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OPERATORS MANUAL AD22S
AUDIO DELAY

QUICK START
Your AD22S is out of its box, and now it’s time to integrate it 
with your audio setup. But wait! What are these buttons for? 
What do all those numbers on the display mean? This guide in-
tends to help you quickly learn the basics and familiarize you with 
the device so there’s no delay before you delay.

FRONT PANEL CONTROLS
The first thing to decide is which alignment mode to use. If you’re 
using the AD22S to synchronize audio with video, then select 
Video mode. Otherwise select Distance alignment. The DIS-
TANCE and VIDEO buttons on the left hand side of the unit 
switch between the two modes. Display settings and delay values 
are controlled by using the CHANNEL button to toggle between 
channels 1 or 2, and by using the CURSOR buttons to select 
the value you wish to change. The COARSE and FINE buttons 
increment or decrement the value currently selected.

DISTANCE ALIGNMENT
One of the main applications for the AD22S is synchronizing 
an audio signal coming from separate sources at two different 
distances. Say, for example, you want the music emanating from 
a stack of loudspeakers on the lawn at an amphitheater to get to 
your audience at exactly the same time as sound coming from 
the speaker arrays on stage. The amount of delay needed is the 
time it takes sound to travel from the stage to the lawn. While in 
DISTANCE mode, this can be displayed in feet, meters, or mil-
liseconds.

VIDEO ALIGNMENT
The AD22S is also excellent for synchronizing audio with video 
feeds, especially in a live environment where video processing 
typically adds several milliseconds to the signal that can have a 
noticeable effect on the final output. To assist in this application, 
the AD22S can show your delay value directly in terms of frames. 
All common frame rates for NTSC and PAL/SECAM are sup-
ported, and the audio stream can be delayed with a precision of 
0.5 frames to line up perfectly with any video stream.

WEAR PARTS: This product contains no wear parts.

        RANE AD 22S AUDIO DELAY AD22S
AUDIO DELAY

DISTANCE

ALIGNMENT

CURSOR

OLSIG

VIDEO

BYPASS

STORE

MEMORY

RECALL

FINECOARSE

1

2

1

2

1

2CHANNEL

CHANNEL 1

CHANNEL 2

LINK

SETTING DELAY
Use the  CURSOR  buttons to select the unit type, then 
press the COARSE or FINE buttons to cycle through options. In 
Distance mode, choose between feet, meters, or milliseconds; in 
Video mode the delay is shown in frames or milliseconds. If you 
know the distance between the sources you are summing, set the 
units for feet or meters.

The ambient temperature also affects the speed of sound. To 
set the temperature, use the CURSOR buttons to select either °C 
or °F, then set the value to the approximate temperature at your 
speaker location. The AD22S calculates the correct delay based on 
your environment.

Note: Changing units from distance to time does not change 
the output delay. For example, if you are viewing the settings for 
channel 1 in meters, a change from meters to milliseconds keeps 
the same amount of delay but shows it in milliseconds rather than 
distance.

LINKING CHANNELS
The LINK button connects the controls so that all changes apply 
to both channels. Channels do not need to share the same setting. 
While linked, incrementing or decrementing a value changes the 
delay for both channels at once. To treat the channels as a stereo 
pair, first set the delay value to the same setting on both channels 
before pressing the LINK button. 

MEMORY FUNCTIONS
Each channel has two memory banks, A and B. The * character 
at the right of the display indicates that the current setting does 
not match what is stored in memory.

Pressing STORE copies the current settings into the selected 
Memory, clearing the * character. The cursor must be over the 
Memory Bank field before pressing STORE. To activate a stored 
setting, press RECALL to change the active delay to the value 
stored in the memory location shown. If channels are linked, both 
will be recalled.

Additional features are described in Operation 
Details on page Manual-4.
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FRONT PANEL DESCRIPTION

1 ALIGNMENT MODE buttons: Press DISTANCE for delay in feet, meters, or milliseconds. Press VIDEO for alignment by frames 
or milliseconds.

2 CHANNEL button: Press this to switch the cursor location between channels. This button has no effect if the channels are linked.

3 LINK button: Links channels together so changes made affect both channels at once. To treat the channels as a stereo pair, make 
sure settings for each channel are identical before pressing the LINK button. Press the LINK button again to unlink.

4 CURSOR buttons: Press  left or right  cursor to select the value for editing.

5 COARSE and FINE controls: These buttons affect the setting that is currently highlighted to change settings or delay values. 
COARSE increments or decrements delay by 1 ms/feet/meters or 1.0 frames, FINE by 0.1 ms/feet/meters or 0.5 frames.

6 LCD Display: Shows the current readout of settings for each channel. Fields may be selected using the CURSOR buttons and 
changed using the COARSE / FINE controls. See the DISPLAY sections below.

7 STORE button: Stores the Delay configuration into current memory for the selected channel. If the asterisk * character is shown 
to the right of the display, the current value does not match the memory location. 

8 RECALL button: Copies the stored delay setting into the active channel. If channels are linked, then both are recalled.

9 BYPASS buttons: Toggle relays for each channel. If LED is on, bypass is enabled and the device functions like a wire. If bypass LED 
is off, the channel is active. 

0 SIGNAL / OVERLOAD LEDs: SIG LEDs indicate signal presence on the input. OL LEDs light red when an input signal is near 
the maximum level and may clip. 
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Video Mode

DISPLAY: DISTANCE MODE
1 Cursor
2 Active Channel(s)
3 Channel #
4 Delay Setting
5 Units (Feet, Meters, ms)
6 Temperature
7 Temp. Units 
8 Mem. Bank
9 Memory Indicator - * Shown if different than stored value

DISPLAY: VIDEO MODE
1 Cursor
2 Active Channel(s)
3 Channel #
4 Value
5 Units (Frames, ms)
6 Frame rate
7 Units (Frames per second)
8 Mem. Bank
9 Memory Indicator - * Shown if different than stored value
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REAR PANEL DESCRIPTION

1 CHANNEL INPUTS: Balanced XLR input jacks, 24 dBu max level.

2 CHANNEL OUTPUTS: Balanced XLR outputs, 600 Ω min. load.

3 REMOTE RECALL terminals: Wire external switches to remotely recall Memory settings or toggle bypass relays. See the 
REMOTE RECALL section.

4 FRONT PANEL CONTROL LOCKS: A wired external switch disables the front panel controls to prevent accidental changes. 

5 USB FIRMWARE UPDATE: This USB connection facilitates possible firmware upgrades in the future. This port provides no other 
functions and should not be connected during normal use. See the FIRMWARE UPDATE section.

6 UNIVERSAL POWER SUPPLY: Universal IEC power jack connects anywhere in the world to AC line voltage, 100-240 VAC @ 
50 – 60 Hz.

ACN 001 345 482

CH 1 INPUTCH 2 INPUT CH 1 OUTPUTCH 2 OUTPUTCH 1 REMOTECH 2 REMOTEFRONT PANEL
CONTROL LOCKS

USB

MADE IN U.S.A.
RANE CORP.

AD22S

PIN 2: POSITIVE
PIN 3: NEGATIVE

PIN 1: CHASSIS GND
100-240 V

50/60 Hz 7 WATTS

COMMERCIAL AUDIO
EQUIPMENT 24TJ
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This device complies with 
Part 15 of the FCC Rules. 
Operation is subject to the 
following two conditions: 
(1) this device may not 
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and (2) this device must 
accept any interference 

received, including 
interference that may 

cause undesired operation.
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RECALLING DELAYS
Press RECALL to copy from the Memory shown to the active set-
ting for the selected channel. If LINK is active, both channels will 
be recalled. This will overwrite any current settings.

