
SI
GN

AL
 

TO 
Q

UA
NT

IZ
AT

IO
N 

DI
ST

OR
TI

ON
 

RA
TIO

 
(d

B
)

INPUT LEVEL (dflmO)
FIGURE 38 S GNAL TO QUANTIZATION DISTORTION PERFORMANCE F OR A  IMPERFECT

OECOOER WITH A STEP GENERATOR OFFSET ERROR



4 .0  

3,3

5 .0

2,5

2,2 
2.0

•.9 

1,0

0,5

0

i -0*9 

I -1,0 

§  -1 .5

i -*•’ 

- 3 ,0

-5 ,5

- 4 , 0

“I—  

-6 0
1 —  

-50
~l—  

-4 0
“I—

-5 0
~r~

-20
~T~
-10

--1------

0 *10 

INPUT LE V E L (d B ^O )
FIGURE 39 GAIN TRACKING PERFORMANCE FOR A IMPERFECT OECODER HAVING A STEP GENERATOR OFFSET ERROR

vO



6fl

2.3.3 Step generator gain error

If the levels generated by the step generator referred to 

above are in error by a multiplicative factor (usually less 

than 1), the result will be that although all chord 

endpoints will remain fixed, the first 15 steps of each 

chord will be smaller than in the ideal case, the last one 

being largei than the ideal to make up for the fact that the 

total chord size must remain the same.

The quantization distortion and gain tracking performance of 

the encoder, for this type of error, is shown in figures 40 

and 41 respectively. The performance for the decoder is 

shown in figures 42 and 43.

The imperfections illustrated above are considered to be a 

fair representation of some of the imperfections that can be 

found in commercially available codec circuits under going 

test. In the above discussion an assumption was made that 

all chord endpoints remained fixed. A logical extension to 

this would be chord endpoint location errors, which are not 

considered in the present work.

2.4 Test system parameters

As mentioned earlier in this chapter, one of the main 

requirements for the test strategy to meet is a compromise 

between measurement accuracy and test time. The two

quantities are interdependent and it is the purpose here to 

specifv, the test system parameters, input resolution and 

number of samples at each point, so as to achieve the best 

possible solution. In addition, the proposed test system 

makes use of the Fast Fourier Transform (FFf) for distortion 

analysis in the frequency domain. As a result the frequency
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of the input signal used to excite the codec under tf ‘ 

to be chosen with care.

2.4.1 Number of samples at each test poi nt

The time required to test the device at each input It * 

point is directly proportional to the number of sampl 

taken at each point. In addition, the number of sample 

taken at each input level point affects the measur«rr>' • 

accuracy at that point.

In order to examine the dependence of measurement u r « 

on the number of samples per test point, the simulati 

package TESTS was used to obtain the quantization distort: r 
and gain tracking values for an ideal codec at ar inp * 

level of -10dBmO. The input signal frequency jsed w.

1031.25 hertz. The reason why a 1031.25 hert? tes* ign 

frequency is used is discussed later. The results :• pt’ ■ 

in table 1.

TABLE 1 The effect of sample size on measurement •- : r.-

Number of 

samples

Quantization

distortion

(dB)

Gain tracklno 

(dB)

Tes- * * i i

256 42.13 -0.0025

128 42.17 -0.0236 11

64 4) .49 -0.0243 H

32

. .  .

41 .24 0.0157 4
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The sampling frequency used (8kHz) results in samples being 

taken every 125 microseconds. The test time is calculated 

from this. The iteration time of the FFT processor is not 

taken into account, owinq to the fact that FFT hardware 

processors are available which have the capability of 

performing a 256 point FFT in under 1 millisecond [Rabiner 

and Gold , 1975].

To determine the quantization distortion and gain tracking 

with absolute measurement accuracy, a stochastic simulator 

is needed which provides the mathematical equivalent of an 

infinite number of samples per test point (Attridge et al., 

1979]. With this as a basis, values obtained using a fewer 

number of samples per test point, can ^e compared with the 

absolute measurement value, so as to obtain the best value 

for the number of samples. This was not done in the present 

work. Instead, the number of samples suggested by Dell 

(1981] and Attridge et. al., in the literature, were 

examined in the light of the information contained in table 

1.

Attridge et al. quote their ^asurement accuracies for the 

gain tracking measurement. For 400 samples they obtain a 

measurement uncertainty of 0.01 dB when compared with the 

absolute measurement value obtained from the stochastic 

simulator. tor 1C0 samples they obtain a measurement 

uncer tainty of 0.05 dB with a 75 per cent reduction in test 

time, viz. 12.5 milliseconds. From table 1, comparing the 

results obtai ned for gain tracking using a 256 sample size 

and a 128 sample size, we get a difference of P.P2dB. Thus, 

as a rough approximation, using 256 samples would improve 

the measurement uncertainty to 0.03 dB. The test time would 

now increase to 32 milliseconds.

