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Recommendation O.133 

EQUIPMENT FOR MEASURING THE PERFORMANCE OF  
PCM ENCODERS AND DECODERS 

(Geneva, 1984; amended at Melbourne, 1988) 

1 Introduction 

1.1 Encoders and decoders conforming to Recommendation G.711 [1] for converting voice-frequency signals to 
digital (PCM) signals and vice versa are contained in various equipments described by relevant CCITT 
Recommendations. Examples of these equipments are: 

– PCM multiplexers (Recommendations G.732 [2] and G.733 [3]); 

– transmultiplexers (Recommendations G.793 [4] and G.794 [5]); 

– subsystems of digital exchanges (e.g., Recommendation Q.517 [6]). 

 To ensure that the overall performance limits specified in the CCITT Recommendations are always met where 
the PCM equipments are interconnected, it is necessary to separately specify and measure the ςanalogue-digital (A-D) 
and ςdigital-analogue (D-A) performance of the equipments. In addition, ςanalogue-analogue (A-A) and ςdigital-digital 
(D-D) measurements have to be carried out. 

1.2 The measuring instrumentation described below allows these measurements to be made on PCM equipments 
operating at 2048 kbit/s and/or 1544 kbit/s as specified in Recommendations G.732 [2], G.733 [3], G.793 [4], G.794 [5] 
and relevant Series Q Recommendations. 

2 General 

2.1 Measuring functions and physical configuration 

 The instrumentation described in this Recommendation consists of the following functional units. 

2.1.1 An analogue signal generator to apply voice-frequency signals to the analogue input ports of the equipment 
under test. 

2.1.2 An analogue signal analyzer to process voice-frequency signals received from the analogue output ports of the 
equipment under test. 

2.1.3 A digital signal generator to apply test signals to the digital input ports of the equipment under test. 

2.1.4 A digital signal analyzer to process signals received from the digital output ports of the equipment under test. 

2.1.5 The four units mentioned in §§ 2.1.1 to 2.1.4 may be provided in any convenient physical arrangement as 
determined by the supplier. 

2.1.6 The functions described in §§ 2.1.3 and 2.1.4 may be realized using either conventional analogue-to-digital and 
digital-to-analogue conversion techniques, or by direct digital processing techniques. 

2.2 Measuring accuracy and compatibility objectives 

2.2.1 As a general objective, the accuracy of the measuring instrumentation should be an order of magnitude better 
than the relevant performance limits of the equipment under test. Due to technical and cost limitations, however, it may 
not always be possible to meet this objective. 

2.2.2 In addition errors may increase if instrumentation of different design is interworking or if the input and output 
parts of the equipment under test are not accessible at the same location (end-to-end measurements). 

2.2.3 Where the test methods of Recommendations such as O.131 or O.132 are referenced below, it should be noted 
that some of the design requirements of such Recommendations may be insufficient to guarantee the accuracy called for 
in this Recommendation. Even when observing the specifications of this and other relevant Recommendations (e.g. 
O.131, O.132), compatibility problems may arise especially when pseudorandom noise signals are used as stimuli 
leading to reduced measuring accuracy and/or fluctuating results indications. 

2.2.4 In order to facilitate interworking of instrumentation of different design, it is recommended to provide 
pseudorandom noise signals having a specified periodicity (see §§ 3.2.3.1 and 3.4.2.1). 
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2.3 Measurement capabilities 

 Table 1/O.133 contains a list of parameters which can be measured on the various equipments. In addition, the 
required measuring configuration is indicated. It should be noted, however, that not all the listed parameters can be 
measured with the instrumentation specified in this Recommendation. Where applicable, reference is made to other 
pertinent Recommendations. 

3 Instrument specifications 

 In this section the minimum requirements to be met by the four functional units of the instrumentation are 
described. The measuring accuracy is covered in § 4 below. 

3.1 Interfaces 

3.1.1 Analogue interfaces1 

3.1.1.1 Output and input impedances, balanced earth free: 600 and/or 900 ohms. 

3.1.1.2 Return loss from 200 Hz to 4 kHz: ≥ 36 dB. 

3.1.1.3 Logitudinal conversion loss (frequency range 200 Hz to 4 kHz): ≥ 46 dB. 

TABLE 1/O.133 

Measurement capabilities 
 

Parameter 
Measuring configuration Measurement 

facility A-D D-A A-A D-D 

Gain (relationship between encoding law and audio level) + + + + a) E 

Variation of gain (loss) with time b) + + + + E 

Return loss (at voice-frequency ports) + + + – O 

Longitudinal balance + + + – O 

Attenuation/frequency distortion + + + + E 

Weighted noise + + + + E 

Discrimination against out-of-band input signals Δ Δ Δ Δ O 

Spurious out-of-band output signals Δ Δ Δ  Δ O 

Single frequency noise Δ Δ Δ Δ O 

Total distortion (including quantizing distortion) + + + + E 

Variation of gain with input level + + + + E 

Crosstalk (measured with sinewave signals) a) + + + + E 

Crosstalk (measured with conventional telephone signal) Δ Δ + Δ O 

Interference from signalling c)     O 

Frequency of repetitive signal + + + + O 

a) Measurement to be performed while injecting an auxiliary signal in the disturbed channel. 
b) This parameter is called “stability” in Recommendations G.712 [9], G.714 [12] and G.792 [13]. 
c) Stimulus for signalling channel is not specified. 
E Essential    Δ  Capability not provided 
O Optional 
+ Yes 
– Not applicable 
Note – Where no symbol is shown, the need for the measurement is under study. 