REMOTE RECALL
The REMOTE RECALL terminals on the rear of the unit are 
functionally equivalent to the RECALL button. With a switch 
wired between the RECALL terminal and the GND terminal, 
close the switch to recall Memory B. Open the switch to recall 
Memory A.

FIRMWARE UPDATE
Should a firmware upgrade become available, it will be posted on 
the AD22S page at www.rane.com/ad22s.html. The USB port pro-
vides the connection to a PC enabling the file transfer. Perform 
the following steps to update: 

1. Ensure the unit is powered.
2. Connect via device cable to USB port on computer.
3. AD22S appears as an EXTERNAL DISK device containing 

one file (named “AD22S_XX.BIN” or similar).
4. Delete this file. NOTE: After deleting this file, the folder may 

disappear, then re-open after a few seconds.
5. Copy or drag the new firmware file to the AD22S.
6. After transfer, the AD22S restarts automatically and briefly dis-

plays the new revision info. It may also reappear as an EXTER-
NAL DISK on the PC containing the new firmware file.

7. Disconnect USB cable and resume normal operation.

Notes: If the revision number displayed does not match the new 
firmware, make sure you have the latest file and try again.

Tip: Press and hold both CURSOR buttons simultaneously 
for one second to view the currently running firmware version.

If an error occurs during transfer or a file is corrupted, the 
AD 22S will revert to the last working version.

OPERATING DETAILS
INITIAL SETUP
The AD22S is always on while plugged in. When first powered 
up, the LCD briefly displays the words “Rane AD22S Audio 
Delay” and the current firmware revision. Out of the box, both 
channels are in BYPASS mode with the inputs routed directly to 
the outputs. This makes it easy to set up and verify that signals are 
present before turning on any delay. The yellow bypass indica-
tors mean that BYPASS is active; press each BYPASS button to 
disable.

ALIGNMENT MODE
Two modes of operation are available. If working with video and 
wish to set delay by number of frames, press VIDEO for video 
alignment. Otherwise press DISTANCE for distance alignment. 
Both modes offer milliseconds as a simple display option in addi-
tion to their distance or video functions.

SETTING THE DELAY
A ‘>’ by the channel number indicates the channel is selected for 
editing. This appears on both channels if LINK is active.

Distance Mode: Use CURSOR buttons to highlight the unit 
type, then select between milliseconds, feet, or meters. The 
AD 22S also needs to know the temperature. To set, select and set 
the unit type to °C or °F, then select and set the temperature.

Video Mode: Choose between frames or milliseconds as the dis-
play setting. For frames, the delay value is based on the number of 
frames per second, denoted by “fps” on the display. Set this first 
and make sure it matches your video frame rate.

Linked Channels: With channels linked, any changes made are 
applied to both channels at once. This does not force the delay 
values to be the same. 

Example: For two speaker arrays at different distances from a 
performer, linking the two channels lets you change temperature 
settings for both at once. 

For stereo operation, set each channel to the same value before 
pressing LINK.

STORING DELAYS
The * character on the display means the current setting dif-
fers from the memory bank shown. Move the CURSOR to the 
memory field, then press COARSE or FINE to toggle between 
Mem A or Mem B. Press STORE to copy the current setting into 
this location. Note that * is no longer displayed. If channels are 
linked, both channels will be stored.

Note: The CURSOR must be on the Memory Bank field to 
STORE. This is to prevent an accidental overwrite of saved set-
tings.

©Rane Corporation 10802 47th Ave.  W.,  Mukilteo WA 98275-5000 TEL 425-355-6000 FAX 425-347-7757 WEB rane.com
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AD22S
AUDIO DELAY

General Description
The Rane AD22S is a fully balanced two-input, two-output 
Audio Delay unit designed for multiple applications, including 
speaker array synchronization and precision audio-to-video 
alignment. With two distinct modes, the AD22S offers the 
functionality of dedicated devices within a single rack unit. 
Featuring a range of 2.00 to 999.99 ms, this unit provides delay 
displayed in units of time, distance, or frames. Use the dedicated 
Video mode to provide almost a full second of audio delay in 0.5 
frame increments for all standard NTSC or PAL/SECAM frame 
rates.

The AD22S can operate as two independent channels or as a 
linked or stereo pair. Front panel controls let you choose settings 
for each channel that can be stored into two nonvolatile memory 

locations for quick and easy access at any time. Bypass relays 
for each channel automatically connect should the device lose 
power. Your settings are always saved into working memory and 
restored upon power up. Rear terminals let you connect standard 
switches to recall settings remotely.

The AD22S’s balanced XLR inputs and outputs offer the 
Rane standard of audio quality, with 24-bit processing and 
delay precision down to 0.01 ms. With the ability to provide 
unity gain up to a maximum input level of 24 dBu, the unit can 
be used with standard high-impedance devices or in a mixed 
environment using 600 Ω equipment. LEDs on the front panel 
indicate signal presence and alert when the signal is nearing the 
maximum input level.

Features

Two distinct modes of operation: Distance & Video

DATA SHEET

Video Mode
• Display in frames per second or milliseconds

• Compatible with NTSC and PAL / SECAM frame rates

• 0.5 frame resolution

Distance Mode
• Display in milliseconds, feet, or meters

• 2.00 to 999.99 ms Delay Range per channel

• 0.01 ms resolution

• Large backlit LCD display

• Two nonvolatile memories per channel for each alignment mode

• Remote memory recall port on rear

• Front panel lockout port on rear

• Failsafe bypass relay for each channel

• Internal universal power supply (100-240 VAC)
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AD22S
AUDIO DELAY

Features and Specifications
Parameter Specification Limit Units Conditions/Comments

Delay Range 2.00 to 999.99 1% ms

Distance Increment 0.01 and 1.00 ms Each channel independent

Video Increment 0.5 frames Each channel independent

..........NTSC (North America, 
Philippines, Japan)

23.976, 24, 29.97, 59.94, 60 fps

..........PAL / SECAM (Europe, 
Australia, China, Brazil)

25.00 , 50 fps

Sampling Frequency 50,000 Hz

Data Conversion 24 bit

Audio Connectors XLR Pin 2 (+)

Inputs: Type Active balanced

..........Impedance 20 k 1% Ω Balanced, line to line

..........Max Level 24 ±0.5 dBu

Outputs: Type Active balanced

..........Impedance 50 ±10 Ω Balanced, line to line

..........Max Level 24 +0/-0.6 dBu

Output Relays Yes Auto-bypass on power loss

LED Thresholds: Clip 3 before converter overload 1 dB +22 dBu @ 1 kHz

..........Signal Present -47 below Clip LED 1 dB -25 dBu @ 1 kHz

Frequency Response 20 Hz - 22 kHz +0/-3 dB +4 dBu, 20 Hz to 20 kHz

System Gain:
High-Impedance Load 0 ±0.5 dB Load = 10.0 kΩ balanced, +4 dBu, 

20 Hz to 22 kHz

.......... 600 Ω Load 0 +0/-1 dB Load = 600 Ω balanced, +4 dBu, 
20 Hz to 22 kHz

THD + Noise 0.006 ±0.002 % +4 dBu, 20 Hz to 20 kHz, 30 kHz BW

Signal-to-Noise Ratio 86 ±2 dB +4 dBu, 20 Hz to 20 kHz

Dynamic Range 108 ±1 dB +24 dBu, 20 Hz to 20 kHz, A-weighted

Crosstalk -90 dB +4 dBu, 20 Hz to 20 kHz

Propagation Delay 2.00 1% msec Bypass off

Power Supply Requirement 100 to 240 VAC, 50/60 Hz 7 W

Agency Listing UL/cUL/CE

Unit: Construction All Steel

..........Size 1.75"H x 19"W x 5.25"D (1U) (4.4 cm x 48.3 cm x 13.3 cm)

..........Weight 4 lb (1.8 kg)

Shipping: Size 4.25" x 20.3" x 13.75" (11 cm x 52 cm x 35 cm)

.........Weight 10 lb (4.5 kg)

Note: 0 dBu = 0.775 Vrms
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AD22S
AUDIO DELAY

AD22S Block Diagram (both channels identical)

Application Information
DISTANCE MODE
There’s more than one way to view your time setting. If you’re 
tired of looking at milliseconds, the delay setting can also be 
viewed in terms relative to distance by changing the displayed 
units to feet or meters and by selecting the ambient temperature 
in either °C or °F. The AD22S calculates the precise environmen-
tal delay by using the relationship of air pressure and tempera-
ture to the speed of sound.

