?lter of FIG. 11, and 
the IIR ?lter is clocked at 6.75 MHZ. y(k) Will be output at 
6.75 MHZ even though the sample input is only coming at 
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6.144 MHZ. To account for the clock signal differences, the 
input samples can be converted to 6.75 MHZ before feeding 
them to the ?lter (as shoWn in FIG. 10), or the rate 
conversion could be integrated into the IIR ?lter itself. 
Integrating rate conversion into the IIR ?lter is the primary 
objective of the present invention. 

[0057] The ratio of the tWo aforementioned clock signals 
6.75/6.144 is equal to 1125/1024, the factor by Which the 
original data rate needs to increase to make it Work With a 
6.75 MHZ clock. Using traditional sample rate conversion 
techniques, the data can be upsampled by M=1125 and after 
appropriate ?ltering, doWnsampled by N=1024. HoWever, 
the ratio of 5/4 Will be used in the present discussion for the 
sake of example. 

[0058] In the initial examples, the high rate PCM stream 
is 4 MHZ and the delta-sigma ?lter is clocked at 5 MHZ. 
These numbers are not supposed to approximate anything in 
a real application, but rather to just make the example easier 
to folloW and illustrate. 

[0059] In FIG. 6, the u(k)’s in boxes represent the high 
rate PCM data coming into the ?lter, While the y(k)’s in 
boxes represent the data coming out of the ?lter. The ticks 
on the time-line make it clear that the output rate is 5/4Lh the 
input rate. 

[0060] Furthermore, the u(k)J-’s that are not in boxes are a 
conceptual tool. In order to accomplish the rate conversion, 
it is hypothetically assumed that the incoming data has been 
sampled and held at a rate 5 times faster than the already 
“high-rate” PCM data. Thus, u(k)J-=u(k) for every j. This 
relationship is required to make the folloWing mathematical 
derivations. 

[0061] The original state variable descriptions can be 
represented as folloWs: 

X=z’lX’ 

[0062] Those equations describe an original system at an 
original sampling rate Which is equivalent to a neW system 
Whose sampling frequency is 4 times as fast as the original 
system, When the last equation is changed to X=Z_4X'. By 
equivalent, it is meant that the frequency response of the 
original system is the same as the frequency response of the 
neW system for all frequencies. 

[0063] For example, if the original frequency response 
looks as depicted in FIG. 12, then upsampling by 4 gives a 
frequency response illustrated in FIG. 13. Both plots in FIG. 
12 and FIG. 13 are from 0 to f5, not fS/2. 

[0064] Operating as if the unit delays in the original ?lter 
of FIG. 7 Were replaced by delays of 4 time units, the 
conceptual sample-and-held u(k)J-’s in FIG. 6 can be vieWed 
as the IIR ?lter inputs, rather than the original u(k)’s. 

[0065] In using the original u(k)’s, at the time of each 
output y(k), the internal state variables Would be updated via 
the equation X'=AX+BU. Because of the rate differences 
betWeen the input u(k) and the outputs y(k), What the value 
of BU should be is unclear, as is illustrated in FIG. 6. 

[0066] HoWever, and noting again that this is a conceptual 
exercise, if the internal states could be updated at fractional 
steps in time, then the BU Would not be ambiguous, as the 
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u(k)J-’s could be used as inputs. Updating X‘ at fractional 
points in time is easy by taking fractional poWers of the 
matrix A, as long as there are inputs Which correspond to the 
fractional time spacing. Thus, a motivation is provided for 
the conceptual u(k)J-’s. 
[0067] The four fractional updates betWeen y(k) and y(k+ 
1) may look as folloWs: 

X4=AU4X3+BU 
[0068] Wherein XO corresponds to the time X in the origi 
nal state equations and X4 corresponds in time to the X‘ in 
the original state equations, and U is the relevant input for 
that time step. Also XO=Z_1X1 and X4=Z_4XO 

[0069] For an explicit example betWeen y(O) and y(1), this 
means that: 

[0070] From a Z-transform point of vieW (in the concep 
tually upsampled domain) this may be represented as: 

[0071] One can substitute and simplify the above equa 
tions as folloWs: 

[0072] Or, reWriting everything in the original format, 
yields: 

[0073] For a rate conversion ratio of 1:1 (i.e., no real 
change of rate), the above equations produce output, Which 
differs from the regular non-modi?ed internal state update 
equations. HoWever, When properly implemented, the dif 
ference is negligible, and in fact, this invention derives a 
general frameWork for adding “SRC modi?cation terms” to 
an IIR ?lter. There are many changes Which can be made to 
the invention, Which are done on the basis of performance 
requirements, but do not depart from the intent or scope of 
the original invention. 

[0074] To simplify matters and avoid complex matrix 
equations, the folloWing are some examples of the above 
derivation With explicit matrix values shoWn. 

[0075] Referring back to FIG. 7, the coef?cients c1, c2, c3, 
c4, and c5 (712, 722, 732, 742, and 752, respectively) appear 
in the matrices A and B discussed previously. These coef 
?cients determine some frequency response characteristics 
of the system, and one reasonable Way to select them is such 
that the resulting ?lter Will roll off like a ButterWorth ?lter. 
The ci’s can be chosen in this Way to create a ButterWorth 
