____________________ 

 

1  Measurements at complex impedances are under study. 
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3.1.2 Digital interfaces 

3.1.2.1 Level conditions and frame format 

 The instrumentation is required to operate satisfactorily with interface levels in accordance with 
Recommendation G.703 [7]. 

 One or both of the following conditions of interface and frame formats, including extended frame formats and 
cyclic redundancy check (CRC) procedures, shall be provided: 

 At 1544 kbit/s Recommendation G.703 [7], § 2, and Recommendations G.733 [3] and G.704 [11]. 

 At 2048 kbit/s Recommendation G.703 [7], § 6, and Recommendations G.732 [2] and G.704 [11]. 

 Additionally the digital analyzer is required to operate satisfactorily when connected via a length of cable 
which has an insertion loss of 6 dB at the half bit rate of the signal. The insertion loss of the cable at other frequencies 
will be proportional to . 

 In addition to providing for terminated measurements the instrumentation may also be required to monitor at 
protected test points on digital equipment. Therefore a high impedance and/or additional gain should be provided to 
compensate for the loss at monitoring points already provided on some equipments. 

3.1.2.2 Impedances of digital interfaces 

 The impedances at the digital outputs and inputs shall conform to Recommendation G.703 [7], §§ 2 or 6. 

 The return loss measured against the nominal impedance shall be: 

– 1544 kbit/s (with pre-emphasis) 

  frequency range 20 kHz to 1.6 MHz at the input: ≥ 20 dB 

  frequency range 20 kHz to 500 kHz at the output: ≥ 14 dB 

  frequency range 500 kHz to 1.6 MHz at the output: ≥ 16 dB 

– 1544 kbit/s (without emphasis) 

  frequency range 20 kHz to 1.6 MHz at both input and output: ≥ 20 dB 

– 2048 kbit/s 

  frequency range 40 kHz to 2.5 MHz at both input and output: ≥ 20 dB 

3.1.2.3 Longitudinal conversion loss 

 (Under study.) 

3.2 Analogue signal generator 

 The following minimum functions shall be provided: 

3.2.1 Relative levels 

 See Recommendation G.232 [8]. 

3.2.1.1 Relative levels (minimum range): –16 dBr to 0 dBr. 

3.2.2 Sinusoidal test signals 

3.2.2.1 At levels of 0 and -10 dBm0, the generator shall produce test signals in the frequency range 200 to 3600 Hz. 
The frequencies of § 3.2.2.2 below, comprising the reference and break points of the relevant masks, shall be provided as 
a minimum. See § 4.1.4 for a note on the choice of test frequencies. 

3.2.2.2 Test signal frequencies (approximately): 200, 300, 420, 500, 600, 820, 1020, 2400, 2800, 3000, 3400 and 
3600 Hz. 

3.2.2.3 Deviation of transmitted frequency from indicated frequency: ± 2 Hz ± 0.1%. 

3.2.2.4 For at least one frequency (preferably approximately 820 or 1020 Hz), it shall be possible to adjust the level of 
the signal between +3 dBm0 and –55 dBm0. The levels of § 3.2.2.5 comprising the reference and break points of the 
relevant masks shall be provided as a minimum. See § 4.1.4 for a note on the choice of test frequencies. 

3.2.2.5 Test signal levels: –55, –50, –45, –40, –30, –20, –10, 0 +3 dBm0. 
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3.2.2.6 Deviation of transmitted level from indicated level over the operating range of the instrument: ± 0.2 dB. Means 
shall nevertheless be provided to make relative measurements as defined in § 4.2 within the specified tolerances. 

 Note – This tolerance is specified to facilitate interworking. Deviations in measurement results due to errors in 
test levels must be considered when reading the measuring accuracies quoted in this Recommendation. 

3.2.2.7 Total distortion referred to a measurement bandwidth of 20 kHz is to be at least 20 dB better than the limits 
given in the diagram of Figure 4/G.712 [9]. 

3.2.3 Pseudorandom test signal 

3.2.3.1 A pseudorandom test signal in accordance with Recommendation O.131 shall be provided. To facilitate 
interworking, the sequence repetition rate (period) shall be fixed at 256 ms (2048 samples) derived, where possible, from 
the sampling rate of the encoder under test. Otherwise, the tolerance shall be ± 1 ms. 

 Note – This requirement is also met by a period of 128 ± 0.5 ms (1024 samples). 

3.2.3.2 The level of the pseudorandom test signal shall be adjustable between -3 dBm0 and -55 dBm0. The levels of 
§ 3.2.3.3 below, comprising the reference and break points of the relevant masks, shall be provided as a minimum. 