VIDEO MODE
The AD22S is an effective solution to the problem of aligning 
audio with video in broadcast. Because of the latency involved in 
processing video streams, timing offset accumulates that can run 
as high as several frames or lead to noticeable synchronization 
issues. While in Video mode, the AD22S displays the delay time 
in the precise number of frames calculated for your current for-
mat and frame rate. You may choose from a selection of the most 

common frame rates to match your work situation and environ-
ment. As you adjust the number of frames needed to synchronize 
the audio, the AD22S calculates the delay to match exactly what 
you need.

REMOTE RECALL
In some situations it may be necessary to recall a stored setting 
or enable channel bypass from a location other than where the 
AD22S is located. Have a room divider wall? You can install a 
switch to select between the two room settings automatically 
when the wall is moved. Does the delay for your outdoor speaker 
array change with the temperature? Wire up a switch to change 
from a memory setting adjusted for one temperature to one saved 
for the other when the weather warms up. For these reasons we 
have provided remote recall connections on the rear of the unit 
that can be wired to standard switches installed in any other 
location.

RFI Filter

DSP

MICROCONTROLLER

FRONT PANEL 
CONTROLS LCD DISPLAY

A/D

Front Panel Lockout

Remote Ch 1 

Remote Ch 2 

Bypass

Recall

Bypass
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Delay
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GND
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D/A
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OUTPUT
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DELAY MEMORY
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AD22S
AUDIO DELAY

All features & specifications subject to change without notice. 111804 

©Rane Corporation 10802 47th Ave.  W.,  Mukilteo WA 98275-5000 TEL 425-355-6000 FAX 425-347-7757 WEB rane.com
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Architectural Specifications 
The digital audio delay unit shall be a single rack space, bal-
anced two-input, two-output configuration. The delay adjust-
ment range shall be from 2.00 to 999.99 ms, adjustable in 0.01 
ms increments via increment / decrement pushbuttons, in 10 µs 
or 1 ms intervals. Additionally, the values shall be selectable in 
terms of distance in feet or meters, as well as in frames for all 
common NTSC and PAL / SECAM frame rates.

A 40x2 backlit character LCD shall indicate current delay 
settings and provide cursor controls for selecting and setting the 
delay values and configuration parameters, including tempera-
ture, frame rate, and stored memory values. Bypass status, signal 
/ overload presence and mode of operation shall be indicated 
with individual indicators.

Terminals on the rear panel shall allow remote disabling of 
the front panel controls and bypass switches. Additional termi-
nals shall provide access for remote switches to recall memory 
settings.

The inputs and outputs shall be active balanced with XLR 
connectors, and include switchable fail-safe output relays on each 
channel that automatically enable in the event of power failure.
RFI filters shall be provided.

The unit shall be capable of operation by means of its own 
built-in universal power supply operating at 100-240 VAC and 
meet CE requirements. The unit shall be UL and cUL listed.

The unit shall be a Rane Corporation AD22S. 

Rear Panel
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OPERATORS  MANUAL AD 22
AUDIO  DELAY

AD 22 CONNECTION
When connecting the AD 22 to other components in your

system for the first time, leave the power supply for last. This
gives you a chance to make mistakes and correct them before
any damage is done to your fragile speakers, headphones,
ears, or brains. The AD 22 passes audio while it is unpowered
by virtue of its fail safe bypass relays (when the AD 22
functions as a wire). Turn the system volume down before
plugging in the AD 22’s power.

INPUTS AND OUTPUTS
The AD 22’s Inputs are electronically balanced. The

screw terminals prefer #6 spade connectors. Stripped or
tinned wire makes an unreliable union. Connect AD 22 shield

wires to the signal ground terminal, the chassis ground screw
or neither. The AD 22’s Outputs are balanced line drivers.

REMOTE RECALL TERMINALS
Each channel of the AD 22 has two nonvolatile Memories,

“A” and “B”. Connecting a switch between the GND and
CH1 or CH2 terminals permits recalling the Memories
remotely. Only a change in the switch position is sensed—
when the switch closes, Memory B for the given Channel is
recalled. When the switch opens, Memory A is recalled.
Connecting the two Channel terminals (CH1 & CH2) together
on one side of the same switch, permits stereo recall of
Memories A and B.

QUICK START
Quickly look around to make sure no one catches you reading this. You’re aware this is the manual aren’t you? Wow!

Most people only get about this far in a manual, but there are a few important things you should know about the AD 22. So
please keep reading. These few points are summarized in this Cliff Note version of the manual.

ADJUSTING SENSITIVITY. First apply a signal with nominal input level and adjust the SENSITIVITY controls so
the red CLIP LEDs just light, then back off so the LEDs do not turn on, even with high signal peaks.

SETTING DELAY. Now that the input signal is calibrated, press the CHAN button until the CHAN LEDs indicate the
Channel you want to set. We cover the special case of adjusting both Channels simultaneously later (both CHAN LEDs on).
Adjust the up/down buttons until the LED display shows the desired Delay. To adjust the Delay of the other Channel press
the CHAN button until the other Channel’s LED is lit, and adjust the Delay as before.

STORING DELAY. Press the STORE button (the STORE LED stops flashing). This stores the current Delay values
into each Channel’s current Memory (A or B). The current Memory for each Channel is indicated by the MEMORY LED
lit when editing that Channel. Both Channel's current Delay values are stored with each press of the STORE button.

RECALLING DELAY. To recall a stored Memory, press RECALL. Each press of this button alternately recalls stored
Memories (A then B then A…) for the selected Channel only.

A quick way to recall Memories into both Channels simultaneously, is to store both Channel’s values into the same
Memory. With both Channels selected (both CHAN LEDs on), press RECALL to restore both Channel's Memories at the
same time.

SETTING TEMPERATURE. The AD 22 is factory set for 22°C/71.6°F. To change this, press and hold DISPLAY
MODE and press one of the up/down buttons. Use the 1ms/COARSE buttons for degrees Celsius or the 10µs/FINE buttons
for degrees Fahrenheit. The LED display shows the temperature setting. Further pressing of the up/down buttons adjusts the
temperature setting. This temperature is used, with constant 30% humidity, to calculate the speed of sound for converting
delay times into distance.

NEVER CONNECT ANYTHING EXCEPT AN APPROVED RANE POWER SUPPLY TO THE RED THING THAT
LOOKS LIKE A TELEPHONE JACK ON THE REAR OF THE UNIT. This is an AC input and requires special attention if
you do not have a power supply exactly like the one originally packed with your unit. See the full explanation of the power
supply requirements elsewhere in this manual.

Note: It is normal to hear harmless short bursts of stored data playback when recalling a memory. Also, powering up
the AD 22 without input signal eliminates chirping that may occur when scrolling delay values.

WEAR PARTS: This product contains no wear parts.
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FRONT PANEL DESCRIPTION

� SIGNAL LEDs: illuminate green 34 dB before clipping.