Dell (1981] suggests usinq 32 samples for both quantization 

distortion and qain tracking. Comparinq the values shown in
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table 1, for quantization distortion us inn 256 sa~oles and 

32 samples* we obtain a difference of 0.89 ',r*. This value 

of error is too high to accept.

The decision taken is to use a samole size of 256. The 

resultinq test time oer innut test point is 32 milliseconds. 

To reduce the overall time for the entire test we need to 

look at the input level resolution required.

2.4.2 Test s ignal inn u t resolution T ~ i the - •? c h n i o u e

o f oua r ib andi ng

The inout level reso jtion determines the number of test 

ooints that are required over the inout ranqe. Difficulty 

is experlenced ia determining this owing to the complex 

nature of the characteristic curves for quantization 

distortion and gain tracking.

Figures 24 and 26 show the character:stic curves obtained 

for quantization distortion of an ideal codec using an inout 

resolution of 1 dBmO and 3.1 dBmo respectively* The larae 

vertical and horizontal oscillations, shown in fioure 2-1, 

are caused by the segmented structure of the A-law transfer 

function. As the inout is increased the distortion 

decreases until each chord endDoint is reached and then 

increases abruptly to decrease again to the next chord 

endpoint* The reason for this is that the si one of the 

commanding characteristic chanoes at each chor i endooint. 

The small oscillations within the larger oscillations, shown 

in figure 26, are ie to the quantizing stens within each 

chor : segment. An inout res Lon of 1 ■ t bigger 

sufficient to track the laroer oscillations. A resolution 

of between 0.05 d nmO and 0.2 dnmO is needed to track the 

smaller osci1lations.



The oscillations on the reference curves are due also to the 

flat topped nature of the sine wave test signal. If one uses 

a test signal with a guessian distribution, the reference 

curve does not exhibit this type of oscillation.

The question that needs to be answered is what input 

resolution do we specify? The object of the test strategy 

is to give a "qo-no go" result with regard to whether tne 

codec under test meets the specification or not. If a 

coarse resolution was adopted this would not be a problem if 

the codec characteristic curve fell close to the reference 

curve obtained for a ideal codec. However, if the codec 

under test characteristic curve came close to the CCITT 

limit it is possible to obtain an erroneous "go-no go" 

result.

This is illustrated in figure 44

Here is shown a section of the characteristic curve obtained 

for quantization distortion of a decoder having a P.75 step 

generator offset error. An input resolution of 1 dBmO and

0.1 dBmO was used. For 1 dBmO resolution, it is seen that 

the characteristic curve approaches the mask defining the 

CCITT limit,but does not fall below it. Thus if this 

resolution was used the decoder would pass the test. 

However, using a finer input resolution of 0.1 dBmO shows 

that the characteristic curve obtained falls below the CCITT 

limit at two points, around -43.10 dBmO and -40 .20 dBmO. 

Thus for a coarse resolution a bad device would be proposed 

as a good device and this would ultimately effect the yield 

of the test system as stated earlier on.
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INPUT LEVEL (<JBmO!

FIGURE 44 SECTION OF QUANTIZATION DISTORTION CHARACTERISTIC 
CURVE FOR A DECODER WITH A 0,75 STEP GENERATOR 
OFFSET ERROR

The complexity of the characteristic curve defining the 

performance of a codec under test and the constraint on the 

test time suggests the use of an adaptive measurement 

technique. This technique is used in the test strategy 

proposed in the present work.

The technique requires guardbandinq the CCITT limit. 

Initially the test on the codec is conducted at a coarse 

resolution of 1 dnmO. Should the value obtained for 

quantization distortion or qain tracking fall within the 

defined guardband, the input changes to a finer resolution



70

of 0.1 dBmO and the test is repeated around this point. 

This is shown schematically in figure 45.

If the value obtained for quantization distortion 'alls at 

point a, the device is passed and the test strategy moves 

on to the next input level pc t. The input resolution used 

3 1 d B m0 . If a value falling at point c is obtained the 

device fail3 and the test system stops. Thus no time is 

wasted on carrying out further tests on a device that does 

not meet the CCITT specification.

If the quantization distortion value obtained falls at point 

b, the input resolution changes to 0.1 dBmO and the 

guardband is removed. The test is then repeated over a 

range of 1 dB iround the input level point which resulted 

in a value at b being obtained. If the values for 

quantization distortion obtained ov : this range f^ll above 

the CCITT limit the input resolution changes back to 1 dBrr.O 

and the test procedure continues. If at any point within 

this range the value obtained falls below the CCITT limit

l e v e l

L E v€ L
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the device fails and the test system stops. The same 

technique is adopted for gain tracking measurements.