3.2.3.3 Test signal levels: –55, –50, –40, –34, –27, –10, –6, –3 dBm0. 

3.2.4 Auxiliary signal 

3.2.4.1 In order to increase the accuracy when performing crosstalk measurements, an auxiliary (activating) signal for 
injection into the disturbed channel shall be provided. 

3.2.4.2 Band-limited noise located between 350 and 550 Hz similar to that specified in Recommendation O.131, and 
having a level in the range –50 to –60 dBm0, may be used as an auxiliary signal. At frequencies below 250 Hz and in the 
range 700 Hz to 4 kHz, the spurious signal shall be at least 40 dB smaller than the auxiliary signal. 

3.2.4.3 As an alternative, a sinusoidal signal having a level in the range –33 to –40 dBm0 may be employed. Harmonic 
components of the sinusoidal signal shall be at least 40 dB below the fundamental. 

3.3 Analogue signal analyzer 

 The following minimum functions shall be provided. 

3.3.1 Relative levels 

 (See Recommendation G.232 [8].) 

3.3.1.1 Relative levels (minimum range): –5 dBr to +7 dBr. 

3.3.2 Level 

3.3.2.1 Level measuring range: –60 to +5 dBm0. 

3.3.3 Return loss (optional) 

3.3.3.1 Return loss measuring range: 0 to 40 dB over the frequency range 200 to 3600 Hz. 

3.3.4 Longitudinal balance in accordance with Recommendation O.121 (optional) 

3.3.4.1 Longitudinal conversion loss measuring range: 5 to 56 dB, over the frequency range 200 to 3600 Hz. 

3.3.4.2 Longitudinal conversion transfer loss measuring range: 5 to 56 dB, over the frequency range 200 to 3600 Hz. 

3.3.5 Weighted noise in accordance with Recommendation O.41 

3.3.5.1 Noise measuring range: –80 to –20 dBm0p. 

3.3.6 Total distortion in accordance with Recommendations O.131 and/or O.132 

 Note – To facilitate interworking, the observation time for Recommendation O.131 shall be 256 ms or a 
multiple thereof, derived, where possible, from the sample rate of the decoder under test. Otherwise the tolerance shall be 
± 1 ms. 

3.3.6.1 Total distortion measuring range: 0 to 40 dB. 
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3.3.7 Crosstalk 

3.3.7.1 Level measuring range: –75 to –20 dBm0. 

3.3.8 Frequency of a repetitive signal 

 As an option it shall be possible to measure and display the frequency of any repetitive signal in the frequency 
range 200 and 4000 Hz applied to the input of the instrument at any level in the range defined in § 3.3.2. The result shall 
be displayed to a resolution of 1 Hz. The measurement shall be made to an accuracy of at least 50.10–6. 

3.4 Digital signal generator 

 The following facilities shall be provided by the digital signal generator. 

3.4.1 Digitally encoded sine wave signals 

3.4.1.1 At levels of 0 and –10 dBm0, digitally encoded sine waves with frequencies in the range 200 Hz to 3600 Hz 
are to be provided. The frequencies of § 3.4.1.2 comprising the reference and break points of the relevant masks, shall be 
provided as a minimum. See § 4.1.4 for a note on the choice of test frequencies. 

3.4.1.2 Test signal frequencies (approximately): 200, 300, 420, 500, 600, 820, 1020, 2400, 2800, 3000, 3400 and 
3600 Hz. 

3.4.1.3 Deviation of transmitted frequency from indicated frequency: ± 2 Hz ± 0.1%. 

3.4.1.4 For at least one frequency (preferably approximately 820 or 1020 Hz), it shall be possible to adjust the level of 
the signal between +3 dBm0 and –55 dBm0. The levels of § 3.4.1.5 below, comprising the reference and break points of 
the relevant masks, shall be provided as a minimum. See § 4.1.4 for a note on the choice of test frequencies. 

3.4.1.5 Test signal levels: –55, –50, –45, –40, –30, –20, –10, 0, +3 dBm0. 

3.4.1.6 Deviation of transmitted level from indicated level: ± 0.2 dB. 

 Note – This tolerance is specified to facilitate interworking. Deviations in measurement results due to errors in 
test levels should be included in measuring accuracy specifications. 

3.4.1.7 Digital reference sequence 

 The digital signal generator shall be capable of generating the periodic sequences of character signals detailed 
in Table 5/G.711 [1] and/or Table 6/G.711 [1], equivalent to a 1 kHz sine wave at a nominal level of 0 dBm0. 

3.4.2 Digitally encoded pseudorandom noise signal 

3.4.2.1 The noise source shall have the same characteristics, in terms of frequency spectrum and amplitude 
distribution, as a signal that would result from applying a band-limited pseudorandom noise source, conforming to 
Recommendation O.131, to a perfect transmit channel. To facilitate interworking, the sequence repetition rate (period) 
shall be fixed at 256 ± 1 ms (2048 samples). 

 Note – This requirement is also met by a period of 128 ± 0.5 ms (1024 samples). 

3.4.2.2 The level of the digitally encoded pseudorandom noise signal shall be adjustable between –3 dBm0 and  
–55 dBm0. The levels of § 3.4.2.3 below, comprising the reference and break points of the relevant masks, shall be 
provided as a minimum. 