� SENSITIVITY controls: vary incoming signal levels to the A to D converter. The output signal is also adjusted so the AD
22B always passes signal with unity gain. (See operating instructions.)

� CLIP LEDs: illuminate red 4 dB before clipping at the A to D converter input.

� BYPASS buttons & LEDs: These momentary push buttons toggle each Channel’s hard-wired Bypass. If an LED is on, the
given Channel is Bypassed and functions like a wire. If it is off the given channel is active.

� STORE LED: flashes green when the current configuration of the AD 22B is different from the stored configuration. The
STORE  LED is off when the current configuration matches the stored configuration.

� STORE button: Stores the current Delay configuration into both Channel’s current Memory (A or B). The current Memory
for each Channel is indicated by the MEMORY LED which is lit when editing that Channel.

� MEMORY LEDs: indicate the most recently recalled Memory, A or B, for each Channel by illuminating yellow. They also
indicate the Memory that is written to when the STORE button is pressed. The MEMORY LED flashes when the current
Delay value for the selected Channel is different than the stored value for the selected Channel.

	 RECALL button: Pressing this pushbutton alternately Recalls stored Memories A and B, for the Channels(s) indicated by
the green CHAN LEDs.


 CHANNEL LEDs: indicate the Channel number whose value is currently being displayed in the LED display and whose
current Delay value is editable by illuminating green. If both CHAN LEDs are on, both Channel’s current Delay values are
editable. In this edit BOTH mode, the LED display shows the smaller of the two current Delay values and  the memory
LEDs turn off if the two Channel’s current Memories are not the same.

� CHANNEL button: Pressing this button advances the Channel LEDs from CHAN 1 to CHAN 2 to BOTH. The current
Delay value of the selected Channel is displayed in the LED display. (This button does nothing in Mono Mode.)

� DISPLAY MODE button & LEDs: This button changes the units of displayed Delay values from Milliseconds to Feet to
Meters. The LEDs indicate the current Display Mode: MILLISECONDS, FEET or METERS.

 5 digit LED display: indicates the current Delay value for the selected Channel. When both Channels are selected, the
smaller of the two Channel’s current Delay values is displayed. This display also shows the current temperature setting when
holding down the DISPLAY MODE button and pressing one of the up/down buttons. On power-up the current software
revision level and internal Stereo/Mono (2CHAN/1CHAN) configuration are displayed.

� UP/DOWN buttons: Pressing these buttons increases/decreases the amount of Delay in the selected Channel(s). The two
buttons just to the right of the LED display change Delay time in 1 millisecond steps. The far right buttons provide 10
microsecond steps. For distance displays (feet and meters), these buttons are FINE and COARSE adjustments, since Delay
increments are always in 1 msec and 10 µsec steps, regardless of the DISPLAY MODE.

� TEMPERATURE setting: Holding down DISPLAY MODE while pressing the up/down buttons displays the current
temperature setting in degrees Celsius for the 1 msec/COARSE buttons and degrees Fahrenheit for the 10 µsec/FINE
buttons. Further up/down presses change the temperature setting. No matter which unit (°C or °F), adjustments are always in
1°C steps (or 1.8°F).
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REAR PANEL DESCRIPTION

� REMOTE RECALL terminals. Wiring external configuration switches to these terminals allows remote recall of the two
nonvolatile memories for each Channel. When the switch closes, Memory B for the given Channel is recalled. When the
switch opens, Memory A is recalled. These terminals use CMOS (+5 volt) logic levels and sink only 3mA (max.) each.

� Recessed lockout switch. Enables the Front Panel Lockout mode. In this mode all front panel controls, with the exception
of the CHAN and DISPLAY MODE buttons, are disabled. The Channel button remains active so the user may view the
current Delay values without risk of changing them, and the display mode button allows display of Delay values in millisec-
onds, feet or meters. Press RECALL while in LOCKOUT to temporarily display, but not Recall, the value of the other stored
Memory for the indicated Channel. (See OPERATING INSTRUCTIONS for optional Bypass lockout mode, and MEMORY
BUTTONS on previous page.)

� INPUT/OUTPUT terminals. Nothing new here,  the AD 22 uses balanced terminal strip ins and outs. If you desire
unbalanced characteristics (like hum), you can wire the AD 22 in an unbalanced configuration (see SYSTEM CONNEC-
TION on the next page).

� POWER input connector. No this is not where Commissioner Gordon plugs in his Bat-phone, in fact it is not a telephone
jack at all. The AD 22 uses an 18 volt AC center-tapped transformer only. Use only a model RS 1, RAP 10, or other remote
AC power supply approved by Rane. The AD 22 is supplied with a remote power supply suitable for connection to this jack.
Consult the factory for replacement or substitution.

� Chassis ground point. A# 6-32 screw and toothed washer is provided for chassis ground. Since the AD 22 does not get
chassis ground through the AC cord, this point is provided in case your system does not have another earth ground such as
the rack rails. See the CHASSIS GROUNDING note below for details.

NOTES

FCC & VDE NOTICE
This equipment has been tested and found to comply

with the limits for a Class A digital device, pursuant to
Part 15 of the FCC Rules. These limits are designed to
provide reasonable protection against harmful interfer-
ence when the equipment is operated in a commercial
environment. This equipment generates, uses, and can
radiate radio frequency energy and, if not installed and
used in accordance with the instruction manual, may
cause harmful interference to radio and other communica-
tions. Operation of this equipment in a residential area is
likely to cause harmful interference in which case the user
will be required to correct the interference at their own
expense.

CHASSIS GROUNDING
If after hooking up your system it exhibits excessive

hum or buzzing, there is an incompatibility in the
grounding configuration between units. Here are some
things to try:

1. Try combinations of lifting grounds on units
supplied with ground lift switches (or links).

2. Verify all chassis are tied to a good earth ground.
3. Units with outboard power supplies like the AD 22

do not ground the chassis through the line cord. Make
sure these units are solidly grounded by tying the Chassis
Ground Point to known earth ground. Use a star washer
to guarantee proper contact.
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RECALLING DELAYS
Press the RECALL button. Each press of this button

alternately Recalls stored Memories (A then B then A…) for
the selected Channel only.

Tip: To recall Memories into both Channels simulta-
neously, store both Channel's values into the same Memory–
A or B. With both Channels selected (both CHAN LEDs on),
pressing RECALL causes both Channels to Recall the same
Memory.

REMOTE RECALLS
The rear REMOTE RECALL terminals are functionally

equivalent to the front panel RECALL button. When the
switch closes, Memory B is recalled. Memory A is recalled by
opening the switch. These terminals can not be locked out.
Only one switch at a time is read by the microcontroller.
Thus, when both Channel’s terminals are wired with a single
switch for Stereo operation, the switch/Channel that is read
last is displayed.

Tip: Note the weather forecast for your event’s time of
day. Set up Memory A’s Delay value for your stack’s distance
at one temperature, and Memory B’s value for a different
temperature. Then during the warmer part of the day, recall
Memories to suit the climate.

INTERNAL BYPASS JUMPER SETTING
Internal jumpers enable or disable the BYPASS buttons

while in Front Panel Lockout mode. The default setting of
these jumpers disables the BYPASS buttons in Front Panel
Lockout mode. (See Detail C on enclosed drawing 522-131.)

CONFIGURING FOR MONO OPERATION
Internal jumpers allow the AD 22 to be configured as a

Mono device with twice the normal Delay, 655.34 millisec-
onds. Three internal jumpers must be moved to enable Mono
mode. (See Detail D on enclosed drawing 522-131.) Do not
use Channel 2’s I/O terminal connectors in Mono mode. Only
the CHANNEL 1 Inputs and Outputs are active. The CHAN
button is disabled, since there is no need to change Channels.
Channel 2 is placed in Bypass and its BYPASS button is
disabled.