The guard band values used in the present work for 

quantization distortion measurements of the encoder and 

decoder sections of the codec are shown in figures 46 and 47 

respect ively. These values where chosen in the light of the 

characteristic curves obtained for various encoder and 

decoder imperfections discussed in section 2.3. A ?, dB 

guardband centered about the CCITT limit is used.

For gain tracking measurements the guardband combination 

shown in figure 48 is used for both the encoder and decoder.

FIGURE 4 6  CC ITT L IM IT FOR QUANTIZATION DISTORTION OF ENCODER SHOWING 
-------------------  GUARDBAND
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FIGURE 4 fl CCITT  LIM IT FOR GAIN TRACKING FOR BOTH THE ENCODER AND 
DECODER SHOWING GUARDBANQ



The guardband values for both quantization distortion and 

gain tracking, given above, may seem to be to stringent from 

the point of yield protection. However, it is felt that the 

values proposed give a certain degree of safety to ensure 

that all possible imperfections encountered in practice will 

be accounted for.

2.4.3 Test, signal frequency and cut-off frequencies 

used i n FFT processor

The Discrete Fourier Transform (DFT) is used, in the present 

work, to perform spectral analysis of the output signal from 

the codec under test. From this the harmonic content, 

caused as a result of the quantizing process, can be 

determined and thus the quantization distortion and gair. 

tracking values can be calculated. The use of Fourier 

analysis to determine the harmonic content of a quantized 

signal is mentioned in section 1.3.3.

The theory, pertaining to the use of the DFT and the Fast 

Fourier Transform (FFT) algorithms used to implement the 

DFT, is discussed extensively in the literature by Bogner 

and Constantinice 3 11975] and Rabiner and Gold (1975). The 

purpose here is to show how the input test signal frequency 

and the cut-off frequencies of the audio channel bandpass 

filter need to be chosen so as to facilitate the use of the 

DFT.

The CCITT calls for the test signal frequency to lie between 

700 hertz and 110O hertz excludirq submultiples of the 

sampling frequency. Most connercia1ly available instruments, 

which provide the single tone option, use a 850 hertz test 

signal [Hewlett Packard, 1979). Dell (1981) proposes the 

use of a 1020 hertz sine wave signal. In addition the audio 

channel bandwidth, used by all telecommunication 

administrations, has its 3 dB cut-off frequency points at 

300 and 3400 hertz.
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The use of the DFT implies a strict format for the data 

supplied for conversion. '.x. requires exactly 2n samples 

and an exact number of complete cycles, as it assumes that 

the data can be extended to an infinite, continuous 

sequence. In other words, the data must be interpolated so 

that it and ends on a zero crossing and fits in 

exactly the appropriate number of samples.

Let us consider the DFT operating on a sinusoidal signal of 

frequency fp .

The signal is sampled at a sampling frequency f such that 

fg > 2fp (Sampling theorem) (2.1)

and

The total number of samples taken is given by

N * 2n (2.3)

where n is an integer value

The period of the time window over which the DFT operates is 

given by

T - N T (2.4)

and the incremental frequency steps given by the DFT in the 

frequency domain are given by



t here fore

fs/N ( 2 . 6 )

Taking the sampling frequency as 8P00 hertz and the number 

of samples as determined earlier, to be 256, obtain a

frequency increment of

M  * 8000 Hz/256 * 31.25 Hz (2.7)

If the sinusoid has an integral number of periods in the 

time window, its Fourier transform will lie exactly on one 

of the lines in the frequency domain which we are capable of 

observing. In order to accomplish this we need to choose f,- 

such that

f0 * m Af (2.8)

where m is an integer value 

This is shown graphically in figure 49.
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A f 1 . (2.5)

V " ( 2 . 6 )

the sampling frequency as 800C! herlz and the number 

-samples as determined earlier, to be 256, we obtain a

r v . e n c y  increment of

At 800(■* z/25i = 31.25 Hz (2.7)

:  ̂nt sinust i . ha.' at integral number of periods in the 

-indow, its Fourier transfer- will lie exactly on one

• fri« line: in the- frequency domain which we are capable of 

■s«-f * j nu . I- r :• r t accomplish this we need to choose f 

it r t na t

t , - A! (2.8)

w ; t i <ir. . • h r value

i - V  w: :r ,i: h  J < a 1 l y  n  f l q u r  * 4 9.



FIGURE 4 °  FREQUENCY DOMAIN REPRESENTATION OF S'NUSOID 
WITH m AN INTEGER VALUE.

If the sinusoid does not have an integral number of periods 

in the time window, the equation f^ = m Af is still valid, 

however m is no longer allowed to be an integer. The 

frequency domain representation for this condition is shown 

in Figure 50.