3.4.2.3 Test signal levels: –55, –50, –40, –34, –27, –10, –6, –3 dBm0. 

3.4.3 Additional digital signals 

 In addition to the signals specified in §§ 3.4.1 and 3.4.2, it shall be possible to manually select any 8-bit 
repetitive pattern. 

3.4.4 Time slot assignment 

3.4.4.1 It shall be possible to apply the signals described in §§ 3.4.1, 3.4.2 and 3.4.3 to: 

a) any selected speech time slot, 

b) as an option, to all speech time slots. 

 Speech time slots not containing the signals described in §§ 3.4.1 and 3.4.2 shall be provided with the digital 
signals of § 3.4.3. 
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3.4.4.2 As an option, an interface shall be provided to enable an externally generated digital signal to be applied to any 
selected speech time slot. The interface shall meet the requirements of a co-directional interface as defined in 
Recommendation G.703 [7]. 

3.4.5 Test of PCM multiplex alarm unit 

3.4.5.1 2048 kbit/s PCM multiplexers (e.g. Recommendation G.732 [2]) 

3.4.5.1.1 It shall be possible to modify any bit of the digital signal in time slot 0 of the frames containing the frame 
alignment signal and of the frames not containing the frame alignment signal in order to fully test the multiplex alarm 
unit. 

3.4.5.1.2 It shall be possible to modify any bit of the digital signal in time slot 16 of frame 0. 

3.4.5.1.3 As an option during the tests described in §§ 3.4.5.1.1 and 3.4.5.1.2, a digitally encoded sine wave signal of 
approximately 820 Hz at a level of 0 dBm0 shall be applied to all speech time slots. This is to provide a means of 
checking speech highway suppression when the multiplex alarm unit operates. 

3.4.5.1.4 As an option it shall be possible to modify any bit of the digital signal in time slot 16 of frames 1 to 15 of a 
multiframe when channel associated signalling is in use. All 30 signalling channels may be provided with the same 
pattern. 

3.4.5.1.5 The instrument shall be capable of generating frame formats including CRC multiframes and CRC check bits, 
in accordance with Recommendation G.704, § 2.3 [11]. 

3.4.5.1.6 Where a CRC multiframe is being generated, it shall be possible to modify any bit of the CRC multiframe 
alignment signal. 

3.4.5.1.7 As an option, an interface shall be provided to allow the signalling bits associated with any selected speech 
time slot to be controlled from an external source when channel associated signalling is in use. 

3.4.5.2 1544 kbit/s PCM multiplexes (e.g. Recommendation G.733 [3]) 

3.4.5.2.1 The instrument shall be capable of generating frame formats including CRC multiframes, in accordance with 
Recommendation G.704, § 3.1 [11]. 

3.4.5.2.2 It shall be possible to modify the first bit of each frame containing the frame alignment signal. 

3.4.5.2.3 It shall be possible to modify the first bit of frame 12. 

3.4.5.2.4 Where the 12-frame multiframe is being generated, it shall be possible to modify the eighth bit of each channel 
time slot in frames 6 and 12 when channel associated signalling is in use. All signalling channels may be provided with 
the same pattern. 

3.4.5.2.5 Where the 24-frame multiframe is being generated, it shall be possible to modify the eighth bit of each channel 
time slot in frame 6, 12, 18 and 24 when channel associated signalling is in use. All signalling channels may be provided 
with the same pattern. 

3.4.5.2.6 As an option, an interface shall be provided to allow the signalling bits associated with any selected speech 
time slot to be controlled from an external source when channel associated signalling is in use. 

3.4.6 Selectable synchronization 

 It shall be possible to either: 

a) lock the digital generator clock rate to that at the input of the digital analyzer, or 

b) allow the generator and analyzer clocks to free run within the overall allowed frequency tolerances, 

c) as an option, lock the digital generator clock rate to an external clock. 

3.5 Digital signal analyzer 

 The digital signal analyzer shall be capable of measuring the following parameters by extracting the digital 
signal from any selectable time slot of the PCM multiplex stream, and treating it, where appropriate, as an encoded audio 
signal. 

3.5.1 Level 

3.5.1.1 Level measuring range: –60 to +5 dBm0. 
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3.5.2 Weighted noise in accordance with Recommendation O.41 

3.5.2.1 Noise measuring range: –80 to –20 dBm0p. 

 Note – If the digital analyzer is receiving a digital signal corresponding to the decoder output value number 1 
for the A-law or decoder output value number 0 for the μ-law and the polarity bit is kept in a fixed position, the indicated 
noise level shall not exceed –85 dBm0p. 

3.5.3 Total distortion in accordance with Recommendations O.131 and/or O.132 

 Note – To facilitate interworking, the observation time for Recommendation O.131 shall be 256 ms or a 
multiple thereof, derived, where possible, from the sample rate of the encoder under test. Otherwise the tolerance shall be 
± 1 ms. 

3.5.3.1 Total distortion measuring range: 0 to 40 dB. 

3.5.4 Crosstalk 

3.5.4.1 Level measuring range: –75 to –20 dBm0. 

3.5.5 Peak code detection and display 

 It shall be possible to display the positive and/or negative peak code present in an observation period of at least 
800 frames, or in automatically selected repetitive periods of at least 800 frames. This code may have any integer value 
in the range 0 to ± 127. As an alternative option the peak code can be indicated by a display of the equivalent tone level 
in dBm0. 