HOLE PLUGS
Once your system is properly configured, the SENSITIV-

ITY knobs can be removed and the unit secured by replacing
the knobs with the provided hole plugs. The third hole plug is
for use with the rear-mounted LOCKOUT switch.

OPERATING INSTRUCTIONS
Once you have properly connected the AD 22 to the

system, turn on the power. When the AD 22 is first powered it
displays the words “RANE” and “Ad 22”. During this time
the unit is performing initialization and diagnostics routines.
After initialization, two messages are briefly displayed. The
first is the revision level of the software installed in the unit.
The second message reports the internal Stereo/Mono
configuration,“2CHAN” for Stereo, and “1CHAN” for Mono.

The first time you power the AD 22 it is in BYPASS, and
functions like an expensive wire. This is useful for initial
trouble shooting and allows for convenient verification of
signal flow.

THE BASICS
The AD 22 is a two Channel device. Each Channel has a

current Delay value that is always active/heard. You can only
edit the current Delay values. Additionally each Channel has
two nonvolatile Memories, A and B. The current Delay values
can be stored in one of these two Memories.

SENSITIVITY SETUP
The first step is to apply signal, and adjust the SENSITIV-

ITY controls. If you know the nominal level, adjust the
control so its indicator points to that level. Otherwise, set the
SENSITIVITY control so high signal peaks just illuminate the
CLIP indicator, then back it off just a little.

ADJUSTING CURRENT DELAY VALUE:
 One Channel at a time: Press the CHAN button to select

the desired Channel. The LED display shows the current
Delay value of the selected Channel. Press the up/down
buttons until the desired Delay value is reached. That’s it!
Press the CHAN button until the other CHAN LED is lit and
edit its current Delay value.

Both Channels simultaneously: If you’ve selected both
Channels (both CHAN LEDs ON), the LED display shows
the smaller of the two Channels current Delay values.
Changing this value changes the other Channel’s value by the
same relative amount. Check the other Channel’s current
Delay value by selecting it with the CHAN button. There are
two things to be careful of at this point: The first is to pay
close attention to the CHAN LEDs that indicate the Channel
you are viewing, it cycles from CHAN 1 to CHAN 2 to both
and back again. (both always displays the lower of the two
Channels current Delay values.) The second gotcha at this
point is pressing the RECALL button. This writes over the
changes you’ve made if you have not stored them.

STORING DELAYS
Press the STORE button. The STORE LED stops flashing.

This Stores the current Delay values into each Channel's
current Memory (A or B). The current Memory for each
Channel is indicated by the MEMORY LED which is lit when
editing that Channel. Both Channel's current Delay values are
Stored with each press of the STORE button.
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Environmental Effects on the Speed of Sound*

DENNIS A. BOHN

Rane Corporation, Mukilteo, WA 98275 USA

A detailed analysis of the environmental effects of temperature and humidity on the
speed of sound is presented. An overview of the available literature reveals serious
shortcomings for practical applications. New graphs, tables, and equations present the
findings in a more useful manner for sound reinforcement “se. The results show that
tight control of temperature and humidity must accompany the popular trend of splitting
microseconds when time correcting sound systems. Failure to do so makes precise time
correction a” exercise in futility.

0 INTRODUCTION

This paper presents, expands, and clarifies the en-
vironmental effects of temperature and humidity on the
speed of sound. These effects increase the speed of
sound and complicate the task of room equalization im-
mensely— much more so than previously thought.

The dramatic effect of relative humidity on sound
absorption appears as a separate section and helps ex-
plain many mysteries involving startling changes in
room response from day to day. Even a modest change
in relative humidity of only 10% can cause an additional
35 dB per 1000 ft (300 m) of absorption.

In one sense, nothing new appears in this paper. The
major effects described and the equations presented all
exist within published books on acoustics. Some from
the Journal of the Acoustical Society of America are
45 years old. However, this does not reduce the im-
portance of this paper. It is assumed that members of
the Acoustical Society of America are familiar with
this material. Unfortunately, very few people equalizing
rooms for permanent sound systems belong to that so-
ciety. This paper is for the members of the Audio En-
gineering Society who are in the trenches every day
and need all the assistance they can get.

What is new is the table and graphic treatment of
the material. Everything known regarding the effects
of temperature and humidity on the speed of sound
appears in this new form, as does the material on sound
absorption. Experience shows tabulated and graphed
data to he more useful than equations. Practical ap-

* Presented at the 83rd Convention of the Audio Engineering
Society, New York, 1987 October 16-19.

plications require concise look-up facts.
Before presenting the detailed analyses, a question

should be answered: why bother?
This is not a facetious question. Many people realize

that sound velocity depends upon temperature, baro-
metric pressure, relative humidity, altitude, air com-
position, and so on. Only somewhere they learned that
they may ignore these effects, that they are not signif-
icant. Well, 30 years ago the author may have agreed
with you. Then we were just beginning to understand
what room response meant, much less were we able to
do anything about it. We then developed ways to view
and alter room responses. Graphic equalizers and real-
time analyzers opened up a whole new window of op-
portunity for improving playback audio.

Progress continued slowly until Richard Heyser gave
us time-delay spectrometry (TDS). Then we experienced
one of those step function jumps in our ability to view
our acoustic environment. For the first time we could
actually see what we had been dealing with all along.

Today we have a whole new army attacking room
problems with a vengeance. Racks of equalizers and
delay units arm these combatants as they wage war on
all those response peaks and valleys. Each year they
demand finer equalization tools and smaller delay in-
crements with which to continue the fight. All this is
fine. Only we must not forget mother nature. TDS-
based test equipment allows us to see far more than is
probably good for us. And there is a natural tendency
to fix something if we can see it-without regard to
relevancy.

The thesis of this paper is that tight control of tem-
perature and relative humidity must accompany the use
of very small time-delay increments to fix room response
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problems. Perhaps an example best illustrates the im-
portance of tightly controlling the environment of sound
systems.

0.1 An Example
For this example I will jump ahead and use data from

the various graphs and tables presented. I hope this
approach will encourage you to wade through the
forthcoming material. As detailed as it must be, it is
not terribly interesting. However, the results are.

This simple example does not even require diagrams.
Consider a listening spot located such that the direct
sound must travel 50 ft (15 m) to the listener. This
same spot receives one reflected arrival that travels
140 ft (42 m), say 70 ft (21 m) to a sidewall and another
70 ft (21 m) back to the listener’s ear. Ignore all other
delayed arrivals. The reflected wave arrives with some
sort of phase relationship to the direct wave. This re-
lationship is a function of the distance traveled, the
frequency involved, and the speed of sound.

Assume the room temperature was 20°C with 30%
relative humidity when measurements where taken.
Table 3 shows that the velocity of sound is 3.71%
faster than standard velocity (1087.42 ft/s). Using a
test tone of 10 kHz, calculate the following information:

Velocity of sound 1087.42 x 1.0371 =
1127.763 ft/s

Wavelength 1127.763
10 kHz

= 0.1127763 ft

Number of cycles 50
traveled for 50 ft 0.1127763 = 443.36

Number of cycles 140
traveled for 140 ft 0.1127763 = 1241.40

For purposes of this example, the only thing of interest
is the decimal fractions of a cycle. For all practical
purposes the two waves are in phase (0.36 cycle verses
0.40 cycle), that is, the delayed and attenuated reflected
wave arrives essentially in phase. So the two waves
will add. A little equalization easily corrects this bump
and the sound contractor is happy.

Until the environment changes. Assume the tem-
perature rises to 30°C with 80% relative humidity.
Consulting Table 3 shows that the velocity of sound
now is 5.9% faster than standard. The casual observer
mistakenly figures it is only a difference of 2.19%, so
there is no problem. The casual observer is wrong.