/■v- V I

?
V vV \

A?

0̂ f

FIGURE 50 FREOUENCY DOMAIN REPRESENTATION Of SINUSOID 
W IT^ m NOT AN INTEGER VALUE
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The DFT of a sinusoid which does not have an integral number 

of periods in the time domain will appear at more than one 

frequency, although the actual location of f(? is uncertain 

by less than A f .  Leakage to the adjacent incremental 

frequencies occurs.

Referring to figure 49 and 50, if ft, lies between mAf and 

(m+l)Af the signal value is affected. This in turn effects 

the quantization distortion and gain tracking measurement 

owing to the fact that the signal will leak to other 

frequencies and this conflicts with the assumption that it 

is only distortion components that appear at the other 

frequencies.

One method that can be used to partially eliminate this 

problem is to make use of a Hanning window. Here the 

leakage effects can be reduced by obtaining acciuate 

amplitude information at the expense of less precise 

frequency resolution. This method was not adopted in the 

work reported here. Instead, the frequency of the

sinusoidal signal used to excite the codec under test was 

chosen so that it fell directly on one of the incremental 

frequency litvr.a present in the frequency domain generated by 

the DFT.

For a sampling frequency of 8001? hertz and 256 samples taken 

within the t ime window, an incrementa 1 frequency, A f , of

31.25 hertz is obtained. Table 2 gives the frequency 

components, f.,, obtained for various integer values of m, 

using the above Af values.
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TABLE 2 Frequency component values obtained for various 

integer values of m

m

f 0 

( H Z )

8 250 .00

9 281.25

10 312.50

32 1000.00

33 1031 .25

34 1062.50

35 1093.75

36 1125.00

108 3375.00

109 3406.25

110 3437.50

To choose the test signal frequency to be used in the 

proposed test system the CCITT constraints must be met, viz 

that the frequency must lie between 700 hertz and 1100 hertz 

and that no submultiples of the sampling frequency must be 

used. The latter constraint excludes the use of 1000 hertz 

obtained with a m value of 32. From the literature, it is 

apparent that the present trend is to use a frequency of 

1020 hertz as shown in Dell [1981]. In the present work a 

test signal frequency of 1031.25 hertz was chosen.

As stated earlier, the audi channel band extends from 300 

hertz to 3400 hertz, giving a bandwidth of 3100 hertz. in 

the proposed test system, frequency components as close as 

possible to the above values where chosen, viz. 312.50 hertz 

and 3406.25 hertz, giving a bandwidth of 3093.75 hertz. The 

discrepancy between the ideal bandwidth and the bandwidth



used in the test system causes a negligible error.

In the proposed test system all signal qeneration and signal 

processing is done in software. This is discussed later. 

Thus, using a accurate test signal frequency of 1031.25 

hertz and cut-off frequencies of 312.50 hertz and 3406.25 

hertz offers no problem from the point of circuit 

implementat i o n .

2.5 Summary

In this chapter the two main criteria for a test system, 

viz. measurement accuracy and test time, are identified. It 

was found that the two criteria are conflicting and that the 

system parameters need to be chosen so as to obtain a 

compromi s e .

A sample length of 256 samples was found sufficient in order 

to give an acceptable measurement accuracy. In order to 

reduce time wastage due to lengthy test times, a 1 dBm0 and

0.1 dBm0 input signal resolution is specified. In order to 

prevent loss of yield the former resolution, 1 dBmP, is used 

together with a guardbandinq technique.

The system test signal frequency, 1031.25 hertz, and the 

audio cut-off f requenc ies, 312.50 hertz and 340 6 .25 hertz, 

are specified taking into account the use of the DFT for 

signal processinq.



79

used in the test system causes a negligible error.

In the proposed test systen all signal generation and signal 

processing is done in software. This is discussed later. 

Thus, using a accurate test signal frequency of 1031.25 

hertz and cut-off frequencies of 312.50 hertz and 3406.25 

hertz offers no problem from the point of circuit 

implementat i o n .

2.5 Summary

In this chapter the two main criteria tor a test system, 

viz. measurement accuracy and test tame, are identified. It 

was found that the two criteria are conflicting and that the 

system parameters need to be chosen so as to obtain a 

compromi s e .

A sample length of 256 samples was found sufficient in order 

to give an acceptable measurement accuracy. In order to 

reduce time wastage due to lengthy test times, a 1 dBmP and

0.1 dBm0 input signal resolution is specified. In order to 

prevent loss of yield the former resolution, 1 dBm?, is used 

together with a guardbanding technique.

The system test signal frequency, 1031.25 hertz, and the 

audio cut-off frequencies, 312.50 hertz and 3406,25 hertz, 

are specified taking into account the use of the DFT for 

signal processing.
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