3.5.6 Signalling bits 

3.5.6.1 As an option, the signalling bits associated with any speech time slot shall be selectable for display when 
channel associated signalling is in use. 

3.5.6.2 An an option, an interface shall be provided to enable the signalling bits associated with any selectable speech 
time slot to be monitored by an externally connected instrument when channel associated signalling is in use. 

3.5.7 Alarm detection and display (optional) 

 The digital analyzer shall be capable of monitoring the digital output of a PCM multiplex and recognizing and 
displaying the following alarm conditions and bit states. 

3.5.7.1 PCM multiplex to Recommendation G.732 [2]: loss of signal, loss of frame alignment, loss of multiframe 
alignment where channel associated signalling is in use, loss of CRC multiframe alignment, state of bit 1 of time slot 0 of 
frame containing frame alignment signal, state of bits 1 and 3 to 8 of time slot 0 of frame not containing frame alignment 
signal, state of bit 6 of time slot 16 of frame 0, and display of information conveyed via the CRC procedure as defined in 
Recommendation G.704 [11]. 

3.5.7.2 PCM multiplex to Recommendation G.733 [3]. 

3.5.7.2.1 Loss of signal, loss of frame alignment, loss of multiframe alignment when channel associated signalling is in 
use. 

3.5.7.2.2 When a 12-frame multiframe is being monitored, the state of bit 8 of each channel in the 6th and 12th frames 
and the state of bit 1 of the 12th frame. 

3.5.7.2.3 When a 24-frame multiframe is being monitored, the state of bit 8 of each channel in the 6th, 12th, 18th and 
24th frames, the state of bit 1 of the 12th frame, and the display of information conveyed via the CRC procedure as 
defined in Recommendation G.704 [11]. 

3.5.8 Frequency of a repetitive signal 

 As an option, it shall be possible to measure and display the frequency of any repetitive signal in the frequency 
range 200 Hz to 4000 Hz applied at a level in the range defined in § 3.5.1. The result shall be displayed to a resolution of 
1 Hz. The measurement shall be made to an accuracy of at least 50 . 10–6. 

3.5.9 External speech time-slot interface 

 As an option, an interface shall be provided to enable the digital signal contained in a selected speech time slot 
to be extracted and applied to a separate instrument. The interface shall meet the requirements of a co-directional 
interface as defined in Recommendation G.703 [7]. 
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4 Measuring accuracy 

4.1 Definition of the error limits of the measuring instrumentation 

4.1.1 The error limits stated in this Recommendation refer always to a complete measuring configuration and 
therefore include errors of the generator as well as of the analyzer side (if applicable). 

4.1.2 Even ideal encoder/decoder pairs conforming to the requirements of Recommendation G.711 [1] exhibit 
intrinsic limitations to the PCM process which cannot be avoided2. Examples are maximum load capacity, quantizing 
distortion ratio, variation of gain with input level and limited audio frequency range. 

 The measuring instrumentation described here has the same general characteristics and limitations as an ideal 
encoder/decoder conforming to Recommendation G.711 [1]. For the purposes of this Recommendation the differences 
between an ideal encoder/decoder conforming to Recommendation G.711 [1] and the measuring instrument are defined 
as measuring errors. Figure 1/O.133 illustrates the relationship of these errors to the errors exhibited by the digital signal 
generator and digital signal analyzer. 

4.1.3 When stating the total measuring error, the errors contributed by the analogue analyzer (EAA) and the analogue 

generator (EAG) must also be considered. Because of the limited level accuracy of the analogue signal generator, 

variations in measurement result will arise due to quantizing gain effects in the PCM channel under test2. 
 The total measuring error applicable to the four measuring configurations can be calculated as shown in 
Table 2/O.133. 
 

 

FIGURE 1/O.133 

Error definitions for digital analyzer and generator 

 

 

____________________ 

 

2  See Annex A to this Recommendation concerning the intrinsic errors in the PCM encoding process which may affect the 
interpretation of measured results. 
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TABLE 2/O.133 

Definition of total measuring error 
 

Measuring configuration Total measuring error 

A-D EAG + EDA 

D-A EDG + EAA 

A-A EAG + EAA 

D-D EDG + EDA 

 

4.1.4 Choice of test frequencies 

 When specifying the accuracy of measurements on sinusoidal signals, the tone presented to the ideal encoder in 
Figure 1/O.133 is assumed to have a frequency unrelated to the sampling rate, and the measurement time is assumed to 
be long enough to eliminate averaging error. 

 Intrinsic errors in tone measurements depend on the highest common factor of the test signal frequency and the 
PCM sampling rate. Simple submultiples of the sampling rate, and their harmonics, should be avoided. The 
instrumentation should use a large number of independent samples and the measuring accuracy should be specified 
relative to a minimum number of samples. A figure of at least 400 is recommended. Restrictions on the use of other 
frequencies should be stated. The choice of test frequency shall be made in accordance with Recommendation O.6. 