Recalculation gives the following:

Velocity of sound 1087.42 X 1.059 =
1151.578 ft/s

1151.578
10 kHz

= 0.1151578 ft

Number of cycles 5 0
traveled for 50 ft 0.1151578

= 434.19

Number of cycles 140
traveled for 140 ft 0.1151578

= 1215.72

Okay, the velocity of sound increased. This creates
a longer wavelength. So traveling the same distances

Wavelength

takes fewer cycles. Nothing too interesting yet. How-
ever, careful examination of the two decimal fractions
of a cycle reveals that they are essentially out of phase.
The difference between them is 0.53 cycle, or about
180°. Even to the casual observer this is not good. The
applied equalization is now in the wrong direction.

This example illustrates the fallacy of thinking that
you can ignore velocity changes since they affect direct
and reflected waves equally. This simply is not true.

Complicating things further is the change in absorp-
tion due to the change in relative humidity. Table 6
and Fig. 6 show a drop of 39 dB per 1000 ft (300 m)
due to the increased relative humidity (ignoring the
temperature effects of 30°C). Since the example involves
a distance of 140 ft, there is 5.46 dB less absorption.
So not only does the signal arrive out of phase, but it
is also about 5.5 dB bigger.

The point of all this is that even a small percentage
change in the speed of sound can have disastrous effects
on a sound system. Often overlooked is that the small
percentage change is for every cycle undergone by the
wave. It is a trap to think of the change as only a few
percent and dismiss it. Think of the hundreds and thou-
sands of cycles existing within any sound room. Each
one has its wavelength altered by this percentage. If a
1% change affects hundreds of cycles, it alters the
acoustics of the whole system. No wonder that all those
hours spent equalizing are sometimes in vain.

0.2 Overview

Much work lies ahead in understanding how to control
environmental effects so that room equalization, once
done, will remain satisfactory for prolonged periods.
I hope this paper succeeds in outlining the necessary
areas of study and in stimulating others to probe further.

Sec. 1 presents historical background information
to put into perspective the number of years spent in
investigating sound, its velocity, and the environmental
factors affecting it. Temperature and humidity effects
appear as Sec. 2. Following this, Sec. 3 outlines the
effect of relative humidity on sound absorption, and
finally, Sec. 4 gives a brief summary of the paper.

1 HISTORICAL BACKGROUND [1]

Investigation into the nature of sound dates back to
earliest recorded history. Indeed, ancient writings show
that Aristotle (384-322 B.C.) observed two things re-
garding sound: first that the propagation of sound in-
volved the motion of the air, and second that high notes
travel faster than low notes. (Batting 0.500 is not too
bad for the ancient leagues.)

Since in the transmission of sound air does not appear
to move, it is not surprising that other philosophers
later denied Aristotle’s view. Denials continued until
1660 when Robert Boyle in England definitely con-
cluded that air is one medium for acoustic transmission

The next question was, how fast does sound travel?
As early as 1635, Pierre Gassendi, while in Paris, made
measurements of the velocity of sound in air. His value
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was 1473 Paris feet per second. (The Paris foot is ap-
proximately equivalent to 324.8 mm.) Later Marin
Mersenne (1588 - 1648). a French natural philosopher
often referred to as the “father of acoustics,” corrected
this to 1380 Paris feet per second, or about 450 m/s.
Gassendi also demonstrated conclusively that velocity
is independent of frequency, thus forever discrediting
Aristotle’s view.

In 1656 the Italian Borelli and his colleague Viviani
made a very careful measurement and obtained 1077
Paris feet per second, or 350 m/s. It is clear that all
these values suffer from a lack of reference to the tem-
perature, humidity, and wind velocity conditions.

It was not until 1740 that the Italian Branconi showed
definitely that the velocity of sound in air increases
with temperature. This was two years after the French
gave us our first good velocity figure.

The first measurement judged precise in the modern
sense occurred under the direction of the Academy of
Sciences of Paris in 1738, where cannon fire was used.
When reduced to 0°C. the result was 332 m/s-a rather
remarkable feat considering that careful repetitions
during the rest of the eighteenth century and the first
half of the nineteenth century gave results differing
from this value by only a few meters per second. And
200 years later the best modern value [2] recorded was
331.45 ± 0.05 m/s in still, dry air under standard
conditions of temperature and pressure (0°C and 760
mm of Hg pressure)--a scant 0.5-m/s difference from
the French value.

Laplace was the first to show why temperature was
important. He suggested that in all prior calculations
errors occurred due to the assumption that the elastic
motions of the air particles take place at constant tem-
perature (isothermal law). In view of the rapidity of
the motions, he reasoned that the gas molecules ex-
perience a small change in temperature. In 1816 he
demonstrated that the compressions and rarefactions
did not follow the isothermal law, but instead follow
the adiabatic law in which the changes in temperature
lead to a higher value of the elasticity. (Adiabatic re-
fers to change in which there is no gain or loss of
heat.)

Elasticity is the product of the pressure and the ratio
of the two specific heats of the air. The ratio of the
specific heats is symbolized by the lowercase Greek
letter gamma. Laplace originally used results by
LaRoche and Berard giving ??= 1.50. His results were
off from the measured velocity, but not enough to dis-
courage the theory. Later in his chapter on the velocity
of sound in his Mécanique Céleste in 1825 he used the
accurately measured value of ??= 1.35 by Clement
and Desormes (1819). The revised calculations agreed
very closely with experimental results. Some years later
the revised value of ??= 1.40 led to complete agreement
with the measured velocity.

The Laplace theory is so well established that it is
now common practice to work backward to determine
??for various gases by precise measurements of the
velocity of sound in the medium.

2 TEMPERATURE AND HUMIDITY EFFECTS
ON THE SPEED OF SOUND

2.1 Introduction
This section presents the equations governing the

temperature and humidity dependence of the speed of
sound. All data are based on results published in the
CRC Handbook of Chemistry and Physics [3] and in
Hardy, Telefair, and Pielemeier’s definitive paper [2].

2.2 General Equations
The theoretical expression for the speed of sound c

in an ideal gas is

where P is the ambient pressure, p the gas density, and
??the ratio of the specific heat of gas at constant pressure
to that at constant volume.

The term ??is dependent upon the number of degrees
of freedom of the gaseous molecule. The number of
degrees of freedom depends upon the complexity of
the molecule,

??= 1.67 for monatomic molecules
??= 1.40 for diatomic molecules
??= 1.33 for triatomic molecules.

Since air is composed primarily of diatomic mol-
ecules, the speed of sound in air is

c = 1087.42 ± 0.16 ft/s

for audio frequencies, at 0°C and 1 atm (760 mm Hg)
with 0.03 mol-% of carbon dioxide.

c = 331.45 ± 0.05 m/s

or

The velocity of sound c in dry air has the following
experimentally verified values:

2.3 Temperature Dependence
Substituting the equation of state of air of an ideal

gas (PV = RT) and the definition of density p (mass
per unit volume), Eq. (2) may be written as

Eq. (5) reveals the temperature dependence and
pressure independence of the speed of sound. An in-
crease in pressure results in an equal increase in density.

where R is the universal gas constant, T the absolute
temperature, and M the mean molecular weight of the
gas at sea level.
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Since R and M are constants, the speed of sound may
be shown to have a first-order dependence on temper-
ature as follows:

Therefore there is no change in velocity due to a change
in pressure. But this is true only if the temperature
remains constant. Temperature changes cause density
changes which do not affect pressure. Thus density is
not a two-way street. Changes in pressure affect density
but not vice versa. Humidity also affects density, caus-
ing changes in the velocity of sound. These effects are
discussed in the next section.

PAPERS

The specific-heat ratio ??can be expressed as an exact
fraction by letting d equal the number of excited degrees
of freedom for the air molecules. This gives

Eq. (5) is exact for dry air. Two terms must be mod-
ified to include accurately the effects of moisture (water
vapor) on the speed of sound. These are the specific-
heat ratio (1.4 for dry air) and M, the average molecular
weight of the different types of molecules in the air.
Development of each of these terms follows. The terms
R (universal gas constant) and T (absolute temperature)
remain unchanged.

The literature is painfully lacking in practical specific
treatments on the correlation between relative humidity
and sound speed. Hardy et al. warn of the many inexact
expressions existing in the textbooks, handbooks, and
tables for the change in sound speed due to moisture.
A rigorous analysis does exist in Pierce [4] and is used
to develop a useful and accurate graph and table directly
relating relative humidity to the percentage increase
in the speed of sound.

speed of sound. Moisture also causes the specific-heat
ratio to decrease, which would cause the speed of sound
to decrease. However, the decrease in density domi-
nates, so the speed of sound increases with increasing
moisture.

The speed of sound is seen to increase as the square
root of the absolute temperature. Substituting centigrade
conversion factors and the reference speed of sound
gives

where T is the temperature in kelvins and C0 equals
the reference speed of sound under defined conditions.

or

where t is the temperature in degrees Celsius.
Graphs of Eqs. (7) and (8) are shown in Figs. 1 and

2, respectively. Table 1 tabulates results for Eqs. (7)
and (8). A more useful presentation of these data is
shown in Fig. 3, which graphs the percentage increase
in the speed of sound due to temperature.

2.4 Humidity Dependence
All previous discussion assumed dry air. Attention

turns now to the effects of moisture on the speed of
sound. Moisture affects the density of air and hence,
from Eq. (1). the speed of sound in air. Moist air is
less dense than dry air (not particularly obvious), sop
in Eq. (1) gets smaller. This causes an increase in the

Fig. 1. Speed of Sound in m/s versus temperature.

If h is defined to he equal to the fraction of molecules
that are water, then the presence of water (with 6 degrees
of freedom) causes the average number of degrees of
freedom per molecule to increase to 5 + h. Eq. (9) can
now be rewritten to include the effects of moisture for
air as

Since the composition of dry air is mostly two atom
molecules, it is said to be a diatomic gas. Diatomic
gases have 5 degrees of freedom, three translational
and two rotational; thus d = 5 and ??= %, or 1.40,
for dry air.

[It is noted that Eq. (10) is an alternative but equivalent

Fig. 2. Speed of sound in ft/s versus temperature.
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expression to Humphreys’s equation as used in ther-
modynamics.]

The average molecular weight of air decreases with
added moisture. To see this, M is calculated first for
dry air. Dry air composition is

78% nitrogen (molecular weight = 28)
21% oxygen (molecular weight = 32)
1% argon (molecular weight = 40)

for a total molecular weight equal to

M = (0.78)(28) + (0.21)(32) + (0.01)(40) = 29

The presence of water (with a molecular weight of 18)
causes the total average molecular weight to decrease
to 29 – (29 – 18) h, or

M W  :=  29  –  l l  h (11)

Eqs. (10) and (11) modify the two terms from Eq.
(5) affected by the addition of water vapor to air. Both
are a function of the introduced water molecule fraction

Table 1. Velocity of sound in dry air versus temperature.

Temperature
(“C)(°C)

TemperatureTemperature
(“F)(°F)

VelocityVelocity VelocityVelocity
(m/s)(m/s) (ft/s)(ft/s)

h. Relative humidity RH (expressed as a percentage)
is defined such that

where p equals ambient pressure (1.013 X l05 Pa for
1 atm reference pressure) and e(t) is the vapor pressure
of water at temperature t. For temperature values in
degrees Celsius, representative values of e(t) are

e (5) = 872 Pa e (20) = 2338 Pa
e (l0) = 1228 Pa e (30) = 4243 Pa
e (l5) = 1705 Pa e (40) = 7376 Pa

To express the percentage increase in the speed of sound
due to relative humidity all that remains is to take the
ratio of the wet and dry speeds, subtract 1, and multiply
by 100. Since both wet and dry speed terms involve
the same constant terms (R and T), their ratio will
cause these to cancel, leaving

Subtracting 1 and multiplying by 100 yields

– 100

Eq. (14) is plotted in Fig. 4 as a function of relative
humidity for six temperature values. Fig. 4 shows the
percentage increase in sound speed due to relative hu-
midity only; the temperature values are for accurately
specifying the relative humidity. Table 2 gives cal-
culated results for Eq. (14).

Fig. 3. Temperature versus percentage change in speed of
sound (re 0°C) in dry air.
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2.5 Combined Effects of Temperature 
and Relative Humidity 

The results graphed in Figs. 3 and 4,  and also tab- 
ulated in Tables 1 and 2, can be added together to show 
the combined effects of temperature and relative hu- 
midity on the speed of sound. Doing so produces Table 
3. Here the total percentage increase in sound speed 
is tabulated for easy reference. 

3 EFFECT OF RELATIVE HUMIDITY 
ON THE ABSORPTION OF SOUND IN AIR 

3.1 Introduction 
To a certain degree everything absorbs sound, es- 

pecially air. Wet air absorbs sound better than dry air. 
This section presents the latest findings on the absorption 

t=40 °C
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RELATIVE HUMIDITY IN PERCENT 

Fig. 4.  Relative humidity versus percentage change in speed 
of sound as a function of temperature. 

of sound in air. The data are summarized in tables and 
graphs to highlight the effect of changing relative hu- 
midity on air absorption. 

3.2 Air Absorption 
Sound propagates through air as a wave in an elastic 

medium. Since air is not a perfectly elastic medium, 
this pulsating action causes several complex irreversible 
processes to occur. The wave action of air causes minute 
turbulence of the air molecules through which it passes. 
Each affected molecule robs the wave of some of its 
energy until eventually the wave dies completely. If 
this were not so, every sound generated would travel 
forever and we would live within a sonic shell of ca- 
cophony. 

Absorption works with divergence. Divergence of 
sound causes a reduction in the sound intensity due to 
spreading of the wave throughout the medium. The 
sound pressure level will decrease 6 dB for each dou- 
bling of the distance, that is, it is inversely proportional 
to the square of the distance. This well-known fact 
occurs simultaneously with absorption. Absorption 
describes the energy-exchanging mechanism occurring 
during divergence. So not only is the wave spreading, 
it is also dying. 

3.3 Air Absorption Mathematics 
The strict confines of the ideal fluid-dynamic equa- 

tions cannot explain the attenuation of sound. Theo- 
retical predictions must include bulk viscosity, thermal 
conduction, and molecular relaxation for agreement 
with measured results. Conservation of mass, entropy 
for the gas, and molecular vibrations all enter into the 
thermodynamic equilibrium equations. To truly un- 
derstand all the mechanisms of sound absorption in air, 
the interested reader must be ready to study molecular 

Table 2.  Percentage increase in speed of sound (re 0 °C) due to moisture in air only. Temperature effects not included 
except as they pertain to humidity. 

Temperature Relative humidity (%) 
(°C) 10 20 30 40 50 60 70 80 90 100 

5 0.014 0.028 0.042 0.056 0.070 0.083 0.097 0.111 0.125 0.139 
10 0.020 0.039 0.059 0.078 0.098 0.118 0.137 0.157 0.176 0.196 
15 0.027 0.054 0.082 0.109 0.136 0.163 0.191 0.218 0.245 0.273 
20 0.037 0.075 0.112 0.149 0.187 0.224 0.262 0.299 0.337 0.375 
30 0.068 0.135 0.203 0.272 0.340 0.408 0.477 0.546 0.615 0.684 
40 0.118 0.236 0.355 0.474 0.594 0.714 0.835 0.957 1.08 1.20 

Table 3.  Total percentage increase in speed of sound (re 0 °C) due to 
temperature and humidity combined. 