4.1.5 Intrinsic distortion of test signals 

 To facilitate interworking on total distortion measurements, certain variable-level, digitally-encoded signals, if 
provided, should be specified for intrinsic total distortion over the range of selectable levels, measured as follows: 

– Pseudorandom noise, sinusoidal signal, 420 Hz: by the method of Recommendation O.131. 

– Sinusoidal signal, 820 Hz or 1020 Hz: by the method of Recommendation O.132. 

4.1.6 Measurement bandwidth for tone measurements 

 The design of filters for tone measurements is not specified. However, measurement errors should be 
calculated relative to the results obtained by ideal selective measurement. 

4.2 Summary of total measuring errors 

 Full 8-bit coding is assumed as specified in Recommendation G.711 [1]. 

4.2.1 Gain (relationship between encoding law and audio level) 

 See Table 3/O.133. 

TABLE 3/O.133 

 

Parameter 
Error limits (dB) 

A-D D-A A-A D-D 

Gain (relationship between encoding law and audio level) a) ± 0.08 ± 0.08 ± 0.05 ± 0.05 

a) Measured at one frequency, approximately 820 Hz or 1020 Hz at a level of 0 dBm0. 

Note – If a sinusoidal test signal is used, uncertainties in the absolute level position of the companding law 
characteristic of a practical encoder require special interpretation of the error limits specified in modes A-D, A-A 
and (if the signal passes via an analogue point) D-D. In these modes, the figures represent the accuracy with which 
the envelope of the characteristic can be located, rather than the accuracy of any single result. For further 
discussion and the theoretical location of the envelope, see Annex A to this Recommendation. 
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4.2.2 Return loss (optional) 

 See Table 4/O.133. 

TABLE 4/O.133 

 

Parameter Indicated result 
Error limits (dB) 

A-D D-A A-A D-D 

Return loss a) 
0 to 30 dB ± 1 ± 1 ± 1 – 

30 to 40 dB ± 2 ± 2 ± 2 – 

 a) Measured at a level ≥ –10 dBm0. 

4.2.3 Longitudinal conversion loss (LCL) (optional) 

 See Table 5/O.133. 

TABLE 5/O.133 

 

Parameter Indicated result 
Error limits (dB) 

A-D D-A A-A D-D 

LCL a) 
5 to 40 dB ± 1.5 – ± 1.5 – 

40 to 56 dB ± 2.5 – ± 2.5 – 

 a) Measured at a level ≥ –10 dBm0. 

4.2.4 Longitudinal conversion transfer loss (LCTL) (optional) 

 See Table 6/O.133. 

TABLE 6/O.133 

 

Parameter Indicated result 
Error limits (dB) 

A-D D-A A-A D-D 

LCTL a) 
5 to 40 dB ± 1.5 – ± 1.5 – 

40 to 56 dB ± 2.5 – ± 2.5 – 

 a) Measured at a level ≥ –10 dBm0. 

4.2.5 Attenuation/frequency distortion 

 See Table 7/O.133. 

TABLE 7/O.133 

 

Parameter Frequency range 
Error limits (dB) 

A-D D-A A-A D-D 

Attenuation/frequency 
distortion a) 

200 to 300 Hz ± 0.08 ± 0.08 ± 0.08 ± 0.08 

300 to 3000Hz ± 0.05 ± 0.05 ± 0.05 ± 0.05 

3000 to 3600 Hz ± 0.08 ± 0.08 ± 0.08 ± 0.08 

 a) Measured at a level of 0 or –10 dBm0. Error referred to measurement at approximately 
820 Hz/1020 Hz. The specified measurement error is applicable if the measured attenuation/ 
frequency distortion does not exceed 6 dB. 
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4.2.6 Weighted noise 

 See Table 8/O.133. 

TABLE 8/O.133 

 

Parameter Indicated result 
Error limits (dB) 

A-D D-A A-A D-D 

Weighted noise a) 

–80 to –75 dBm0p ± 2.5 ± 2.5 ± 2.5 ± 2.5 

–75 to –70 dBm0p ± 1.5 ± 1.5 ± 1.5 ± 1.5 

–70 to –20 dBm0p ± 1 ± 1 ± 1 ± 1 

 a) Measurement error includes tolerances of the weighting filter given in Recommendation O.41. 

4.2.7 Total distortion 

 See Table 9/O.133. 

TABLE 9/O.133 

 

Parameter Indicated result a) 
Error limits (dB) a) 

A-D D-A A-A D-D 

Total distortion (noise test signal) 0 to 40 dB ± 0.5 ± 0.5 ± 0.5 ± 0.05 

Total distortion (sinusoidal test signal) 0 to 40 dB ± 0.8 ± 0.8 ± 0.8 ± 0.8 

a) With an absolute distortion signal not less than –72 dBm0. 

Note – If a sinusoidal test signal is used, uncertainties in the absolute level position of the companding law 
characteristic of a practical encoder require special interpretation of the error limits specified in modes A-D, A-A and 
(if the signal passes via an analogue point) D-D. In these modes, the figures represent the accuracy with which the 
envelope of the characteristic can be located, rather than the accuracy of any single result. For further discussion and 
the theoretical location of the envelope, see Annex A to this Recommendation. 