Relative humidity (%)  Temperature  
(°C) 0 30 40 50 80 100 

5 0.91 0.952 0.966 0.980 1.02 1.05 
10 1.81 1.87 1.89 1.91 1.97 2.01 
15 2.71 2.79 2.82 2.85 2.93 2.98 
20 3.60 3.71 3.75 3.79 3.90 3.98 
30 5.35 5.55 5.62 5.69 5.90 6.03 
40 7.07 7.43 7.54 7.66 8.03 8.27 
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Fortunately a simplified, yet accurate, alternate path
exists. All of the above effects will combine into a
term labeled total attenuation coefficient and designated
by the letter m. This term is frequency, temperature,
and humidity dependent [5]. For the case of a plane
traveling wave, the following relationship holds [6]:

kinetics, vibrational relaxation processes, and Navier-
Stokes equations, and must know what a Laplacian is.
Complete linear acoustic equations are not for the fain-
thearted. The mathematically courageous should refer
to Pierce [4], where a painstakingly rigorous presen-
tation is available.

P = P 0e –mx/2

where P 0 is the pressure amplitude at distance x = 0,

Fig. 5. Total attenuation coefficient m versus relative humidity
for air at 20°C (68°F) as a function of frequency. From [7,
p. 148].

Use Eq. (15) to obtain a direct expression relating
loss in sound pressure level due to absorption. Dividing
both sides by the reference pressure gives the ratio of
the two pressures. Multiplying 20 times the log of both
sides gives the sound pressure level (SPL) in decibels.
Substituting a reference distance of 1000 ft (300 m)
yields

m is the total attenuation coefficient, and P is the pres-
sure amplitude at distance x. Fig. 5 shows values of
the total attenuation coefficient m versus relative hu-
midity for air at 20°C and normal atmospheric pressure
for frequencies between 2 and 12.5 kHz [7].

SPL loss in dB/l000 ft = 20 log e –500m

where m derives from Fig. 5. Eq. (16) is accurate to
within 1 or 2 dB per 1000 ft (300 m) compared with
experimental results.

3.4 Experimental Results
An extensive compilation of sound absorption values

versus relative humidity exists in Evans and Bass [8].
An abstract of this report appears in [3, pp. E-45 to E-
48]. A summary of the most relevant frequencies for
sound reinforcement is given in Tables 4 and 5.

Note that the first column gives the absorption figures
for dry air. By subtracting out the dry air figures, new
tables result which show only the increase in sound
absorption due to relative humidity (Tables 6 and 7).
Figs. 6 and 7 graph the information in Tables 6 and 7
to show the overall shape of the absorption curves.
Comparison with Fig. 5 shows the expected similarity
of curve shapes. (Figs. 6 and 7 are straight-line ap-
proximations to the continuous curve for the points
given in Tables 6 and 7. Many more points would be
necessary to show the smooth shape accurately.)

Table 4. Total sound absorption in dB/l000 ft (300 m) versus relative humidity as a function of frequency at 20°C (68°F).

Frequency
(kHz)

Relative humidity (%)
0 10 20 3 0 4 0 50 6 0 7 0 80 90 100

2
4

1.26 11.7 5.31 3.33 2.54 2.18 2.00 1.92 1.89 1.89 1.92
2.70 31.0 19.0 11.9 8.52 6.75 5.71 5.06 4.63 4.34 4.14

6.3 4.54 47.1 41.2 27.6 20.0 15.6 13.0 11.2 9.98 9.10 8.45
10 8.01 61.6 79.7 62.5 47.4 37.5 31.0 26.6 23.5 21.1 19.4
12.5 10.9 68.1 103 89.7 70.9 57.0 47.5 40.8 35.9 32.3 29.5
16
20

15.9 76.2 130 129 108 89.6 75.5 65.2 57.6 51.8 47.2
23.0 85.6 156 172 155 133 114 99.4 88.1 79.4 72.5

Table 5. Total sound absorption in dB/km versus relative humidity as a function of frequency at 20°C (68°F).

Relative humidity (%)
4 0 50 60 7 0 80 90 1003 02 0100

Frequency
(kHz)
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3.5 Observations
Several important observations result from an ex-

amination of Figs. 6 and 7, the most obvious being
that there is a critical range of relative humidity oc-
curring between 10 and 40%. Within this range, the
increase in sound absorption is greatest. This range
also represents the most common relative humidity en-
countered. The steepness of the curves about this critical
range with their rapid rate of change is very startling.
Just a 10% change in relative humidity, from 10 to
20% for instance, at a frequency of 12.5 kHz results
in an additional 35 dB per 1000 ft (300 m) of absorption.
1000 ft (300 m) may seem excessive, but that is an
additional 3.5 dB per 100 ft (30 m), which could alter
the acoustic response significantly. It could be the dif-

Fig. 6. Sound absorption increase in dB/l000 ft (300 m)
versus relative humidity as a function of frequency at 20°C
(68°F).

PAPERS

This same increase in absorption will also cause a
substantial decrease in reverberation time in auditoriums
where surface absorption is low [9]. For very large
halls with highly reflecting surfaces, air absorption at
high frequencies can be the dominant phenomenon,
and the change in absorption due to relative humidity
can be the dominant factor determining whether a con-
cert is spectacular or dull.

For frequencies below 2 kHz, sound absorption due
to relative humidity is not significant and is ignored.
For room sizes less than about 200,000 ft3 (5400 m3)

ference between two identical concerts, where one
sparkles and has more brilliance than the other. Yet
the same orchestra performed them in the same hall
with the same exuberance and skill-only the weather
was different.

Fig. 7. Sound absorption increase in dB/km versus relative
humidity as a function of frequency at 20°C (68°F).

Table 6. Increase in sound absorption in dB/l000 ft (300 m) due to relative humidity as a function of frequency
at 20°C (68°F).

Relative humidity (%)
4 0 5 0 60 7 0 80 90 100302 0105

Frequency
(kHz)

Table 7. Increase in sound absorption in dB/km due to relative humidity as a function of frequency at 20°C (68°F).

Frequency
(kHz) 5 10 2 0 30

Relative humidity (%)
4 0 50 60 7 0 80 9 0 100
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such as 100 by 100 by 20 ft (30 by 30 by 6 m)] sound
absorption will not appreciably affect the direct sound.
On the other hand, reflected sound covering great dis-
tances is affected, even in smaller rooms, that is, the
reverberant sound field is more vulnerable than the
direct sound field due to the distances involved.

4 SUMMARY

Environmental effects change the velocity and the
absorption of sound in air. Even seemingly small per-
centage changes may cause serious listening problems
in enclosed acoustic spaces. If room alignments down
to tenths of an inch are to be meaningful, temperature
and humidity should be controlled tightly.

Fractional changes in the wavelengths of frequencies
traveling thousands of cycles can easily result in 180°
phase reversal upon arrival. No matter how small the
change in the temperature, no matter how slight the
humidity shift, the waves arrive shifted in phase and
the resultant combination differs from the original. It
will not be the way it was when the room was equalized.
Not only will the waves’ phase be shifted, but for higher
frequencies their magnitudes will be different due to
the changes in absorption.

Much time is spent developing and using incremental
time-delay devices to correct pictures shown by TDS
instrumentation. An equal time spent in understanding
and controlling the effects presented here is now re-
quired. The use of time-delay tools is valid, but re-
member, the implicit assumption being made is that
the speed of sound does not change. Without rigid en-

vironmental controls this is a false assumption.
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