4.2.8 Variation of gain with input level 

 See Table 10/O.133. 

TABLE 10/O.133 

 

Parameter Level range 
Error limits (dB) a) 

A-D D-A A-A D-D 

Gain variation (noise test signal) 

–10 to –40 dBm0 ± 0.10 ± 0.10b) ± 0.15 b) ± 0.10 

–40 to –50 dBm0 ± 0.15 ± 0.15 ± 0.20 ± 0.10 

–50 to –55 dBm0 ± 0.15 ± 0.15 ± 0.20 ± 0.10 

Gain variation (sinusoidal test signal at 
approx. 420, 820 or 1020 Hz) 

+3 to –40 dBm0 ± 0.10b) ± 0.10 ± 0.15 ± 0.10 

–40 to –50 dBm0 ± 0.20 ± 0.15 ± 0.20 ± 0.15 

–50 to –55 dBm0 ± 0.25 ± 0.20 ± 0.25 ± 0.20 

a) Error referred to measurement of –10 dBm0. 

b) Provisional value, to be studied further. 

Note – If a sinusoidal test signal is used, uncertainties in the absolute level position of the companding law 
characteristic of a practical encoder require special interpretation of the error limits specified in modes A-D, A-A and 
(if the signal passes via an analogue point) D-D. In these modes, the figures represent the accuracy with which the 
envelope of the characteristic can be located, rather than the accuracy of any single result. For further discussion and 
the theoretical location of the envelope, see Annex A to this Recommendation. 
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4.2.9 Crosstalk measurement 

 See Table 11/O.133. 

TABLE 11/O.133 

 

Parameter Remarks 
Error limits (dB) 

A-D D-A A-A D-D 

Crosstalk 
Sinusoidal test signal a) ± 1 ± 1 ± 1 ± 1 

Conventional telephone 
signal b) (optional) 

– – ± 1.5 – 

a) Measurement to be performed while injecting an auxiliary signal in the disturbed channel. Appropriate 
auxiliary signals are defined in § 3.2.4. Error includes effect of finite rejection of the auxiliary signal by the 
measurement filter and of quantizing distortion in the measurement bandwidth. 

b) Measurement error includes tolerances of the weighting filter given in Recommendation O.41. 

5 Operating environment 

 The electrical performance requirements shall be met when operating at the climatic conditions as specified in 
Recommendation O.3, § 2.1. 

 

 

 

ANNEX A 
 

(to Recommendation O.133) 

Intrinsic errors in the PCM encoding process 
which may affect the interpretation of measured results 

A.1 Introduction 

                Pulse Code Modulation (PCM) has some inherent limitations which affect measurements on PCM encoders. 
This pertains especially to the measurement of the variation of gain with input level and of the quantizing distortion ratio. 
Due to the limited number of quantizing steps available for encoding an analogue signal, the output signal of a PCM 
decoder is not a replica of the input signal to the encoder. Depending on the actual amplitude of the signal samples to be 
encoded, as compared with the quantizing thresholds, the output values at the decoder are sometimes greater and 
sometimes smaller than would occur in a linear system. The differences are called quantizing errors, and exist even for 
an ideal PCM encoder/decoder pair conforming to a practical encoding law. A test signal will experience the average 
effect of the quantizing errors in all its samples, which depends on the amplitude distribution of the signal. For Gaussian 
noise, the errors tend to average out, and no measurement problems arise. However, this is not the case for sinusoidal 
signals, and measurement results for gain linearity and quantizing distortion ratio must be interpreted with care. 

A.2 Measurement of gain and variation of gain with input level 

 As mentioned in the introduction, the signal at the output of a PCM decoder may differ from what would occur 
at the output of a linear system. This means that a PCM channel may appear to have unexpected gain when measured 
with a sinusoidal signal. This “quantizing gain” is sometimes positive and sometimes negative and varies with input 
level. In the case of linear encoding, the more quantizing steps available for encoding the analogue input signal, the 
smaller the quantizing errors and hence the gain variations. With a truly logarithmic encoding characteristic the 
quantizing error would be independent of the input level. 

 The encoding laws used in practice (A- and μ-law) approximate the logarithmic characteristic by a segmented 
curve. For the A-law, this results in a gain variation which follows the same rules for the segments No. 7 to No. 2 and 
which increases with decreasing input level for segment No. 1. Because the values at the segment end points of the μ-law 
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characteristic are not multiples of 2 (as with the A-law), the gain variations for the corresponding segment portions are 
similar but not identical. 

 Figures A-1/O.133 to A-4/O.133 show the (calculated) variation of gain with input level when measuring a 
PCM channel with an asynchronous sinusoidal signal. Because the gain variation in the upper segments is always 
between +0.043 dB and –0.048 dB, only the level range below –30 dBm0 is shown. The gain has a sharp minimum each 
time the peak of the sinusoid passes through a decision value. As the input amplitude is increased, the gain rises quickly 
to a maximum before falling again. In the vicinity of the minima, the gain can vary substantially when the input level is 
varied only by small amounts. With the A-law, for example, the gain changes by approximately 0.8 dB (selective 
measurements) when the input level is varied between –57.00 dB and –57.066 dB. In this case the ratio of level-to-gain 
variation is 1:11.8. For greater input levels and for the μ-law, the variation of gain with input level is smaller but still not 
negligible. 

 For signal levels above –60 dBm0, the maximum excursions are within a range of approximately –1.3 to  
+0.65 dB (–1.0 to +0.9 dB) for the A-law, and approximately 0.5 to 0.3 dB (–0.45 to 0.35 dB) for the μ-law depending 
on the measurement mode selective or (wideband). 

 When measuring the gain variation of a PCM channel with a sinusoidal stimulus, the theoretical considerations 
described above must be taken into account. Because the relative level at the encoder input need only be set within a 
limit of ± 0.3 dB (Recommendation G.713 [10]), and because the analogue signal generator used for the measurement 
has some uncertainty in the send level setting, it is not possible to exactly predict the actual position on the encoding 
characteristic or even to avoid the minima. For this reason, any single measurement result must be treated as relative to 
the envelope of the gain variation characteristic. Additionally, it has to be considered that Figures A-1/O.133 to 
A-4/O.133 represent theoretical values with ideal encoders having no quantizing threshold errors. In practice, deviations 
from the ideal characteristics due to encoder threshold offset must be expected. 

 This limitation also applies to measurements of gain, although at high levels the error is small – of the order of 
± 0.04 dB. 

 To simplify the interpretation of measurement results, Tables A-1/O.133 to A-4/O.133 list the extreme values 
of the gain variation with input level for the A- and μ-law for selective and wideband measurements. The tables have 64 
lines (multiple of 16), so one line contains the values of corresponding segment portions. For the A-law the 
corresponding gain values in the first three columns are identical. 

A.3 Quantizing distortion measurements 

 The quantizing error results in quantizing distortion which varies as function of input level. Figures A-5/O.133 
and A-6/O.133 illustrate the (calculated) quantizing distortion characteristics for the A- and μ-law when measuring a 
PCM-channel with a sinusoidal stimulus. As with gain measurements, the quantizing distortion ratio can vary 
substantially as a result of small variations of the input signal. The variation ratio reaches its maximum at the segment 
end points. 

 For the same reason as described above, one can again only refer to the envelope of the variation of the 
quantizing distortion ratio when interpreting individual measurement results. The warning with respect to quantizing 
threshold errors in a non-ideal encoder applies to quantizing distortion ratio measurements as well. 

 Tables A-5/O.133 and A-6/O.133 contain the extreme values of the quantizing distortion ratio of an ideal 
encoder when measured with a sinusoidal signal. In the tables, “level” is the input level; S/Q is the ratio of the 
corresponding level (at the output) of the stimulus, measured selectively, to the quantizing noise, measured flat and with 
a fixed correction to normalize the noise bandwidth to 3.1 kHz. 

 Note – Tables A-5/O.133 and A-6/O.133 and their accompanying graphs are mainly indicative, since: 

1) the calculations (flat S/Q) do not compare with the weighted ratio (S+Q)/Q result of the method of 
Recommendation O.132. They are more similar to the use of a tone stimulus with the filters of 
Recommendation O.131; 

2) the correction to the 3.1 kHz bandwidth assumes the quantizing noise spectrum is flat, whereas it is non-
flat and level-dependent (so that no fixed correction will compensate for the lost bandwidth of the 
stimulus rejection filter). 

A.4 General notes to tables and graphs 

 The input levels are stated based on values of Tmax of exactly 3.14 dBm0 for the A-law and 3.17 dBm0 for the 

μ-law. (On this basis, the selective levels of 1 kHz sequences of Recommendation G.711 [1] are –0.0016 dBm0 for a the 
A-law and –0.0024 dBm0 for the μ-law.) 
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 The envelope of a characteristic is a pair of smooth curves tangential to the characteristic at or near all its 
extreme values. 

TABLE A-1/O.133 

Variation of gain with input level, A-law.  
Gain calculation based on a selective measurement of the stimulus 
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TABLE A-2/O.133 

Variation of gain with input level, A-law.  
Gain calculation based on a wideband measurement of the stimulus 
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TABLE A-3/O.133 

Variation of gain with input level, µ-law.  
Gain calculation based on a selective measurement of the stimulus 
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TABLE A-4/O.133 

Variation of gain with input level, µ-law.  
Gain calculation based on a wideband measurement of the stimulus 
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TABLE A-5/O.133 

Quantizing distortion ratio, A-law 
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TABLE A-6/O.133 

Quantizing distortion ratio, µ-law 
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FIGURE A-1/O.133 

Variation of gain with input level, A-law, selective measurement 

 

FIGURE A-2/O.133 

Variation of gain with input level, A-law, wideband measurement 
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FIGURE A-3/O.133 

Variation of gain with input level, µ-law, selective measurement 

 

 
FIGURE A-4/O.133 

Variation of gain with input level, µ-law, wideband measurement 
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FIGURE A-5/O.133 

Quantizing distortion ratio, A-law 
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FIGURE A-6/O.133 

Quantizing distortion ratio, µ-law 
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